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At lower left, ARRL Field Services Manager Rick Palm, K1CE, 
operates CW at W1AW. That’s an ATV picture on the computer 
monitor. At upper left is Dave Hershberger’s (W9GR) latest DSP 
audio filter. The project appears in the Filters chapter. At top 
center is a ground-track screen image from WiSP, a satellite 
tracking program available from AMSAT. (See the Address List 
in the References chapter for contact information.) At upper 
right is Wayne Burdick's (N6KR) NorCal Sierra low-power, 
multiband transceiver. The transceiver changes bands by 
means of plug-in modules. One module is in place, and two 
others are close by. Construction information is in the Trans- 
ceivers chapter. 

The page inside the back cover tells how to get started with 
the Handbook companion disk. 
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If you have a '95 Handbook, you know it’s a tough act to follow. Well, this '06 edition 
does a great job! This year we set our sights on projects and brought home some real prizes: 

a 2-m brick amplifier, a multiband QRP transceiver, new keyers and many others. Whether 
your interest is Power Supplies, Amplifiers, 2-m HTS, Satellites, QRP or Contesting, it's 
covered here! Let's look at a few highlights: 

Amplifiers—'96 is the year for 2-m amplifiers: A new "brick" boosts an HT to 25 or 50 W 
(builder's choice), and a 3CX1200Z7 provides 1.2 kW after only 10 seconds of warm up. 
Now that's talk power! 

Station Accessories—An audio break-out box feeds several accessories from a single 
source. 12-V distribution boxes simplify power hook ups for station (and mobile) accessories. 
Use the RF Sniffer to help track down sources of RF. Build an audio meter display for both 
vision impaired and sighted hams. Tips tell how to transport HTs conveniently. Keyers for 
all! There's an updated Uncle Al's keyer that reads CW too, two more based on the Curtis 
8044ABM IC, and a CW send and receive system for IBM compatible computers. 

Satellites—Learn more about plans for the new Phase 3D bird. Build a "Junk Box" Satel- 
lite Receiver or a Mode-S Receive Converter. 

Transceivers—Check out the new multiband QRP transceiver from Wayne Burdick, 
N6KR, and the NorCal QRP club: The Sierra can operate from 160 through 10 m with plug-in 
band modules. There's also a VLF transceiver (no license required!) and a QRP transmitter 
built from a single IC. 

Filters—A new DSP filter from Dave Hershberger, W9GR, provides 18 different modes, 
including DTMF and CTCSS tone decoding. 

I hope you enjoy this newest Handbook. Planning is already underway for the 1997 edi- 
tion, so please let us know what you would like to see in future Handbooks. It’s our goal to 
produce Handbooks that appeal to hams like you! 


David Sumner, K1ZZ 
Executive Vice President 


Newington, Connecticut 
October 1995 


A lot of things changed in 1995. If you don’t already have that edition, it may take a while 
to become familiar with the new layout. Here are answers to some questions that may arise: 
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Where are the etching patterns: ? 


They are no longer i in the book. When you visi to build a project, simply write, phone, 
fax or e-mail a request to the Technical Department Secretary at ARRL HQ. We will send you 
the pattern by mail. This provides you with better quality patterns and all available updates 
and corrections when you set out to build a project. It tells us which projects are most popu- 
lar, so we can bring you more projects of that sort. _ 


Why so bold? 

_ First references to figures and tables appear in boldface type. When you see a figure or 
table that interests you, scan the text fer the bold reference and you can quickly spot the 
discussion you seek. : 


What is in References ? 

The References chapter is a central location for much of the Handbook information that is 
used regularly: filter design tables, schematic symbols, abbreviations, international call-sign 
prefixes, frequency charts and so on. The Component Data chapter retains information that 
relates directly to components, but some elements (SWR tables, aluminum alloy table, Parts 
.. Suppliers List) that do not relate directly to parts have moved to References. 

The new Address List will be particularly helpful. There you will find contact infomation 
for all suppliers (not only parts suppliers) mentioned in this book.. 


What if I find a mistake? 


Please let us know about updates and corrections. The feedback form at the back of this 
book is a convenient way. to do this—or just drop a note to the Handbook Editor at ARRL 
| Headquarters. 


73, 


Robert Schetgen, KU7G 
ARRL Handbook Editor 
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illfae»Amateur's Code 


The Radio Amateur is: 


CONSIDERATE...never knowingly operates in such a way as to lessen the 
pleasure of others. 


LOYAL...offers loyalty, encouragement and support to other amateurs, local clubs, 
and the American Radio Relay League, through which Amateur Radio in the United 
States is represented nationally and internationally. 


PROGRESSIVE...with knowledge abreast of science, a well-built and efficient 
station and operation above reproach. 


FRIENDLY...slow and patient operating when requested; friendly advice and 
counsel to the beginner; kindly assistance, cooperation and consideration for the 
interests of others. These are the hallmarks of the amateur spirit. 


BALANCED...radio is an avocation, never interfering with duties owed to family, 
job, school or community. 


PATRIOTIC...station and skill always ready for service to country and community. 


—The original Amateur's Code was written by Paul M. Segal, W9EEA, in 1928. 
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What is 


eople who pursue the hobby of 
using a personal radio station to 
communicate, purely for non- 


commercial purposes, with other radio 
hobbyists call it ham radio or Amateur 
Radio. They call themselves Amateur 
Radio operators, ham radio operators or 
just plain “hams.” 

You already know a little about the 
hobby—hams communicate with other 
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hams, around the block, on a distant con- 
tinent—or from an orbiting space station! 
Some talk via computers, others prefer to 
use regular voice communications, and 
some use the efficient and enjoyable 19th 
century technology known as Morse code. 
Some hams help save people’s lives by 
handling emergency communications fol- 
lowing a natural disaster or other emer- 
gency. Some become close friends with 
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d unbeatable combination. 
cw Hams use computers to 
XN, enhance thelr operating 
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putting together a simple 


antenna for the amateur high- 
frequency (HF) bands. Beams 
and verticals are the most 
popular types of antennas for 
Ñ the very-high frequency (VHF) 
* and ultra-high frequency 
(UHF) bands. (photo courtesy 


Many hams can repair and 
modify their own equipment. 
(photo courtesy N4PDY) 


Computers. and ham radio: an 


enjoyment in any number of 
ways. (photo сойдогу WOAIH) 


A young scout enjoys his first 
\ taste of ham radio. (photo 
N 


mate eur Radio? 


the people they talk to on the other side of 
the globe—then make it a point to meet 
one or more of them in person. Some can 
take a bag full of electrical parts and turn 
it into a station accessory.that improves 


their station’s reception’ of distant radio 


signals. 

This chapter, ty Rosalie White, 
WAISTO, covers the basics—what hams 
do, and how they do it. 
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HOBBY OF DIVERSITIES 


You can’t imagine all of the unusual, 
interesting things you can do as an 
Amateur Radio operator. What types of 
people will you meet as a ham? If you walk 
down a city street, you’ll pass men and 
women, girls and boys, and people of all 
ages, ethnic backgrounds and physical 
abilities. They’re office workers and stu- 
dents, nurses and mail carriers, engineers 
and truck drivers, housewives and bank- 
ers. Any of them might be a ham you will 
meet tonight on your radio. 

If you drive your car on the interstate 
this weekend, you’ll see people on their 
way to a state park, a scout camp, a con- 
vention, an airport or a computer show. 
The young couple going to the park to hike 
for the day have their hand-held ham 
radio transceivers in their backpacks. 
When they stop on a scenic hilltop for a 
rest, they'll pull out their radios and see 
how far away they can communicate with 
the radio's 3 watts of power. And, the ra- 
dios will be handy just in case they break 
down on the road or lose the hiking trail. 

The father and son on their way to scout 
camp will soon be canoeing with their 
scout troop. After setting up camp, they'll 
get out a portable radio, throw a wire an- 
tenna over a branch, and get on the air. 
Aside from the enjoyment of talking with 
other hams from their campsite, their 
radios give them the security of having 
reliable communications with the outside 
world, in case of emergency. 

The family driving to the ham radio 
convention will spend the day talking 
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with their ham friends, including two 
they’ve never met but know quite well 
from talking to them on the air every week. 
They will also look at new and used radio 
equipment, listen to a speaker talk about 
the latest ways computers can be used to 
operate on the Amateur Radio bands, and 
enjoy a banquet talk by a NASA astronaut 
who is also a ham radio operator. 

The couple on the way to the airport to 
take a pleasure flight in their small plane 
have packed their hand-held ham radios 
in their flight bags. Once they’ re airborne, 
they'll contact hams on the ground all 
along their flight path. Up at 5,000 feet, 
they can receive and transmit over much 
greater distances than they can from the 
ground. Those they contact will enjoy the 
novelty of talking to hams in a plane. The 
radios are an idea! means of backup com- 
munications, too. 

The two friends on their way to the com- 
puter show are discussing the best inter- 
face to use between their computers and 
their ham radios for a mode of operating 
called packet radio. They're looking for- 
ward to seeing a number of their ham 
friends who are also into computers. 

What other exciting things can you look 
forward to on the ham bands? You might 
catch yourself excitedly calling (along 
with 50 other hams) a Russian cosmonaut 
in space or a sailor on the Coast Guard's 
tall ship Eagle. You could be linked via 
packet radio with an Alaskan sled-dog 
driver, a rock star, a US legislator, a major 
league baseball player, a ham operating 
the Amateur Radio station aboard the 
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ocean liner Queen Mary, an active-duty 
soldier, a king—or someone who is build- 
ing the same power supply that you are 
from a design in this ARRL Handbook. 

On the other hand, a relaxing evening at 
home could find you in a friendly radio 
conversation with a ham in Frankfort, 
Kentucky, or Frankfurt, Germany. Unlike 
any other hobby, Amateur Radio knows 
no country boundaries and brings the 
world together as good friends. 


People who don't 
AM Types get around as much 
of as they'd like to, find 
the world of Amateur 
Radio a rewarding 
place to make friends 
— around the block 
or around the globe. Many hams 
with and without certain physical 
abilities belong to the HANDI-HAM 
System, an international organiza- 
tion of radio amateurs who bring 
ham radio to all individuals. HANDI- 
HAM members live in every state 
and many countries around the 
world, and are ready to help in 
whatever manner they can. The 
HANDI-HAM System provides study 
materials and aids for persons with 
physical disabilities. Local HANDI- 
HAMs will assist you with studies at 
home. Once you receive your 
license, the Courage HANDI-HAM 
System may lend you basic radio 
equipment to get you started on the 
air. 


Physical 
Abilities 
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This QSL card (a postcard that serves as a confirmation of a ham radio contact) is from the ham station aboard a tourist 
attraction in Long Beach harbor — the ocean liner Queen Mary. 
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Although talking with astronauts isn’t 
exactly an everyday ham radio occurrence, 
more and more hams are doing just that, as 
many NASA astronauts are ham radio 
operators. And the Russian space station 
Mir almost always has a cosmonaut-ham 
onboard who enjoys chatting with ground- 
based hams. 


TECH OR NOVICE: IT’S YOUR 
CHOICE 


When you’re ready to start, you can 
choose whether or not you want to earn an 
Amateur Radio license that requires 
knowledge of the Morse code. Most be- 
ginners start with either the Novice or the 
Technician license. 

The one with a Morse code require- 
ment, the Novice, offers communications 
with the world, some using voice modes 
but the majority via Morse code. You'll 
also be able to talk on some ham frequen- 
cies that cover short distances. 

With a Technician license, you have use 
of many frequency bands, including the 
popular VHF 2-meter band. Technicians 
can also use the nationwide network of 
Amateur Radio repeaters that extend the 
distances covered by hand-held and mo- 
bile VHF and UHF radios. Technicians 
also communicate through satellites or 
packet radio networks. 

To earn the Novice license, you'll pass 
anexamination that covers rules and regu- 
lations that govern the airwaves, operat- 
ing procedures and basic electricity plus a 
Morse code test at 5 words per minute. 
You can study all of the questions that 
could possibly be on the written examina- 
tion from available study guides such as 
those offered by the American Radio 
Relay League. 

To earn the Technician license, you'll 
pass the Novice written exam plus an 
exam that covers rules and regulations, 
operating procedures and a bit more elec- 
trical theory. There is no Morse code exam 
forthe Technician license. The Technician 
Plus license, earned by passing the Novice 
and Technician written tests as well as the 
5-wpm Morse code test, allows operation 
on the VHF and UHF bands as well as the 
Novice HF bands. 


WHAT'S IN A CALL SIGN? 


When you earn your Amateur Radio 
license, you receive a unique call sign. 
Many hams are known by their call signs 
(and not necessarily by their names!). All 
hams get a call sign, a set of letters and 
numbers, assigned to them by the Federal 


sion to operate your Amateur Radio sta- 
tion on the air. US call signs begin with 
W,K, Nor A, with some combination of 
letters and numbers that follow. You can 
tell what country issued a ham's call sign 
by the prefix—the letters before the num- 
ber. In addition, the number in the middle 
of the call sign indicates the location 
within the country. In the US, for example, 
call signs that have a 9 in them indicate 
that the ham lived in the Midwest when 
the license was issued, and call signs with 
the number 1 indicate New England. 


HAM RADIO ACTION 


Amateur Radio and public service go 
together. On a warm early-summer week- 
end, hams can be found directing radio 
communications in the aftermath of a 
train derailment—a simulated one, that 
is—to help prepare for a real emergency. 
Others provide radio communications for 
a walk-a-thon. Still others hone their com- 
munications skills by setting up a station 
outdoors, away from electrical power. 
This largest public-service-related ham 
activity is called Field Day. 


Biking and Cruising 

Hams even operate their radios while 
riding on bicycle treks. They easily carry 
their lightweight hand-held radios in their 
packs, and can pull them out quickly, if 
needed. Or if they're really serious they 
pull along a small trailer with a sleeping 
bag, food and water supplies and a ham 
radio that they can set up in the evenings. 

Ham radio manufacturers have begun 
offering hams adventures on ships that 
sail in the picturesque Caribbean. They set 


If you know any 
hams, they've 
probably talked 
about Field Day. On 
the fourth full 
weekend each June, 
amateurs from all over the US and 
Canada, and in other parts of the 
world as well, take their equipment 
into the great outdoors to operate 
away from power mains. The idea is 
to practice setting up and operating 
under emergency conditions. 
Participants set up efficient tempo- 
rary stations and contact as many 
other Field Day participants as 
possible. Although it is a practice 
effort for future serious situations, 
Field Day is, above all, fun; you 
can't help but enjoy the challenge of 
working cooperatively with your 
group to compete against perhaps 
100,000 other hams who are also 
braving the elements to attain the 
same goal! 


Field Day: 
Ham 
Radio 
Alfresco 


Field Day is a disaster-prepared- 
ness exercise that's fun for all 
ages. (photo courtesy KD1AP) 


Communications Commission (FCC). No 
one else "owns" your call sign—it's 
unique. Your Amateur Radio license with 
your unique call sign gives you permis- 


This ham operated a contest while on 
a family vacation in the Bahamas. 
Hams often enjoy operating while on 
vacations or business trips. 


Hand-held radios are ideal for all 
outdoor activities. This one is so small 
it's almost hidden in the operator's 
hand. (photo courtesy KB9HKB) 
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up radio stations for you to operate at vari- 
ous exotic ports on these expeditions. You 
get to operate the radios, relax luxuriously 
on the open seas, meet new friends from 
all over the globe and see new places. Al- 
though not all trips to exotic locales to 
operate ham radio stations, which hams 
call DXpeditions, are this glamorous, 
many hams enjoy activating a rare country 
to provide contacts for their fellow hams 
around the world. | 


Nets: Scheduled Get-Togethers 


If you'd like to find other hams with 
vocational or avocational interests like 
yours (such as chess, gardening, rock 
climbing, railroads, computer program- 
ming or teaching), you'll soon learn about 
nets. À net forms when hams with similar 
interests get together on the air on a regu- 
lar schedule. You can find your special 
interest—from the Armenian Amateur 
Radio and Traffic Net to the Zenith 
National Net—listed in The ARRL Net 
Directory published annually. 


Awards and Contests: Competitive 
Fun 


If you're competitive by nature, you'll 
want to explore ham radio awards and 
contests. These activities recognize your 
ability to contact other hams under pub- 
lished guidelines. In the ARRL DX Con- 
test, for example, you'll try to contact as 
many DX (foreign) stations as possible 
over a weekend. Experienced hams with 
top-notch stations have worked more than 
100 different countries during a single 
DX Contest weekend! 


These Japanese hams are operating a 
contest. Ham radio contests provide a 
chance to test your station's efficiency 
and your operating skill against those 
of other participants. 
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Awards you can earn include Worked 
All States, earned by communicating with 
a ham in every US state, Worked All VE, 
earned by contacting hams in every 
Canadian province and the DX Century 
Club, for working stations in 100 or more 
different countries. 

In an outdoor orienteering competition, 
*fox-hunters" (also called "bunny-hunt- 
ers") track and locate hidden transmitters 
by car or on foot. This activity also has its 


The first ham 
radio operator to 
cooperate in an 
expedition was 
League member 
Don Mix, 1TS. 
With his radio equipment in tow, he 
accompanied Donald B. MacMillan 
to the Arctic on the schooner 
Bowdoin in 1923. In subsequent 
years, hams assisted with perhaps 
200 other voyages and expeditions. 

This tradition continues to this 
day. In 1988, members of a joint 
Soviet/Canadian expedition crossed 
the North Pole on skis. Amateur 
Radio operators provided daily 
communications, and the OSCAR 11 
satellite's "talking" computer relayed 
position information to the expedition 
every 100 minutes. In 1993, hams 
tracked the progress and break- 
downs of solar vehicles in "Sunrayce 
'93," during which solar-powered 
cars raced from Texas to Minnesota. 


Support 
for 
Expeditions 


Joanne, KA1SIP, of West Hartford, 
Connecticut, operates a mode called 
packet radio through a Japanese ham 
radio satellite. (photo courtesy K1CE) 


serious side: Skills learned in tracking the 
*fox" come in handy when there's a sus- 
pected pirate (unlicensed station) in the 
neighborhood. 


QRP: Talk to the World with 
5 Watts of Power 


For a real challenge, try operating QRP 
— using low-power. Some enjoy operat- 
ing with only 1 watt, oreven less. It's cer- 
tainly a challenge, but with decent anten- 
nas and skillful operating, QRP en- 
thusiasts can be heard around the world. 
One of the best reasons for operating QRP 
is that equipment is lightweight, inexpen- 
sive and easy to build. Some hams use 
nothing but *home-brew" equipment. 


Unusual Modes 


If computers are your favorite aspect of 
today's technology, you'll soon discover 
that you can connect your computer and 
ham radio equipment and operate on such 
digital modes as packet radio and AMTOR. 
With packet, you can leave messages that 
other packet enthusiasts will pick up and 
answer later. One popular packet activity 
is the DX PacketCluster, which allows 
hams to get real-time information about 
where and when rare foreign stations 
can be found on the bands. Another is 
satellites: A series of packet radio satel- 
lites provides long-distance computer- 
based communications with low power. 
AMTOR is a popular digital mode used 
on the amateur high-frequency (HF) 
bands. 

Computers also can help you practice 
taking ham radio license examinations or 
improve your Morse code abilities. ARRL, 
and others, offer software especially de- 
signed to help you pass ham radio exams. 
As you become more experienced, you'll 
discover software for any number of ham 
radio applications, from keeping track of 
the stations you've contacted during a 
contest to designing the best antenna for 
your location. Hams also use software to 
download pictures transmitted by weather 
satellites. 


Enhancing Radio Signals 


Radio signals normally travel in straight 
lines, which limits their range. But hams 
have found some ingenious ways of ex- 
tending the distance and improving the 
quality of the signals they transmit. High- 
frequency (HF) radio waves can be re- 
fracted or bent by a layer of the atmo- 
sphere called the ionosphere. In this way, 
signals are returned to Earth, often after 
several “hops.” This ionospheric propa- 
gation of radio signals allows worldwide 
communication on the HF bands. Hams 
have also learned how to bounce signals 


Over the years, 
the military and the 
electronics industry 
have often drawn on 
ham ingenuity to 
improve designs or solve problems. 
Hams provided the keystone for the 
development of modern military 
communications equipment, for 
example. In the 1950s, the Air Force 
needed to convert its long-range 
communications from Morse code to 
voice, and jet bombers had no room 
for skilled radio operators. At the 
time, hams communicated by voice 
at great distance with both home- 
built and commercial single-sideband 
(SSB) equipment. Air Force Gener- 
als LeMay and Griswold, both radio 
amateurs, hatched an experiment 
that used ham equipment at the 
Strategic Air Command headquarters 
in Omaha and an airplane traveling 
around the world. They found that 
the equipment would need only slight 
modification to meet Air Force 
needs. By applying ham radio 
technology to a military problem, the 
two generals saved the government 
millions of dollars in research and 
development costs. 


Hams at 
the 
Forefront 


off the moon, airplanes and even meteor 
trails! Repeaters, located on hilltops or on 
tall buildings, strengthen signals and 
transmit them much farther than would be 
possible without repeaters. 


Helping out in Emergencies 


When commercial communications 
services are disrupted by power failures or 
damage that accompanies natural disasters 
such as earthquakes, floods and hurri- 
canes, Amateur Radio operators are often 
first at the scene. Battery-powered equip- 
ment allows hams to provide essential 


Ham radio has saved many lives over 
the years. Rescue workers can use 
their hand-held radios to relay 
messages from even the most remote 
locations. (photo courtesy NOCQW) 


communications even when power is 
knocked out. If need be, hams can make 
and install antennas “on the spot” from 
whatever materials and supports they find 
available. 

Working with emergency personnel 
such as police and fire departments, the 
Red Cross and medical personnel, ham 
volunteers provide any communications 
necessary. Hams can handle communica- 
tions between agencies whose normal 
radios are incompatible with one another, 
for example. The ability of radio amateurs 
to help the public in emergencies is one of 
the reasons Amateur Radio has survived 
and prospered since the early days of the 
20th century. 


Community Events 


To keep their emergency-preparedness 
skills honed, and to help their community, 
hams enjoy assisting with communica- 
tions to aid the public at any number of 
events and activities. Hams volunteer to 
provide communications for walk-a- 
thons, bike races, parades and other com- 
munity events. In fact, it’s rare to see a 
large community event that doesn’t make 
use of public-spirited ham radio operators. 
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Ham equipment can be any size and 
complexity. This home-built transceiver 
puts out a whopping '/ watt of power. 
(photo courtesy KAQNDS) 


Build It Yourself 


Another favorite activity hams enjoy is 
building their own radio equipment. Hams 
proudly stay at the forefront of technol- 
ogy, continually being challenged to keep 
up with advances that could be applied to 
the hobby. Many have an incessant curios- 
ity and an eagerness to try new techniques. 
They also are constantly driven to find 
ways toallow the radio frequency bands to 
support more users, since some portions 
of certain bands are very popular and can 
be crowded. 

The projects you'll find in this book 


Hams of ail ages and backgrounds 
enjoy learning the skill of soldering, 
especially when the result is a useful 
ham radio accessory. (photo courtesy 
Raiche Photography, Manchester, NH) 


provide a wide variety of equipment and 
accessories that make ham radio more 
convenient and enjoyable. Many manufac- 
turers provide parts kits and etched cir- 
cuit boards to make building even easier. 


Hams in Space 


In 1983, the first ham/astronaut made 
history by communicating with ground- 
based hams from the Space Shuttle 
Columbia. On that mission, Payload Spe- 
cialist Owen Garriott, whose Amateur 
Radio call sign is WSLFL, took along a 
hand-held amateur transceiver and placed 
a specially designed antenna in an orbiter 
window. It was the first time ham radio 
operators throughout the world were to 
experience the thrill of working an astro- 
naut aboard an orbiting spacecraft. In 
1985, Mission Specialist Tony England, 
WØORE, transmitted slow-scan television 
(SSTV) via Amateur Radio while orbiting 
the Earth from the Shuttle Challenger. He 
named the payload SAREX, for Shuttle 
Amateur Radio Experiment. 

It wasn't long before NASA was rou- 
tinely scheduling SAREX missions. In 
1991, each of the five members of a 
shuttle crew had earned an Amateur Radio 
license. NASA promotes ham radio activ- 
ity aboard shuttle spacecraft because of 
its proven public relations and educational 
value. It's also a reliable means of 
backup communication. During 1995, five 
shuttle crews requested that NASA in- 
clude a SAREX payload on their flights. 
As for the future, hams are making plans 
for a ham radio station aboard a manned 
space station. 


GETTING STARTED 

Now that you have an idea of what hams 
do, you're probably asking, “Okay, how 
do I get started?" The first step is to earn 
a license. 
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You can experi- 
ence the thrill of 
The Kam hearing your own 

А signal returned from 
Satellites space by an orbiting 
“repeater in the sky" — a ham radio 
satellite. Or marvel at the clear 
pictures of the Earth you receive from 
the camera aboard another ham 
satellite. Hams regularly use Amateur 
Radio satellites, called OSCARS (for 
Orbiting Satellites Carrying Amateur 
Radio). VHF and UHF signals from a 
ham radio transceiver normally don't 
travel much beyond the horizon. But if 
you route your signal through an 
orbiting satellite, you can make global 
radio contacts on VHF and UHF. 

In 1990, a series of small Amateur 
Radio satellites, called Microsats, were 
launched. One, called WEBERSAT, 
transmits image data that you can 
process into pictures using your 
personal computer and special 
software. Another is a packet radio 
satellite that allows messages from 
Earth to be stored and forwarded back 
down to Earth when the spacecraft is 
within range of the designated station. 

Hams are experimenting with low- 
orbit global communication satellites 
that can store their real-time radio 
messages for delivery at a later time. 
This would allow hams to communicate 
with other hams in developing coun- 
tries that can't afford expensive 
channels on geostationary satellites. 
Hams from around the globe are 
working together to design, build and 
launch an exciting new satellite that is 
the most ambitious amateur satellite 
project ever conceived. It will use the 
latest electronics technology to provide 
thousands of hams with reliable and 
pleasurable worldwide communications 
on several radio frequencies up 
through the microwave bands. 

Does all of this sound futuristic or 
beyond your skills? It shouldn't. AI! it 
takes is a Technician license to enjoy 
this exciting ham radio technology. 


OSCARs: 


These California high school 
students learned how to operate 
through, and built models of, 
orbiting Amateur Radio satellites. 
(photo courtesy KF6PJ) 
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Astronaut Mike Foale, KB5UAC, operated а ham radio transceiver aboard the 
Space Shuttle Discovery in 1995. (photo courtesy NASA) 
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The crew of the Space Shuttle Endeavour sent this QSL card to those they 


contacted during their 1994 mission. 


There are six classes of license, each 
with increased privileges, issued by the 
Federal Communications Commission 
(FCC). In this way, the hams are encour- 
aged to improve their knowledge and skill. 
Exams are given by local ham volunteer 
examiners. Questions that appear on writ- 
ten exams are published in study guides. 
The exams consist of a certain number of 
questions from this question pool. 


Study Guides 


You can prepare for the exams on your 
own or in a class. Help is available at 


every step. The ARRL publishes complete 
study materials for all classes of Amateur 
Radio licenses. Contact the ARRL Educa- 
tional Activities Department (the address 
and phone number are at the end of this 
chapter) for a free package of information. 
It contains everything you need to get 
started: a list of nearby Amateur Radio 
clubs, Amateur Radio instructors who 
have registered with ARRL, and local vol- 
unteer examiners. The package also in- 
cludes a description of what frequencies 
Novices and Technicians can operate on, 
and the most popular activities to take part 


— a 


Study guides such as ARRL’s Now 
You’re Talking! make it easy to 
prepare for the exam leading to a 
ham radio license. ARRL and other 
publishers offer study guides for 
all classes of amateur license. 
(photo courtesy L. Marks) 


in. It also has information about the latest 
versions of ARRL study guides and vid- 
eotape licensing courses. 

ARRL’s book for beginners, Now You’re 
Talking!, includes the complete, up-to- 
date question pool with the correct an- 
swers, as well as clear explanations. 
You’ll also find tips for how to choose 
your equipment and put together your 
ham radio station, how to build and install 
simple, inexpensive antennas and much 
more. 

ARRL’s Technician Class Video Course 
is five hours of interesting videotape. The 
three tapes come with a study guide and 
optional exam review software. ARRL li- 
censing videotapes come with a money- 
back guarantee: pass your Technician 
exam within a year or get a full refund. 

All ARRL study guides assume no prior 
electronics background. Children as 
young as six years old have passed ham 
radio exams! 


Elmers 


Elmering became a ham tradition many 
years ago. It was first documented in 
ARRL’s monthly magazine, QST, in a 
story that was meant to be a public thank 
you from an appreciative student whose 
mentor’s name was Eimer. Elmers are 
there for you as you study for your exam, 
buy your first radio and set up your sta- 
tion. Many watch with pride as their 
newly licensed friends make their first on- 
the-air contacts. 


Putting Together a Station 


As with any other hobby, you can have 
fun with ham radio no matter how large 
(or small) your budget. You can start with 
a hand-held transceiver that fits in your 
pocket or purse, and take it along when 
you hike, canoe or aviate. Or you can fill 
your “radio shack” with the latest and fan- 
ciest radios technology offers and money 
can buy, and talk to people in all corners of 
the world. You can build a simple, inex- 

pensive wire antenna to string between 
two trees in your backyard, or install 
giant towers, with arrays of phased 
beam antennas on top. 

Accessories and equipment for your 
ham radio station come in all price 
ranges. QST contains display adver- 
tisements for new ham gear plus col- 
umns of classified ads for previously 


a ham station can fit comfortably 
in a corner of a room. If space is 
available, setting up your radio 
shack in a place that is separated 
from others in the household 
usually works best. 


owned items. The ARRL Educational Ac- 
tivities Department can provide you with 
information about where to find ham ra- 
dio equipment. 


- Used Versus New 


Many ham radio operators learn how to 
get on the air through the buddy system. 
An experienced ham, called an “Elmer,” 
teaches one or more newcomers about 
Amateur Radio on a one-to-one basis. 


Hams are continually upgrading their 
stations, so you can always find a ready 
supply of good previously owned Ama- 
teur Radio gear. You can find new hand- 


4 Resourceful hams have found that 


held transceivers and used HF radios for 
less than $300. Many hams start with a 
radio that costs between $300 and $600. 
Antennas and other gear can add ap- 
preciably to the cost, but less-expensive 
alternatives, such as putting together your 
own antenna or low-power transceiver, are 
available. 


HAMS AS WORLD CITIZENS 


When you become an Amateur Radio 
operator, you become a “world citizen” — 
you join a group of people who have 


Ham radio fosters international 
understanding in countless ways. 
Gaynell, an American ham, 
enjoyed her visit to the ham radio 
station of an on-the-air friend in 
the Ukraine. (photo courtesy 
KKAWW) 


earned the privilege of talking 
to other hams around the corner or 
around the world. Hams have a long 
tradition of spreading international 
goodwill. One way hams do this is to 
assist with getting needed medical ad- 
vice or medicine to developing coun- 
tries. Another is by learning about the 
lives and cultures of those they con- 
tact. Onthe other hand, it' s a good idea 
to avoid sensitive political or ethical 
issues. 
Although English is the standard lan- 
guage on the ham bands, English-speakers 
will make a good impression on hams in 
foreign countries if they can speak a few 
words of the other person's language— 
even if it's as simple as danke or sayonara. 


International Amateur Radio 


Hams in other countries have formed 
national organizations, just as US hams 
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organized the American Radio Relay 
League. These sister societies work to- 
gether to have a united voice in interna- 
tional radio affairs, such as when govern- 
ments get together to decide how radio 
frequencies will be divided among its 
various users. The International Amateur 
Radio Union (IARU), composed of more 
than 100 national Amateur Radio societies, 
works to advance the cause of Amateur 
Radio at the international level. ARRL 
works closely with other IARU societies 
to help protect the amateur frequencies. 


THE ADMINISTRATORS: ITU AND 
FCC 


The taws of physics allow for a limited 
spectrum of radio frequencies. These 
radio frequencies must be shared by many 
competing radio services: broadcasters, 
land mobile, aeronautical and marine, to 
name a few. 

The International Telecommunication 
Union (ITU), an agency of the United Na- 
tions, allocates these frequencies among 
the many services that use them. With its 
long tradition of public service and techno- 
logical savvy, ham radio enjoys the use of 
many different frequency bands. 

In the US, a government agency, the 
FCC, regulates the radio services, includ- 
ing Amateur Radio. The section of the FCC 
Rules that deals with Amateur Radio is Part 
97. Hams are expected to know the impor- 
tant sections of Part 97, as serious viola- 
tions (such as causing malicious interfer- 
ence or operating without the appropriate 
license) can lead to fines and even impris- 
onment! Aside from writing and enforcing 
the rules governing Amateur Radio, the 
FCC also assigns call signs and issues li- 
censes to those who have earned them. 


THE ARRL 


Since it was founded, in 1914, the 
League has grown and evolved along with 
Amateur Radio. The ARRL Headquarters 
building and Maxim Memorial Station, 
W1AW, аге in Newington, Connecticut, 
near Hartford. Through its network of 
dedicated volunteers and a professional 
staff, the ARRL promotes the advance- 
ment of the amateur service in the US and 
around the world. 

The League operates as a nonprofit, 
educational and scientific organization 
dedicated to the promotion and protection 
of the many privileges that ham radio op- 
erators enjoy today. Of, by and for the 
radio amateur, ARRL numbers within its 
ranks the vast majority of active amateurs 
in North America. Around 170,000 li- 
censed ham radio operators and unli- 
censed persons with an interest in ham 
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ARRL Organization 


Members 


Board of Directors Ж 


HQ Staff Section Monagers Ж 


Ж Elected by members 


Section Leaders 


Fig 1 - Full Members of the ARRL control it through an elected Board of Directors. 
Volunteers (all positions except for HQ staff) accomplish much of the work. 
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The ARRL Maxim Memorial Station in Newington, Connecticut, is considered the 
most famous Amateur Radio station in the world. (photo courtesy W2ABE) 


The Amateur's Code 


THE RADIO AMATEUR IS: 


CONSIDERATE...never knowingly operates in such a way as to lessen the 


pleasure of others. 


LOYAL...offers loyalty, encouragement, and support to other amateurs, local 
clubs, and the American Radio Relay League, through which Amateur Radio in 
the United States is represented nationally and internationally. 


PROGRESSIVE...with knowledge abreast of science, a well-built and efficient 


station and operation above reproach. 


FRIENDLY...slow and patient operating when requested; friendly advice and 
counsel to the beginner; kindly assistance, cooperation and consideration for 
the interests of others. These are the hallmarks of the amateur spirit. 


BALANCED...radio is an avocation, never interfering with duties owed to 


family, job, school, or community. 


PATRIOTIC...station and skill always ready for service to country and 


community. 


—The original Amateur's Code was written by Paul M. Segal, W9EEA, in 1928. 


Hams have adopted many special radio traditions over the years. In 1928, Paul 
M. Segal, W9EEA, composed an Amateur's Code. Ham radio operators proudly 
uphold The Amateur's Code today, just as in the past. 


radio are members. Licensed hams join as 
Full Members, while unlicensed persons 
become Associate Members who have all 
membership privileges except for voting 
in ARRL elections. Anyone who has an 
interest in Amateur Radio has a place in 
the League. 

The ARRL volunteer corps is called the 
Field Organization. Working at the state 
and local level, these volunteers carry out 
the League's work of furthering Amateur 
Radio. They organize emergency commu- 
nications in times of disaster and work 
with agencies such as the Red Cross, the 
National Weather Service and Civil Air 
Patrol. Other field volunteers keep state 
and local government officials abreast of 
the good that ham volunteers are doing 
at the state and local level. 


Membership Services 
When you join ARRL, you add your 


voice to those who are most involved with 
ham radio. The most prominent benefit 
of League membership is Q$T, the pre- 
miere Amateur Radio magazine. QST has 
Amateur Radio news you'll want to know 
and need to hear. You'll also find a wide 
range of articles, columns and features— 
projects to build, announcements of up- 
coming ham radio activities, reviews of 
the latest equipment, reports on the role 
hams are playing in emergencies, and 
much more. 

But being an ARRL member is far 
more than a subscription to QST. The 
League represents your interests to the FCC 
and Congress, sponsors contests and other 
operating events, and offers membership 
services at a personal level. These include 
*the QSL bureau (which lets you ex- 

change postcards with hams in foreign 

countries as a confirmation of your 
contacts with them) 


* the volunteer examiner program 

* the Technical Information Service 
(which provides answers to your 
questions about any technical subject 
in Amateur Radio) 

* low-cost equipment insurance and much 
more. 


School Teachers and Volunteer 
Instructors 


The Educational Activities Department 
(EAD) at ARRL provides teachers with 
materials for using Amateur Radio in their 
schools. Thousands of teachers have found 
that Amateur Radio is an ideal way to pro- 
vide hands-on, intercurricular learning, 
while enticing students to become inter- 
ested in science and technology. EAD also 
has materials, including newsletters and 
instructor guides, to help hams who wish 
to start teaching Amateur Radio licensing 
classes. 


WELCOME! 


For answers to any questions you may 
have about Amateur Radio, write or call 
ARRL Headquarters. See Resources, be- 
low, for contact information. 


D 


A ham teacher can influence students 
toward a career in electronics, or a 
great hobby—or both. (photo courtesy 
Susan Houghtaling) 


What is Amateur Radio? 1.9 


Glossary 


Note: Words in boldface italics have separate entries in the Glossary. 


Amateur Radio—A radiocommunication 
service for the purpose of self-training, 
intercommunication and technical inves- 
tigations carried out by amateurs, that is, 
duly authorized persons interested in 
radio technique solely with a personal 
aim and without pecuniary interest. (Pe- 
cuniary means payment of any type, 
whether money or other goods.) Also 
called ham radio. 

Amateur Radio operator — A person 
holding a license to operate an amateur 
station. 

Amateur Radio station — A station li- 
censed in the amateur service, including 
necessary equipment, used for amateur 
communication. 

Amateur service — Another name for 
Amateur Radio; one of the radiocom- 
munication services regulated in the 
US by the Federal Communications 
Commission (FCC). 

Amateur television (ATV) — A mode of 
operation that Amateur Radio operators 
can use to exchange pictures from their 
radio stations. 

American Radio Relay League (ARRL) 
— The membership organization for 
Amateur Radio operators in the US. 

AMSAT — An abbreviation for the Radio 
Amateur Satellite Corporation. 

Band — A range of frequencies. Hams are 
authorized to transmit on several dif- 
ferent bands. 

Beam antenna — A type of ham radio an- 
tenna that can be pointed in different di- 
rections. 

Bunny hunt — Another name for fox hunt. 

Call sign — A series of unique letters and 
numbers assigned to a person who has 
earned an Amateur Radio license. 

Contact — A two-way communication be- 
tween Amateur Radio operators. 

Contest — An Amateur Radio activity in 
which hams and their stations compete 
against others to try to contact the most 
stations within the designated time 
period. 

Courage HANDI-HAM System — A 
membership organization for Amateur 
Radio enthusiasts with various physical 
abilities. 

CW — Abbreviation for continuous wave; 
another name for Morse code telegraphy. 

Digital communications — Computer- 
based communications modes, such as 
packet radio. 

Digital signal processing (DSP) — A re- 
cently developed technology that allows 
software to replace electronic circuitry. 
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Dipole antenna — A popular type of wire 
antenna often used on the high-frequency 
amateur bands. 

DX — A ham radio abbreviation for dis- 
tance or foreign countries. 

DXCC — A popular ARRL award earned 
for contacting Amateur Radio operators 
in 100 different countries. 

DX PacketCluster — A method of inform- 
ing hams, via their computers, about the 
activities of stations operating from un- 
usual locations. 

DXpedition — A trip to an unusual loca- 
tion, such as an uninhabited island, where 
hams operate for a designated period of 
time. DXpeditions provide sought-after 
contacts for hams who are anxious to con- 
tact that rare location. 

Educational Activities Department (EAD) 
— A department at ARRL Headquarters 
that helps newcomers get started in ham 
radio and provides materials to hams who 
want to help newcomers. 

Elmer — A traditional term for someone 
who enjoys helping newcomers get 
started in ham radio on a one-to-one ba- 
sis. 

Emergency communications — Amateur 
Radio communications that take place 
during a situation where there is danger 
to lives or property. 

Fast-scan television (FSTV) — A mode of 
operation that Amateur Radio operators 
can use to exchange live TV images from 
their stations. 

Federal Communications Commission 
(FCC) — The government agency that 
regulates Amateur Radio in the US. 

Field Day — A popular Amateur Radio 
activity during which hams set up radio 
stations outdoors and away from electri- 
cal service to simulate emergency condi- 
tions. 

Field Organization — A cadre of ARRL 
volunteers who perform various services 
for the Amateur Radio community at the 
local level. 

FM (frequency modulation) — An oper- 
ating mode commonly used on ham radio 
repeaters. 

Fox hunt — A competitive ham radio ac- 
tivity in which ham radio operators track 
down a transmitted signal. Also called 
bunny hunt. 

Ham band — A range of frequencies on 
which amateur communications are au- 
thorized. 

Ham radio — Another name for Amateur 
Radio. 


Ham radio operator — A person holding 
a written authorization to operate an 
amateur station. An Amateur Radio op- 
erator. 

High frequencies (HF) — The radio fre- 
quencies from 3 to 30 MHz. 

International Amateur Radio Union 
(IARU) — The international organiza- 
tion made up of national Amateur Radio 
organizations such as the ARRL. 

International Telecommunication Union 
(ITU) — An agency of the United Na- 
tions that allocates the radio spectrum 
among the various radio services. 

Microsat — A series of small Amateur 
Radio satellites. 

Mode — A type of ham radio communica- 
tion; examples are frequency modula- 
tion (FM), slow-scan television (SSTV) 
and packet radio. 

Morse code-A communications mode 
transmitted by on/off keying of a radio- 
frequency signal. Hams use the interna- 
tional Morse code, which differs from 
American (telegraph) Morse. 

Net — An on-the-air meeting of Amateur 
Radio operators at a particular time, day 
and radio frequency. 

Novice license — One of the two entry- 
level Amateur Radio licenses. Allows the 
licensee to use Morse code on four HF 
(long-distance) bands, code and voice on 
one HF band, plus all authorized modes 
on a VHF and a ОНЕ band. 

OSCAR — An acronym for Orbiting Satel- 
lite Carrying Amateur Radio, a series of 
Amateur Radio satellites designed and 
built by the international ham radio com- 
munity. Also see AMSAT. 

Packet radio — A computer-to-computer 
communications mode in which informa- 
tionis broken into short bursts. The bursts 
(packets) also contain addressing and 
-error-detection information. 

Payload — A package taken onboard a 
space shuttle, such as the Shuttle Ama- 
teur Radio Experiment (SAREX), which 
allows shuttle astronaut/hams to commu- 
nicate with other hams from space. 

Public service — Activities involving 
Amateur Radio that hams perform to ben- 
efit their communities. 

QRP — An abbreviation for low power. 

QSL bureau — A system of forwarding 
QSL cards to and from ham radio opera- 
tors. 

QSL cards — Postcards that serve as a 
confirmation of communication between 
two hams. 


QST —The premiere Amateur Radio 
monthly magazine, published by the 
American Radio Relay League. QST 
means “calling all radio amateurs.” 

Radio Amateur Satellite Corporation 
(AMSAT) — An international member- 
ship organization that designs, builds and 
promotes the use of Amateur Radio satel- 
lites. 

Radio frequencies (RF) — The range of 
frequencies that can travel through space 
in the form of electromagnetic radiation. 

Radio shack — The room where Amateur 
Radio operators keep their station. 

Radiotelegraphy — See Morse code. 

Receiver — A device that converts radio 
signals into a form that can be heard. 

Repeater — An amateur station, usually 
located on a mountaintop, hilltop or tall 
building, that receives a signal and re- 
transmits it for greater range. 

SAREX — An abbreviation for Shuttle 
Amateur Radio Experiment. 

Shortwave listener (SWL) — A person 
who enjoys listening to radio broadcasts 
or Amateur Radio conversations. 


RESOURCES 


ARRL (The American Radio Relay 
League, Inc) 

225 Main St 

Newington, CT 06111-1494 

203-666-1541 

Fax: 203-665-7531 

e-mail: 2155052 mcimail.com 

Bulletin Board: 203-666-0578 

Prospective hams call 1-800-32 NEW 
HAM (1-800-326-3942) 

Membership organization of US ham 

radio operators and those interested in 

ham radio. Publishes study guides for all 

Amateur Radio license classes, a monthly 

journal, QST, and many books on 

Amateur Radio and electronics. 


AMSAT NA (The Radio Amateur 
Satellite Corporation, Inc) 

PO Box 27 

Washington, DC 20044 

301-589-6062 

Membership organization for those 
interested in Amateur Radio satellites. 
Publishes The AMSAT Journal, monthly. 


Shuttle Amateur Radio Experiment — A 
payload of Amateur Radio equipment 
flown aboard the space shuttle and oper- 
ated by astronauts who are licensed Ama- 
teur Radio operators. 

Single sideband (SSB) — A common mode 
of voice operation on the amateur bands. 

Slow-scan television (SSTV) — A mode 
of operation in which Amateur Radio op- 
erators exchange still pictures from their 
radio stations. 

Technical Information Service — A ser- 
vice of the American Radio Relay 
League that helps hams solve technical 
problems. 

Technician license — One of two entry- 
level classes of Amateur Radio 
licenses. Those who hold this license can 
use all the amateur bands above 
30 MHz. In addition, Technicians who 
have passed a 5-word-per-minute Morse 
code test can use the four HF Novice 
bands. 

Transceiver — A radio transmitter and 
receiver combined in one unit. 


Courage HANDI-HAM System 
3915 Golden Valley Rd 
Golden Valley, MN 55422 
612-520-0515 


Provides assistance to persons with 
disabilities who want to earn a ham radio 
license or set up a station. 


Now You're Talking! All You Need to Get 
Your First Ham Radio License 
(Newington, CT: ARRL) 


Complete introduction to Amateur Radio, 
including the Novice and Technician 
question pools, complete explanations of 
the subjects covered on the exams. Tips 
on buying equipment, setting up a station 
and learning Morse code, and more. 


Transmitter — A device that produces 
radio-frequency signals. 

Ultra-high frequencies (UHF) — The 
radio frequencies from 300 to 3000 MHz. 

Very-high frequencies (VHF) — The 

_ radio frequencies from 30 to 300 MHz. 

Volunteer Examiners (VEs) — Amateur 
Radio operators who give Amateur 
Radio licensing examinations. 

Wavelength — A means of designating a 
frequency band, such as the 80-meter 
band. 

WEBERSAT—An Amateur Radio satel- 
lite that transmits image data that can be 
processed into pictures using unique soft- 
ware and a personal computer. 

Worked All States (WAS)—An ARRL 
award that is earned when an Amateur 
Radio operator talks to a ham in each of 
the 50 states in the US. 

Worked All VE (WAVE)—An award that 
is earned when an Amateur Radio opera- 
tor talks to a ham in each of the Canadian 
provinces. 

Work — To contact another ham. 


Your Introduction to Morse Code 
(Newington, CT: ARRL) 


A set of audio cassettes that makes 
learning Morse code fun. Teaches all 
letters and numbers, and provides 
practice text. 


ARRL Technician Class Video Course 
(Newington, CT: ARRL) 


Five hours of lively, interesting prepara- 
tion for the Novice and Technician 
written exams. Includes 164-page course 
book with practice exams, plus optional 
exam-review software. 


Morse Tutor/Morse Tutor Gold 


Software for IBM PCs and compatibles 
that teaches the code and provides plenty 
of practice at user-selected speeds from 

1 to 100 words per minute. 
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ne of the best things about this 
hobby we call Amateur Radio is 
its flexibility. In other words, 

Amateur Radio can be whatever you want 

it to be. Whether you are looking for relax- 

ation, excitement, or a way to stretch your 
mental (and physical) horizons, Amateur 

Radio can provide it. This chapter was 

written by Larry Kollar, KC4WZK. Let’s 

take a brief tour through the following 
topic areas: 

Awards—the individual and competitive 
pursuits that make up the tradition we 
call “paper chasing.” 

Contests—the challenge of on-the-air 
competition. 

Nets—both traffic nets, where amateurs 
pass messages on behalf of hams and 
nonhams, and the casual nets, where 
groups of people with common interests 
often meet on the air to swap equipment, 
anecdotes and information. 

Ragchewing—meeting new friends on the 
air. 

Amateur Radio Education—Educating 
current and future hams brings in new 
blood (and revitalizes old blood!); edu- 
cating our neighbors about ham radio is 
good for public relations and awareness. 

ARRL Field Organization—Amateur 
Radio in general, and the ARRL in par- 
ticular, depend on the volunteer spirit. 
As part of the Field Organization, you 
can exercise your administrative, speak- 
ing and diplomatic skills in service of 
the amateur community. 

Emergency — Communications— When 
disaster strikes, hams often have the only 
reliable means to communicate with the 
outside world. Practice and preparation 
are key to fulfilling this mission. 

DF (Direction Finding)—If you've ever 
wanted to know where a transmitter 
(hidden or otherwise) is located, you'll 


find DFing is an enjoyable and useful 
skill. 

Satellite Operation—You may be sur- 
prised to learn that hams have their own 
communications satellites! Satellite op- 
eration can be great fun and a technical 
challenge for those who want to operate 
on the "final frontier." 

Repeaters—Using and operating repeat- 
ers is one of the most popular activities 
for both new and old hams. 

Image Communications—Although it's 
fun to talk to other amateurs, it's even 
more fun to see them. 

Digital Communications—Use your 
computer to communicate with stations 
around your town or around the world. 

VHF, UHF and Microwave Weak-Signal 
Operating—Explore the challenging, 
quirky and surprising world above 50 
MHz. 

EME (Earth-Moon-Earth), Meteor Scat- 
ter and Aurora—Making contacts by 
bouncing your signals off the moon, the 
fiery trails of meteors and auroras. 


AWARDS 


Winning awards, or “paper chasing,” 
is a time-honored amateur tradition. For 


One of the most prized awards in 
Amateur Radio: the DX Century Club. 


those who enjoy individual pursuits or 
friendly competition, the ARRL and other 
organizations offer awards ranging from 
the coveted to the humorous. 


DX Awards 


The two most popular DX awards are 
DXCC (DX Century Club), sponsored by 
the ARRL and WAC (Worked All Conti- 
nents), sponsored by the International 
Amateur Radio Union (IARU). The WAC 
award is quite simple: all you have to do 
is work one station on each of six conti- 
nents. The DXCC is more challenging: 
you must work at least one station in each 
of 100 countries! QSL cards from each 
continent or country are required as proof 
of contact. 


How-to’s of DXCC—Direct QSLs and 
DX Bureaus 


Since DX stations are often inundated 
with QSL cards (and QSL requests) from 
US hams, it is financially impossible for 
most of them to pay for the return postage. 
Hams have hit upon several ways to 
lighten the load on popular DX stations. 

The fastest, but most expensive, way to 
get QSL cards is the direct approach. You 
send your QSL card, with one or two 
International Reply Coupons—IRCs—(or 
one or two dollars) and a self-addressed air- 
mail envelope to the DX station. Interna- 
tional Reply Coupons are available from 
your local post office and can be used 
nearly anywhere in the world for return 
postage. Some DX hams prefer that you 
send one or two “green stamps” (dollar 
bills) because they can be used to defray 
posting, printing and other expenses. How- 
ever, it is illegal in some countries to pos- 
sess foreign currency. If you’re not sure, 
ask the DX station or check DX bulletins 
available on packet radio and BBSs. 
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Many DX hams have recruited QSL 
managers, hams who handle the QSL 
chores of one or more DX stations. QSL 
managers are convenient for everyone. 
The DX station need only send batches of 
blank cards and a copy of the logs; hams 
wanting that station’s card need only send 
a First Class stamp for US return postage 
and can expect a prompt reply. (In the case 
of QSL managers located outside the 
United States, you must still send IRCs [or 
dollars] and a self-addressed return enve- 
lope.) 

The easiest (and slowest) way to send 
and receive large batches of QSL cards is 
through the incoming and outgoing QSL 
bureaus. The outgoing bureau is available 
to ARRL members. The incoming bureaus 
are available to all amateurs. Bureau 
instructions and addresses are printed 
periodically in QST; they appear in the 
ARRL Operating Manual, and they are 
available from ARRL Headquarters for an 
SASE. 


DXpeditions 

What does the avid DXer who has 
worked them all (or almost all of them) do 
for an encore? Answer: become the DX! 
DXpeditions journey to countries with 
few or no hams, often making thousands 
of contacts in the space of a few days. 

In 1991, Albania opened its borders and 
legalized Amateur Radio for the first time 
in many years. To train the first new gen- 
eration of Albanian hams and to relieve 
the pileups that were sure to happen, a 
contingent of European and American 
hams organized a DXpedition to Albania. 
The DXpedition made over 10,000 con- 
tacts and changed Albania from one of the 
rarest and most-desired countries to an 
"easy one." 


DX Nets 


The beginning DXer can get a good 
jump on DXCC by frequenting DX nets. 
On DX nets, a net control station keeps 
track of which DX stations have checked 
into the net. He or she then allows a small 
group of operators (usually 10) to check in 
and work one of the DX stations. This 
permits weaker stations to be heard in- 
stead of being buried in a pileup. Since 
the net control station does not tolerate 
net members making contacts out-of-turn, 
beginning operators have a better chance 
of snagging a new country. Nets and fre- 
quencies on which they operate vary. For 
the latest information on DX nets, check 
with local DXers and DX bulletins. 


Efficient DX Operation 


The best DXers will tell you the best 
equipment you have is "the equipment be- 
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| THE AMERICAN 
RADIO RELAY LEAGUE 


Work one station in each of the 50 
states and you're eligible for the ARRL's 
Worked All States (WAS) award. 


tween your ears.” Good operators can make 
contacts with modest power. The details of 
efficient DX operating cannot be covered 
in such a brief space. The ARRL sells two 
publications that are excellent references 
for new DX enthusiasts: The Complete 
DXer and The DXCC Companion. 


WAS (Worked All States) 


The WAS certificate is awarded to ama- 
teurs who have QSL cards from at least 
one operator in each of the 50 United 
States. Chasing WAS is often a casual 
affair, although there are also nets dedi- 
cated to operators who are looking for 
particular states. 


Endorsements 


The initial DXCC or WAS award does 
not mean the end. There are over 300 
DXCC countries. As you reach certain 
levels in your country count, you qualify 
for endorsements. Endorsements arrive in 
the form of stickers that you attach to your 
DXCC certificate. 

Both WAS and DXCC offer endorse- 
ments for single-band or single-mode 
operation. For example, if you work all 
50 United States on the 15-m band, your 
certificate has an endorsement for 15 m. 
The most difficult endorsement is the 
5-band (5B) endorsement. Rare indeed is 
the operator who can display a 5BDXCC 
certificate! 


Other Awards 


The ARRL and other organizations 
offer a variety of awards for both serious 
and fun achievements. You can qualify 
for some awards, like the ARRL’s RCC 


(Rag Chewers’ Club, for long contacts), 
on your very first contact! Other awards 
are sponsored by local clubs. 

The ARRL Friendship Award is avail- 
able to any ARRL member who can prove 
contact with 26 stations whose call signs 
end with each of the 26 letters of the 
alphabet. (For example, N1MZA, 
KÜORB, W3ABC...K1ZZ.) Any fre- 
quency or mode qualifies. Most consider 
the Friendship Award to be the next step 
up from the Rag Chewers' Club. It's more 
difficult to earn, but just as much fun. 

One of the most coveted awards is the 
A-1 Operator Club. Qualifying for this 
award is as simple as cultivating spotless 
operating habits and always operating by 
the Amateur's Code (found near the front 
of this Handbook). To receive this award, 
you must be recommended by two A-1 
members. 


CONTESTS 


Some people enjoy the thrill of compe- 
tition, and Amateur Radio provides chal- 
lenges at all levels in the form of operating 
contests. Besides the competitive outlet, 
contests have provided many hams with a 
means to hone their operating skills under 
less-than-optimum conditions. On the 
VHF and higher bands, contests are one 
way to stimulate activity on little-used 
segments of the amateur spectrum. 

This section briefly discusses a few 
ARRL-sponsored contests. The Contest 
Corral section of QST provides up-to-date 
information on these and other contests. 
The ARRL also publishes the National 
Contest Journal (NCJ), which is good 
reading for any serious (or semi-serious) 
contester. 


Field Day 
Every yearon the fourth full weekend in 


Elaine Larson, KD6DUT, takes a turn at 
logging as Fred Martin, KIGYN, works 
the paddles during the Conejo Valley 
Amateur Radio Club's Field Day 
operation. 


June, thousands of hams take to the hills, 
forests, campsites and parking lots to par- 
ticipate in Field Day. The object of Field 
Day is not only to make contacts, but to 
make contacts under conditions that simu- 
late the aftermath of a disaster. Most sta- 
tions are set up outdoors and use emer- 
gency power sources. 

Many clubs and individuals have built 
elaborate Field Day equipment, and that is 
all to the best—if a real disaster were to 
strike, those stations could be set up 
quickly, wherever needed, and need not 
depend on potentially unreliable commer- 
cial power! 


Other Contests 


Other popular contests include: 

QSO Parties. These are fairly relaxed 
contests—good for beginners. There are 
many state QSO parties, and others for 
special interests, such as the QRP ARCI 
Spring QSO Party. 

Sweepstakes. This is a high-energy con- 
test that brings thousands of operators out 
of the woodwork each year. 

Various DX contests. DX contests of- 
fer good opportunities for amateurs to 
pursue their DXCC award contacts. A 
good operator can work over 100 coun- 
tries in a weekend! 

VHF, UHF and microwave contests. 
These contests are designed to stimulate 
activity on the weak-signal portions of 
our highest-frequency bands. The ARRL 
VHF/UHF contests are held during the 
spring and fall. There is also a contest for 
10-GHz operators, and another one for 
EME (moonbounce) enthusiasts. 

Each issue of QST lists the contests to 
be held during the next two months. 


NETS 


A net is simply a group of hams who 
meet on a particular frequency at a par- 
ticular time. Nets come in three classes: 
public service, traffic and special interest. 


Public Service/Traffic Nets 


Public service and traffic nets are part 
of a tradition that dates back almost to the 
dawn of Amateur Radio. The ARRL, in 
fact, was formed to coordinate and pro- 
mote the formation of traffic nets. In those 
early days, nets were needed to communi- 
cate over distances longer than a few 
miles. (Thus the word “Relay” in “Ameri- 
can Radio Relay League.”) 

Public service and traffic nets benefit 
hams and nonhams alike. Any noncom- 
mercial message—birthday and holiday 
greetings, personal information or a 
friendly hello—may be sent anywhere in 
the US and to foreign countries that have 
third-party agreements with the United 


Keeping a Logbook 


At one time, keeping a log of your contacts was an FCC requirement. The 
FCC has dropped this requirement in recent years, but many amateurs, both 


new and old, still keep logs. 


Why Keep a Log? 


If keeping a log is optional, why do it? Some of the more important 


reasons for keeping a log include: 


Legal protection—lf you can show a complete log of your activity, it can 
help you deal with interference complaints. Good recordkeeping can help 
you protect yourself if you are ever accused of intentional interference, or 
have a problem with unauthorized use of your call sign. 

Awards tracking—A log helps you keep track of contacts required for 
DXCC, WAS, or other awards. Keeping a log lets you quickly see how well 


you are progressing toward your goal. 


An operating diary—A logbook is a good place for recording general 
information about your station. You may be able to tell just how well that 
new antenna is working compared to the old one by comparing recent QSOs 
with older contacts. The logbook is also a logical place to record new 
acquisitions (complete with serial numbers in case your gear is ever stolen). 
You can also record other events, such as the names and calls of visiting 
operators, license upgrades, or contests, in your log. 


Paper and Computer Logs 


Many hams, even those with computers, choose to keep their logs on 
paper. Paper logs still offer several advantages (such as flexibility) and do 
not require power. Paper logs also survive hard-drive crashes! 

Preprinted logsheets are available, or you can create your own. Comput- 
ers with word processing and publishing software let you create customized 


logsheets in no time. 


On the other hand, computer logs offer many advantages to the serious 
contester or DXer. For example, the computer can search a log and instantly 
tell you whether you need a particular station for DXCC. Contesters use 
computer logs in place of dupe sheets to weed out duplicate contacts before 
they happen, saving valuable time. Computer logs can also tell you at a 
glance how far along you are toward certain awards. 

Computer logging programs are available from commercial vendors. 
Some programs may be available as shareware (you can download it from a 
BBS and pay for the program if you like the way it works). If you can 
program your computer, you can also create your own custom logging 
program—and then give it to your friends or even sell it! 


States. Many missionaries in South 
America, for example, keep in touch with 
stateside families and sponsors via Ama- 
teur Radio. 

The ARRL National Traffic System 
(NTS) oversees many of the existing 
traffic nets. Most nets are local or regional. 
They use many modes, from slow-speed 
CW nets in the Novice HF bands, to FM 
repeater nets on 2 m. 

Since the amateur packet-radio net- 
work now covers much of the US and the 
world, many messages travel over packet 
links. Amateurs use the packet radio net- 
work not only for personal or third-party 
traffic, but for lively conferences, discus- 
sions and for trading equipment. 


HF and Repeater Nets 


HF nets usually cover a region, although 
some span the entire country. This has 
obvious advantages for amateurs sending 
traffic over long distances. Repeater nets 


usually cover only a local area, but some 
linked repeater nets can cover several 
states. 

Both types of nets work together to 
speed traffic to its destination. For ex- 
ample, think of the HF nets as a “trunk” or 
highway that carries traffic quickly and 
reliably toward its approximate destina- 
tion. From there, the local and regional 
nets take over and pass the traffic directly 
to the city or town. Finally, a local ama- 
teur delivers the message to the recipient. 

Routine traffic handling keeps the 
National Traffic System (NTS) prepared 
for emergencies. In the wake of Hurricane 
Andrew in 1992, hams carried thousands 
of messages in and out of the stricken south 
Florida region. The work that hams do dur- 
ing crisis situations ensures good relations 
with neighbors and local governments. 


Other Nets 
Many nets exist for hams with common 
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R, C. C. 


This is to Certity that 


is a member-station of the 


Rag Chewers' Club 


and is entitled to all the privileges, prerogatives, rights, favors, 
glory, rank, fame, notoriety. popularity and honor of membership 
in that worthy organization. 
• 


1n accepting this certificate the member agrees to abide by 
the published rules of the organization. 


* 


Rot 


Ж, te Moe 


The Rag Chewers’ Club award is one of 
the easiest to earn. You probably 
qualify already! 


interests inside and outside of Amateur 
Radio. Some examples include computers, 
owners of Collins radio equipment, reli- 
gious groups and scattered friends and 
families. Most nets meet on the 80- and 
20-m phone bands, where propagation is 
fairly predictable and there are no short- 
wave broadcast stations to dodge. 


RAGCHEWING 


Ragchewing is the fine art of the long 
contact. Old friends often get together on 
the air to catch up on current events. 
Family members use ham radio to keep in 
touch. And, of course, new acquaintances 
get to know each other! 

In many cases, friends scattered across 
the country get together to create rag- 
chewing nets. These nets are very infor- 
mal and may not make much sense to the 
outsider listening in. The "serious" 
ragchewer's shack decoration is not com- 
plete without the Rag Chewers’ Club 
(RCC) certificate. The RCC, the Friend- 
ship Award and other certificates are dis- 
cussed earlier in this chapter. 


AMATEUR RADIO EDUCATION 
Elmering (helping new and prospective 
operators) is a traditional amateur activ- 
ity. Much of an amateurs' educational ef- 
forts go toward licensing (original and up- 
grading), but there are other opportunities 
for education, including public relations. 
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Dave Hanson, KBOEVM (г), is 
congratulated by Volunteer Examiner 
(VE) Len Buonaiuto, KE2LE, after 
passing his exam. (photo courtesy of 
KE2LE) 


Dry run just before the shuttle pass. 
Keilah Meuser is practicing with others 
looking on. 


License Classes 


Anyone can set up license classes. 
Many Amateur Radio clubs hold periodic 
classes, usually for the Novice and Tech- 
nician elements with CW practice ses- 
sions. The ARRL supports Registered 
Amateur Radio Instructors, but registra- 
tion is not necessary to conduct a class. 

If you are looking for a class to attend, 
and do not have an “Elmer” to answer your 
questions, write the ARRL Educational 
Activities Department for a list and sched- 
ule of classes in your area. If you want to 
become an instructor, you can request the 
same list of classes from the Educational 
Activities Department—most classes will 
welcome another helping hand. 


Volunteer Examiners (VEs) 


To become a VE, you must hold a 
General or higher amateur license and 
be certified by one of the VE Coordina- 
tors (VECs). The ARRL supports the 
largest VE program in the nation; other 
organizations run VE programs on a 
national or regional basis. General and 
Advanced licensees on a VE team must 
be supervised by at least one Extra Class 
licensee. 


School Presentations 


Amateur Radio complements any 
school program. Schoolchildren suddenly 
find that Amateur Radio gives them a 
chance to apply their studies immediately. 
The math and science used in Amateur 
Radio applies equally to the classroom. 
Even geography takes on a new meaning 
when a student works a new country! 

Unfortunately, many schools do not 
have an active Amateur Radio presence— 
and that is why local volunteers are impor- 
tant. An HF or satellite station, or even a 
2-m hand-held transceiver tuned to the 
local repeater, can prove an exciting and 
educational experience for both the vol- 
unteer and the students. 

Thanks to NASA’s SAREX (Shuttle 
Amateur Radio Experiment) program, 
amateurs all over the nation have put 
schoolchildren in direct contact with 
shuttle astronauts. Who knows how many 
future scientists received their inspiration 
while sitting behind an amateur’s micro- 
phone? 


ARRL FIELD ORGANIZATION 


ARRL members elect the Board of 
Directors and the Section Managers. 
Each Section Manager appoints volun- 
teers to posts that promote Amateur Radio 
within that Section. (The United States is 
divided into 15 ARRL Divisions. These 
Divisions are further broken down into 
69 Sections.) A few of the posts include: 

Assistant Section Managers—ASMs 
are appointed as necessary by the SM to 
assist the SM in responding to member- 
ship needs within the Section. 

Official Observers (OO) / Amateur 
Auxiliary—Official Observers are autho- 
rized by the FCC to monitor the amateur 
bands for rules discrepancies or viola- 
tions. The Amateur Auxiliary is adminis- 
tered by Section Managers and OO Coor- 
dinators, with support from ARRL 
Headquarters. 

Technical Coordinators (TC) and 
Technical Specialists (TS)—Technical 
Coordinators and Technical Specialists 
assist hams with technical questions and 
interference problems. They also repre- 
sent the ARRL at technical symposiums, 
serve on cable TV advisory committees 
and advise municipal governments on 
technical matters. 


EMERGENCY COMMUNICATIONS 


The FCC Rules list emergency commu- 
nications as one of the purposes of the 
Amateur Radio Service—and in reality, 
the ability to provide emergency commu- 
nications justifies Amateur Radio’s exist- 
ence. The FCC has recognized Amateur 
Radio as being among the most reliable 


Chuck, NI5I (left), and Rick, WB5TJV, were two of the man 


earthquake in Mexico City. (photos courtesy of WB5TJV) 


means of medium- and long-distance com- 
munication in disaster areas. 

Amateur Radio operators have a long 
tradition of operating from backup power 
sources. Through events such as Field 
Day, hams have cultivated the ability to 
set up communication posts wherever 
they are needed. Moreover, Amateur 
Radio can provide computer networks 
(with over-the-air links where needed) 
and provide other services such as video 
(ATV) and store-and-forward satellite 
links that no other service can deploy on a 
wide scale. One can argue, therefore, that 
widespread technology makes Amateur 
Radio even more crucial in a disaster 
situation. 

If you are interested in participating in 
this important public service, you should 
contact your local EC (Emergency Coor- 
dinator). Plan to participate in prepared- 
ness riets and a yearly SET (Simulated 
Emergency Test). 


ARES and RACES 


The Amateur Radio Emergency Service 
(ARES) and the Radio Amateur Civil 
Emergency Service (RACES) are the um- 
brella organizations of Amateur Radio 
emergency communications. The ARES is 
sponsored by ARRL (although ARRL 
membership is not required for ARES 
participation) and handles many different 
kinds of public-service activities. On the 
other hand, RACES is administered by 
the Federal Emergency Management 
Agency (FEMA) and operates only for 
civil preparedness and in times of civil 
emergency. RACES is activated at the re- 
quest of a state or federal official. 


Amateurs serious about emergency com- 
munication should carry dual RACES/ 
ARES membership. RACES rules now 
make it possible for ARES and RACES 
to use the same frequencies, so that an 
ARES group also enrolled in RACES can 
work in either organization as required by 
the situation. 


MILITARY AFFILIATE RADIO 
SERVICE (MARS) 


MARS is administered by the US armed 
forces, and exists for the purpose of trans- 
mitting communications between those 
serving in the armed forces and their fami- 
lies. This service has existed in one form 
or another since 1925. 

There are three branches of MARS: 
Army MARS, Navy/Marine Corps MARS 
and Air Force MARS. Each branch has 
its own requirements for membership, 
although all three branches require mem- 
bers to hold a valid US Amateur Radio 
license and to be 18 years of age or older 
(amateurs from 14 to 18 years of age may 
join with the signature of a parent or legal 
guardian). 

MARS operation takes place on fre- 
quencies adjoining the amateur bands and 
usually consists of nets. Nets are usually 
scheduled to handle traffic or to handle 
administrative tasks. Various MARS 
branches may also maintain repeaters or 
packet systems. 

MARS demonstrated its importance 
during the 1991 Desert Storm conflict, 
when MARS members handled thousands 
of messages between the forces on the 
front lines and their friends and families at 
home. While MARS usually handles rou- 


y hams who provided communications in the wake of a devastating 


Dave Pingree, N1NAS, hunts down a 
transmitter on 2-m FM. (photo by Kirk 
Kleinschmidt, NTOZ) 


tine traffic, the organization is set up to 
handle official and emergency traffic if 
needed. 


DIRECTION FINDING (DF) 


If you've ever wanted to learn a skill 
that's both fun and useful, then you'll en- 
joy direction finding, or DFing. DFing is 
the art of locating a signal or noise source 
by tracking it with portable receivers and 
directional antennas. Direction finding is 
not only fun, it has a practical side as well. 
Hams have been instrumental in hunting 
down signals from aircraft ELTs (emer- 
gency locator transmitters), saving lives 
and property in the process. 
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Dick Esneault, W4lJC, a member of the original Project OSCAR team, looks over a 


model of the Phase 3D satellite. The body of the actual satellite will be well over 
7 feet wide. This advanced Amateur Radio satellite is scheduled for launch in 


1996. (photo courtesy AMSAT-NA) 


We will just scratch the surface of DF 
activities in this section. There is much 
more in the Repeaters, Satellites, EME 
and DF chapter. 


Fox Hunting 


Fox hunting, also called T-hunting or 
sometimes bunny hunting, is ham radio's 
answer to hide-and-seek. One player is 
designated the fox; he or she hides a trans- 
mitter and the other player attempts to find 
it. Rules change from place to place, but 
the fox must generally locate the transmit- 
ter within certain boundaries and transmit 
at specific intervals. 

Fox hunts vary around the world. 
American fox hunts often employ teams 
of fox hunters cruising in their cars over a 
wide area. European and other fox hunters 
employ a smaller area and conduct fox 
hunts on foot. Radiosport competitions are 
usually European style. 


Locating Interference 


Imagine trying to check into your favor- 
ite repeater or HF net one day, only to find 
reception totally destroyed by noise or a 
rogue signal. If you can track down the 
interference, then you can figure out how 
to eliminate it. 

Finding interference sources, acciden- 
tal or otherwise, has both direct and indi- 
rect benefits. Touch lamps are a notorious 
noise source, especially on 80 m. If you 
can find one, the owner is legally obli- 
gated to eliminate the interference. Even 
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Assembling a 2.4-GHz Mode-S downlink 
dish is easier than you think. Ed Krome, 
KA9LNV, put together this portable 


home-brew dish in less than 15 minutes. 


It's made of wood dowels, wire mesh 
and Dacron string. The helical feed and 
reflector plate are mounted at the focal 
point. (photo by WB8IMY) 


better, if you can show your neighbors 
that something other than your station is 
interfering with their TV reception, you 
might gain an ally next time you petition 
the local government to let you have a 
higher tower! 


SATELLITE OPERATION 


Amateur Radio has maintained a pres- 
ence in space since 1961, with the launch 
of OSCAR 1 (OSCAR is an acronym 
for Orbiting Satellite Carrying Amateur 
Radio) Since then, amateurs have 
launched over two dozen satellites, with 


over a dozen still in orbit today. 

Amateurs have pioneered several devel- 
opments in the satellite industry, includ- 
ing low-orbit communication "birds" and 
PACSATs—orbiting packet bulletin board 
systems. 


What Does It Take? 


When someone mentions satellite op- 
eration, many people conjure up an image 
of large dishes and incredibly complex 
equipment. Actually, you can probably 
work several OSCARs with the equipment 
you have in your shack right now! 

The entire collection of OSCARs—and 
their operating modes—can be broken 
down into three basic types: 


Voice/CW (Analog) 


Analog satellites range from the low- 
orbit RS (Radio Sputnik) birds built and 
launched from Russia, to the high-orbit 
Phase III satellites, AO-10 and AO-13. 
Operating on analog satellites is much like 
operating on HF—you'll find lots of SSB 
and CW contacts, with some RTTY and 
even SSTV signals thrown in. 


Packet (Digital) 


Most of the digital satellites are orbit- 
ing packet mailboxes with some extra fea- 
tures. Many digital satellites carry one or 
more video cameras. These cameras snap 
pictures of Earth and space and make 
them available for downloading. Because 
most digital satellites are in low orbits, 
some clever software has been designed 
to allow ground stations to download im- 
ages (or other data files) by monitoring a 
few orbital passes. 

Several digital satellites carry an ex- 
periment called RUDAK, a versatile sys- 
tem that allows experimentation with 
packet, analog and crossband FM modes. 
The Fujisats from Japan also carry sophis- 
ticated systems that allow these birds to 
switch from analog to digital operation. 


SAREX and MIR 


The American and Russian space pro- 
grams both recognize the value of Ama- 
teur Radio in space. The space shuttles 
often carry a mission called SAREX 
(Shuttle Amateur Radio Experiment) that 
allows hams to make packet or voice 
contacts with the astronauts onboard. 
SAREX gives many schoolchildren the 
opportunity to talk to the astronauts and 
ask questions about their work. 

The Russian MIR space station carries 
a permanent packet and FM station on 
board. MIR can occasionally be heard 
with a very strong signal, even on 2-m 
hand-held radios, and some hams have 
made contacts with mobile rigs. 


Both of these orbiting amateur stations 
have proven their worth time and again. 
Their educational value is immense, and 
in case of normal communication failure 
Amateur Radio equipment provides a 
ready backup. 


REPEATERS 


Many amateurs make their first contacts 
on repeaters. Repeaters carry the vast ma- 
jority of VHF/UHF traffic, making local 
mobile communication possible for many 
hams. 

Hams in different regions have differ- 
ent opinions on repeater usage. In some 
areas, hams use repeaters only for brief 
contacts, while those in other areas en- 
courage socializing and ragchewing. All 
repeater users give priority to mobile 
emergency communications. 

The best way to learn the customs of a 
particular repeater is to listen for a while 
before transmitting. This avoids the mis- 
understandings and embarrassment that 
can occur when a newcomer jumps in. For 
example, in some repeater systems it is 
assumed that the word “break” indicates 
an urgent or.emergency situation. Other 
systems recognize “break” as a simple re- 
quest to join or interrupt a conversation in 
progress. Neither usage is more “correct,” 
but you can imagine what might happen to 
a traveling ham who was unaware of the 
local customs! 

Most repeaters are open, meaning that 
any amateur may use the repeater. Other 
repeaters are closed, meaning that usage is 
restricted to members. Many repeaters 
have an autopatch capability that allows 
amateurs to make telephone calls. How- 
ever, most autopatches are closed, even on 
Otherwise open repeaters. The ARRL 
Repeater Directory shows repeater loca- 


Give him the specifications and Sam, K6LVM, can show you 
the radiation pattern of your antenna—via ATV! (photo by 
Tom O’Hara, W6ORG) 


tions, frequencies, capabilities and 
whether the repeater is open or closed. 

Most repeaters are maintained by clubs 
and other local organizations. If you use a 
particular repeater frequently, you should 
join and support the repeater organization. 
Some hams set up their own repeaters as a 
service to the community. 


IMAGE COMMUNICATIONS 


Several communications modes allow 
amateurs to exchange still or moving 
images over the air. Advances in technol- 
ogy in the last few years have brought 
the price of image transmission equip- 
ment within reach of the average ham’s 
budget. This has caused a surge of interest 
in image communication. 


ATV 


Amateur TV is full-motion video over 
the air. (It is sometimes referred to as fast 
scan, or FSTV.) ATV signals use the same 
format as broadcast (and cable) TV. 
Watching an ATV transmission is the 
same as watching your own television. 
With ATV, however, you can turn a small 
space in your home into your own televi- 
sion studio. Amateur communication 
takes on an exciting, new dimension when 
you can actually see the person you’re 
communicating with! 

The costs of ATV equipment have de- 
clined steadily over the years. The popu- 
larity of the camcorder has also played a 
significant role. (The family camcorder 
can do double duty as a station camera!) It 
is now possible to assemble a versatile 
station for well under $1000. Amateur 
groups in many areas have set up ATV 
repeaters, allowing lower-powered sta- 
tions to communicate over a fairly wide 
area. If you’re fortunate enough to live 


scan converter. 


within range of an ATV repeater, you 
won’t need complicated antenna arrays 
or high power. 

If you can erect high-gain directional 
antennas for your ATV station, you can 
try your hand at DXing. When the bands 
are open, it’s not uncommon to enjoy con- 
versations with stations several hundred 
miles away. In addition to your directional 
antennas, you must run moderate power 
levels to work ATV DX. Most DXers use 
at least 50 W or more. 

Since this is a wide-bandwidth mode, 
operation is limited to the UHF bands 
(70 cm and higher). The ARRL Repeater 
Directory and the ARRL Operating 
Manual list band plans. The Repeater 
Directory includes lists of ATV repeaters. 
The Modulation Sources chapter pro- 
vides details on setting up an ATV station 
with dedicated or converted video gear. 


SSTV 


SSTV, or slow-scan TV, is a narrow- 
bandwidth image mode. Instead of full- 
motion video at roughly 24 frames per 
second, SSTV pictures are transmitted at 
8, 16 or 32 seconds per frame. In the be- 
ginning, SSTV was strictly a black-and- 
white mode. The influx of computers (and 
digital interfaces) have spawned color 
SSTV modes. Since SSTV is a narrow- 
band mode, it is popular on HF. Some 
experimenters run an SSTV net on 
OSCAR 13 as well. 

An SSTV signal is generated by break- 
ing an image into individual pixels, or 
dots. Each color or shade is represented 
by a different audio tone. This tone is fed 
into the audio input of an SSB transmit- 
ter, converting the tones into RF. On the 
receive end, the audio tones are regener- 
ated and fed into a dedicated SSTV con- 
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An SSTV image as seen on a standard TV set using a digital 
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verter or into a simple computer interface 
to regenerate the picture. For more infor- 
mation about SSTV, see the Modulation 
Sources chapter. 


Fax 


Fax, or facsimile transmission, is one 
of the original image communication 
modes. Fax was once unavailable to ama- 
teurs due to FCC regulations, but is now a 
legal communication mode on most HF 
and higher bands. 

Amateur Radio fax works much like old 
analog fax systems: an image is scanned 
from paper and converted into a series of 
tones representing white or black portions 
of a page. Amateurs are working on stan- 
dards for the use of digital fax machines 
over radio as well. 

Uses for amateur fax are as limitless as 
your imagination. Suppose you were hav- 
ing trouble with the design of your new 
home-brewed widget. You could fax a 
copy of the schematic to a sympathetic 
ham, who could mark in some changes and 
fax it back to you. And how about faxing 
QSL cards? No hunting for stamps or wait- 
ing for the mail to arrive! 


DIGITAL COMMUNICATIONS 


Digital communications predate the 
personal computer by many years. In fact, 
some amateurs consider CW to be a digi- 
tal mode in which the amateur's mind 
handles the encoding and decoding of 
information. For the purposes of this 
Handbook, however, we consider digital 
modes to be those traditionally encoded 
and decoded by mechanical or electronic 
means. Common digital modes in use 
today include RTTY, AMTOR, PacTOR, 
G-TOR and packet radio. 

As personal computers continue de- 
creasing in price and increasing in power, 
many have found their way into ham 
shacks. Amateurs' computers perform 
tasks as mundane as keeping station logs 
and as exciting as controlling a worldwide 
data network! 


Packet 


Packet radio is one of the fastest-grow- 
ing modes of operation within the ama- 
teur community. Packet radio's strongest 
suits include networking and unattended 
operation. Do you need to give some in- 
formation to an absent friend? Send an 
electronic mail message (or e-mail in 
networking parlance). Is your friend out 
of range of your 2-meter packet radio? 
Send your message through the packet 
network. 

In packet radio, transmitted data is 
broken into "packets" of data by a TNC 
(terminal node controller). Before send- 
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eSting 

A QSL card (or just 
"QSL") is an Amateur 
Radio tradition. QSL 
cards are nearly as old 
as Amateur Radio itself, 
and the practice has 
spread so that SWLs can 
get cards from commer- 
cial shortwave and AM 
broadcast stations. 

Most amateurs have 
printed QSL cards. QSL 
card printers usually 
have several standard 
layouts that you can 
choose from. Some offer 
customized designs at 
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WBSIMY’s QSL is a properly formatted card. 
Notice how all of the information is on one side 
of the card. 


extra cost. If you are just starting out, or anticipate changing your call sign 
(just think, you could get a call like "KCAWZK"), you may want to purchase 
a pack of “generic” QSL cards available from many ham stores and mail- 


order outlets. 


Filling Out Your Cards 


QSL cards must have certain information for them to be usable for award 
qualification. At a minimum, the card must have: 

J Your call sign, street address, city, state or province and country. 
This information should be preprinted on one side of your QSL card. 


J The call of the station worked. 


2 The date and time (in UTC) of the contact. 


2 The signal report. 


2 The band and mode used for the contact. 

Awards for VHF and UHF operations may also require the grid locator 
(or "grid square") in which your station is located. If you have no plans to 
operate VHF and UHF, you can omit the grid square (you can always write 


it in later if required). 


Many hams provide additional information on their QSL cards such as 
the equipment and antennas used during the contact, power levels, former 


calls and friendly comments. 


Sending and Receiving Domestic QSLs 


Most QSL cards can be sent as post cards within the United States, 
usually saving some postage costs. Back when postage was cheap, you 
could send out 100 post cards for a few dollars and domestic stations 
would send QSLs as a matter of course. Nowadays, if you really need a 
particular QSL, it is best to send a self-addressed stamped envelope along 


with your card. 


QSLing for DX stations is somewhat more involved and is discussed 


elsewhere in this chapter. 


ing these packets over the air, the TNC 
calculates each packet's checksum and 
makes sure the frequency is clear. On the 
receive end, a TNC checks packets for 
accuracy and requests retransmission of 
bad packets to ensure error-free commu- 
nication. 

Packet radio works best on frequencies 
that are relatively uncrowded. On busy 
frequencies (or LANs), it is possible for 
two stations to begin transmitting at once, 
garbling both packets (this is called a col- 
lision). Another common problem is the 
hidden transmitter, which happens when 


one of two stations (that are out of range of 
each other) is in contact with a third sta- 
tion within range of both (see Fig 2.1). 
Collisions can easily occur at the third sta- 
tion since neither of the other two stations 
can hear each other and thus may transmit 
simultaneously. 

Thousands of packet radio stations have 
formed a worldwide network, one that par- 
allels (and overlaps in some places) the 
massive Internet. Services available on 
the packet radio network include global 
e-mail, callbook servers, “white pages" 
servers (that provide network addresses 


Dave Patterson, WB8ISZ, checks into his local packet 
bulletin board as his cat Sam looks on. (photo by WB8IMY) 


of amateurs on the network) and gate- 
ways to (and from) the Internet. Other 
services, available in various locations, in- 
clude libraries of program and text files, 
databases of equipment modifications, 
gateways to packet frequencies on HF and 
packet satellites. 

Most amateur networkers use VHF or 
UHF radios to access the packet network. 
Many amateurs, however, can be found 
using packet on HF and the packet satel- 
lites. Both HF and satellites see a great 
deal of internode network traffic as well. 


AMTOR/PacTOR/G-TOR 


AMTOR (Amateur Teleprinting Over 
Radio) is an “RF-hardened” digital mode. 
It is based on the SITOR mode (used in 
marine communications) and is an error- 
correcting mode. 

A transmitting station using AMTOR 
sends three characters then waits for a re- 
sponse from the receiving station. (This 
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Fig 2.1—The “hidden transmitter” 
problem. Site B has established contact 
with site C, but cannot hear site A. 
However, site C can hear both stations. 
If site B transmits while site A is 
transmitting, or vice versa, a packet 
collision occurs. 


produces the "cricket" sound unique to 
AMTOR.) The receiving station sends an 
ACK (send the next three characters) or a 
NAK (repeat the last three characters). 
This exchange of ACKs and NAKs en- 
sures that only error-free text arrives at the 
receiving station. 

Actually, there is much more than this 
to AMTOR; there are several submodes 
for calling CQ, or for reliable sending to 
multiple receivers. 

PacTOR is a packet-like mode based 
on AMTOR, but with slightly longer 
packets and AX.25 compatibility. Unlike 
standard packet radio, PacTOR does not 
allow frequency sharing. PacTOR is 
much faster than AMTOR while still re- 
taining AMTOR’s ability to communi- 
cate through moderate noise or interfer- 
ence without errors. In addition, PacTOR 
uses the complete ASCII character set 
(with upper- and lower-case letters) and 
can easily handle binary data transfers. 

G-TOR uses several compression, check- 
ing and correction techniques along with 
automatic repeat requests. These tech- 
niques speed data transfer on the HF 
bands over that possible with AMTOR 
or PacTOR. The “G” in G-TOR stands 
for "Golay," a kind of forward-error- 
correction coding. 


RTTY 


RTTY is the original data communica- 
tion mode, and it remains in use today. 
While RTTY does not support the features 
of the newer data modes, such as fre- 
quency sharing or error correction, RTTY 
is better suited for “roundtable” QSOs 
with several stations. 

RTTY was originally designed for use 


John Shew, N4QQ, (at a portable station set 
makes an EME CW contact with VE3ONT. (photo by WB8IMY) 


up by KG50G) 


with mechanical teleprinters, predating 
personal computers by several decades. 
Amateurs first put RTTY on the air using 
surplus teletypewriters (TTYs) and home- 
brewed vacuum-tube-based interfaces. 
Today, of course, RTTY uses computers 
or dedicated controllers, many of which 
also support other digital modes such 
as CW, PacTOR, AMTOR and packet. 


CLOVER 


CLOVER is a relatively new digital 
communications mode. It utilizes a four- 
tone modulation system and digital signal 
processing (DSP) to pass data on the 
HF bands at a rate much faster than 
AMTOR or even PacTOR. In addition, 
CLOVER’s signal bandwidth is relatively 
narrow (500 Hz at —50 dB). When two 
CLOVER stations are linked, they share 
information concerning signal conditions 
and power output levels. As a result, 
CLOVER has the remarkable ability to 
adjust output power automatically to 
maintain a stable communication path- 
way. For example, if the signal begins to 
deteriorate at the receiving station, the 
transmitting station is “aware” of this fact 
and increases power until conditions im- 
prove. Under excellent conditions, power 
is adjusted down—sometimes to as little 
as a few watts! 

The complete CLOVER system is con- 
tained on a card that plugs into the expan- 
sion slot of an IBM-PC or compatible com- 
puter (80286 microprocessor or better). 
An SSB transceiver is also required. The 
transceiver must be very stable because 
CLOVER cannot tolerate more than ap- 
proximately 15 Hz of drift after the link is 
established. As this Handbook went to 
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press, CLOVER was primarily used as a 
means to move high-volume digital traffic 
(messages and files) on the HF bands. 


MICROWAVE AND VHF/UHF 
WEAK-SIGNAL OPERATING 


Hams use many modes and techniques 
to extend the range of line-of-sight sig- 
nals. Those who explore the potential of 
VHF/UHF communications are often 
known as weak-signal operators. Weak- 
signal enthusiasts probe the limits of 
propagation. Their goal is to discover just 
how far they can communicate. 

They use directional antennas (beams or 
parabolic dishes) and very sensitive re- 
ceivers. In some instances, they employ 
considerable output power, too. As a result 
of their efforts, distance records are bro- 
ken almost yearly! On 2-m, for example, 
conversations between stations hundreds 
and even thousands of miles apart are not 
uncommon. The distances decrease as fre- 
quencies increase, but communications 
have spanned several hundred miles even 
at microwave frequencies. 


EME, Meteor Scatter and Aurora 


EME communication, also known as 
“moonbounce,” continues to fascinate 
many amateurs. The concept is simple: 
use the moon as a passive reflector for 
VHF and UHF signals. With a total path 
length of about 500,000 miles, EME is the 
ultimate DX. 

Amateur involvement in moonbounce 
grew out of experiments by the military 
after World War II. While the first ama- 
teur signals reflected from the moon were 
received in 1953, it took until 1960 for the 
first two-way amateur EME contacts to 
take place. Using surplus parabolic dish 
antennas and high-power klystron ampli- 
fiers, the Eimac Radio Club, W6HB, and 
the Rhododendron Swamp VHF Society, 
WIBU, achieved the first EME QSO in 
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July 1960 on 1296 MHz. Since then, EME 
activity has proliferated onto most VHF 
and higher amateur bands. 

Advances in low-noise semiconductors 
and Yagi arrays in the 1970s and 1980s 
have put EME within the grasp of most 
serious VHF and UHF operators. Further 
advances in technology will bring forth 
sophisticated receivers with digital signal 
processing (DSP) that may make EME 
affordable to most amateurs. 

EME activity is primarily a CW mode. 
However, improvements in station equip- 
ment now allow the best-equipped sta- 
tions to make SSB contacts under the right 
conditions. Regardless of the transmission 
mode, successful EME operating requires: 


* Power output as close to the legal limit 
as possible. 

* A good-sized antenna array. Arrays of 
8, 16, or more Yagis are common on the 
VHF frequencies, while large parabolic 
dish antennas are common on UHF and 
microwave frequencies. 

* Accurate azimuth and elevation. 

* Minimal transmission line losses. 

* The best possible receiving equipment, 
generally a receiver with a low system 
noise figure and a low-noise preampli- 
fier mounted at the antenna. 


The ARRL sponsors EME contests to 
stimulate activity. Given the marginal 
nature of most EME contacts, EME con- 
tests designate a "liaison frequency" on 
HF where EME participants can schedule 
contacts. Contest weekends give smaller 
stations the opportunity to make many 
contacts with stations of all sizes. See the 
Repeaters, Satellites, EME and DF 
chapter for more about EME. 


Meteor Scatter 


As a meteor enters the Earth's atmo- 
sphere, it vaporizes into an ionized trail of 
matter. Such trails are often strong enough 


to reflect VHF radio signals for several 
seconds. During meteor showers, ihe 
ionized region becomes large enough 
(and lasts long enough) to sustain short 
QSOs. 

Amateurs experimenting with meteor 
scatter propagation use high power 
(100 W or more) and beam antennas with 
an elevation rotor (to point the beam up- 
ward at the incoming meteors). Most con- 
tacts are made using CW, as voice modes 
experience distortion and fading. Re- 
flected CW signals often have a rough 
note. 

The ARRL UHF/Microwave Experi- 
menter's Handbook contains detailed 
information about the techniques and 
equipment used for meteor scatter. 


Auroral Propagation 


During intense solar storms, the Earth's 
magnetic field around the poles can be- 
come heavily charged with ions. In higher 
latitudes, this often produces a spectacu- 
lar phenomenon called the aurora borea- 
lis (or northern lights) in the Northern 
Hemisphere and the aurora australis (or 
southern lights) in the Southern Hemi- 
sphere. The ionization is often intense 
enough to reflect VHF radio signals. Many 
amateurs experiment with aurora contacts 
on 10 and 2 m. Aurora contacts are often 
possible even when the aurora is not vis- 
ible. 

Equipment used to make aurora contacts 
is similar to that used for meteor-scatter 
contacts: high power, directional anten- 
nas and CW. Antenna pointing is less criti- 
cal, however, since the antenna need only 
be aimed at the aurora curtain. Reflected 
CW signals often have a rough buzzsaw- 
like note and can also be Doppler-shifted. 

The ARRL UHF/Microwave Experi- 
menter's Handbook contains detailed 
information about the techniques and 
equipment used for auroral propagation. 


nited States Amateur Radio op- 
Ж erators are encouraged by the 

Federal Communications Com- 
mission (FCC) to explore, investigate and 
experiment, with wide latitude. The gov- 
ernment wants hams to try new things, test 
new ideas and push the capabilities of two- 
way radio-frequency (RF) communica- 
tions. In this chapter, written by Brian 
Battles, WS10, you'll learn basic infor- 
mation about the most popular amateur op- 
erating modes. You'll see what each one is 
used for and its advantages and disadvan- 
tages, and you'll get a general idea of the 
resources needed to try each one. Details 
of how radio signals are created and how 
those signals are made to carry infor- 
mation is explained in later chapters of 
this book. This is an introduction; the 
other chapters of this Handbook, the 
ARRL Operating Manual, QST, QEX and 
à whole Amateur Radio publishing in- 
dustry cover the continuously evolving 
realm of Amateur Radio modes. Look in 
the References chapter for a list of 
Amateur Radio publications that describe 
specific practices, techniques and circuits 
you can use for deeper investigation. 


WHAT IS A MODE? 


In Amateur Radio, a mode is considered 
to be any modulation technique that per- 
mits two-way communication with an- 
other station using an identical or compat- 
ible system to receive and demodulate it. 
If that sounds confusing, just think of a 
simple analogy, such as the way we use 


money in modern society: A certain ° 


amount of American dollars can be used to 
purchase an item that may also be pur- 
chased with an equivalent amount in 
Japanese yen. The dollar and the yen, how- 
ever, are not directly compatible—you 


can't simply exchange them one for one. 
Yet they are both forms of payment for 
goods and services. 

This istypical of most ham radio modes. 
You can talk over an FM repeater, but a 
person with a CW receiver who tunes to 
your frequency won't hear a thing you say. 
FM and CW aren't compatible. Most 
Amateur Radio operating modes are in- 
compatible with each other, and each has 
advantages and disadvantages that make it 
worthwhile to select the best mode for the 
intended communication. Because its in- 
formation is transmitted by varying the 
carrier frequency substantially, an FM sig- 
nal uses a relatively large amount of RF 
bandwidth. Оп a relatively wide band such 
as 2m (144-148 MHz, 4 MHz wide), many 
hams use narrow-bandwidth FM (NBFM). 
NBFM requires about 15-20 kHz of spec- 
trum for each conversation (hams call 
them “QSOs”). Several such FM signals 
would easily use up all of a narrow band 
such as 30 m (10.1-10.15 MHz, 0.05 MHz 
wide), and few conversations could take 
place at the same time. Other modes, such 


Rick Castaldo, KD1BR, keeps in touch 
with his friends using 80-meter SSB. 


as single-sideband suppressed-carrier 
amplitude modulation (SSBSCAM, or 
SSB) and continuous wave (CW), require 
much less bandwidth. Here's the trade-off: 
while FM has enhanced audio fidelity 
and relatively little background noise, 
SSB and CW permit many more simulta- 
neous QSOs in any given range of frequen- 
cies. 

The radio amateur has a variety of fre- 
quencies to select from when attempting 
to establish two-way communications. At 
the low end are the medium frequencies 
(MF), specifically the 160-m band (1.8- 
2.0 MH2). Then there are the high fre- 
quency (HF) or "shortwave" bands (80- 
10 m, or 3.5-29.7 MHz). The next steps up 
are the very high frequency (VHF) bands 
(6-1.25 m, or 50-225 MHz). Above these 
are the ultra high frequency (UHF) bands 
(70-23 cm, or 420-2450 MHz). Above all 
these are the super high frequency (SHF), 
extremely high frequency (EHF) and other 
segments, more simply referred to as 
microwaves (2900-250,000 MHz). The 
band you choose affects your signal's 
range (see the chapter on Propagation). 
But the mode you select is also important, 
for many reasons. 

The key to successful Amateur Radio 
communications is signal-to-noise ratio 
(S/N). This means you can communicate 
with anyone if your signals are loud 
enough to be heard through any noise 
present. Sometimes the noise wins; there's 
always some noise present on any radio 
frequency. Similarly, there's some propa- 
gation available to any desired location. 
The propagation path may not be sufficient 
to help conduct a weak signal halfway 
around the world, but theoretically, if you 
transmitted enough power, if there were 
absolutely no noise, you could contact al- 
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most anyone in the world at any time 
propagation conditions permitted your 
signal to reach its destination. The chal- 
lenge in radio communications is to work 
within the practical constraints of your li- 
cense privileges, budget, physical capa- 
bilities and atmospheric conditions to 
maximize your chances of being heard. If 
the S/N at the receiving end is sufficient, 
you will be heard. If the noise level is too 
great, you won't get anywhere. 

Every portion of the radio-frequency 
spectrum exhibits its own unique charac- 
teristics of propagation and noise. For 
example, the MF or lower-frequency HF 
amateur bands are in a range that is par- 
ticularly subject to noise. Frequencies 
below 5 MHz exhibit ever-present ran- 
dom atmospheric noise from storms, and 
the background of “hash” generated by 
man-made electrical gadgets, appliances 
and machinery is often very loud. If you 
live in an urban environment, it can be 
difficult to hear anyone most of the time, 
especially in the summer, when thunder- 
storms rage throughout your hemisphere. 
On the other hand, radio amateurs fortu- 
nate enough to live in rural settings far 
from factories, congested housing and 
other sources of noise can enjoy good re- 
ception on 160 m, especially in the winter, 
when thunderstorm activity is lowest. 

In addition to considering the noise and 
propagation conditions on the various 
bands, an Amateur Radio operator must 
intelligently select the mode of transmis- 
sion most likely to succeed. The factors of 
concern are (1) What modes can your 
transmitter produce? (2) What mode is the 
intended recipient using? (3) What mode 
will provide the receiving station with the 
best S/N? 

The first is easiest to determine—just 
look in the manual or at your rig's front 
panel controls. The second may be more 
of a mystery. Unless you have some means 
of predicting the mode the other station is 
using, you must make an educated guess. 
The third requires an understanding of 
what each mode is best suited to accom- 
plish and how to take advantage of its 
characteristics. 

Let's examine factors (2) and (3). To 
make communications convenient, hams 
have established standard operating tech- 
niques that make it easier to choose a 
mode. For example, most amateur voice 
communications on the 160, 80 and 40-m 
bands (1.8-7.3 MHz) are conducted via 
lower sideband (LSB), while upper side- 
band (USB) is the normal mode on 20, 17, 
15, 12 and 10 m (14-28 MHz). On2 m 
(144-148 MHz) and 1.25 m (222-225 
MHz), the predominant mode is frequency 
modulation (FM) for voice and data com- 
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munications. Above 420 MHz there is a 
mixture of FM and SSB voice communi- 
cations, fast-scan amateur television 
(ATV), CW and experimental modes. 

There are exceptions to these "rules." 
Data communications, such as radio- 
teletype (RTTY ) and packet, are operated 
almost entirely on LSB at HF; DXing 
(long-distance communication) on VHF 
and UHF is mainly conducted using USB 
and Morse code; 10-m repeaters use FM. 
Aside from such exceptions, however, you 
can normally assume that stations operat- 
ing voice on 20 m are likely to be using 
USB, a 2-m repeater is almost certainly 
using FM, and a packet station on 30 m 
will be running LSB. You should set your 
transceiver accordingly. 

Once you know what modes are used by 
most operators on a given frequency, what 
frequency and mode should you select to 
have the best chance of establishing con- 
tact? You won't be heard unless your sig- 
nal significantly exceeds the noise at the 
receiving end. 

There are five main categories of com- 


munications in Amateur Radio: Radiotele- . 


graph (Morse code), radiotelephone 
(voice), radioteletype (Baudot and ASCII 
RTTY and AMTOR), digital (packet, 
PacTOR, CLOVER, G-TOR) and image 
(SSTV, FSTV and fax). Let's look at the 
main Amateur Radio operating modes and 
compare their uses and characteristics. 


CW 


CW (continuous wave) is the oldest 
mode of ham transmission in use today. It 
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CW is the perfect mode for weak-signal 
work. John Shew, N4QQ, uses CW to 
operate EME (moonbounce) during the 
1993 AMSAT Space Symposium. 


consists of a plain, unmodulated RF signal 
(or *carrier") which is transmitted by the 
closure of a manual key or an electronic 
keyer circuit (sometimes called “on-off 
keying”). CW conveys intelligence 
through the International Morse code. 
(This is a variation on the American Morse 
code used by commercial telegraphers on 
wired lines in the late 19th century.) 


AM 


Amplitude modulation was the earliest 
technique used to transmit the human 
voice over radio. [t was the dominant 
‘phone mode until the late 1940s and 
1950s, when single sideband (SSB) came 
along. AM uses a full carrier with two 
modulated sidebands, and takes up a fair 
amount of bandwidth. In practice, two 
SSB signals or eight CW signals could be 


Sounding like a broadcaster from radio’s Golden Age, Paul Courson, WA3VJB, 
operates classic AM equipment from his well-equipped shack in West Friendship, 
Maryland. The setup doesn’t just look like a broadcast station, it’s used in Paul's 
work in commercial radio production. (photo courtesy of WA3VJB) 


Morse Code: A Language, Not a Mode 


Digital signals are those that can be represented 
accurately in terms of integer numbers. Morse code has 
been called the most basic form of digital radio 
communication. It involves nothing more than three 
elements: a short tone, a long tone and a space. In digital 
perspective, these could be represented by the numerals 
0, 1 and 2. If all we can do is send separate elements, we 
are limited to three possible pieces of information. (In 
practice, there would actually be only two definite 
expressions, the 0 and 1, or short tone and long tone. A 
space by itself would be the same as no signal at all.) 

Mixing and matching the tones and spaces created a 
system to denote letters of the alphabet, the digits 0-9 
and a few punctuation marks. As a result, no individual 
character requires more than six elements to be unique 
and clear. 

Language expressed in nothing but long and short 
tones (dahs and dits) has been in use since before 
Samuel F. B. Morse devised the American Morse system 
of telegraphy. In prehistoric times, it was discovered that 
a prearranged method of sending signals could use a 
small set of such symbols, yet be a potentially powerful 
means of conveying complex information. The 
arrangement of the signals (long/short, loud/soft, bright/ 
dim, single/double, on/off) could be used to signify much 
more than just two alphabetic or numeric symbols. Morse 
and his colleagues developed a standard code that took 
advantage of the frequency with which certain English 
letters are used in language, and made efficient use of 
the way our ears and minds work. Learning Morse code 
is as easy as learning about 40 words in a foreign 
language. With practice, a "speaker" of Morse code can 
decipher a string of long and short tones and spaces at 
almost half the speed of everyday spoken English 
conversation. 

Now that we have a language, we need a means to 
transmit and receive it at two separate locations. Wired 
telegraphy was the earliest means, but the invention of 


transmitted within the bandwidth used by 
one AM signal. Because it's less spectrum 
efficient, it has been reduced to a "curios- 
ity" on the air. There are many antique 
wireless enthusiasts who derive great joy 
from the warm, rich sound of a strong AM 
signal, especially when generated by a 
properly adjusted and maintained vintage 
transmitter. AM operators use specific fre- 
quencies on almost every amateur band, 
and most polite hams respect the rights of 
AMers to operate, just as AM fans avoid 
transmitting on portions of the bands gen- 
erally used for SSB, CW, amateur televi- 
sion and digital modes. 


ANGLE MODULATION: 
FM AND PM 


FM is by far the most popular mode of 
Amateur Radio communication. The ma- 
jority of newcomers to the hobby use 
FM transceivers to operate on VHF and 
UHF frequencies; the most popular activ- 


wireless radio transmissions less than 50 years later 
made it a simple matter of turning the transmitter on and 
off in a particular sequence to produce a corresponding 
Sound at the receiving end. The first equipment used to 
create such radio signals were spark-gap transmitters. 
Spark transmitters sent an electromagnetically noisy 
pulse to a resonant antenna system where the pulse 
essentially reverberated until its energy was either 
radiated or dissipated in the resistance of the circuit. 
During the reverberation, the amplitude gradually 
decreased, so the result is a damped wave—a wave 
with changing strength. The part that was radiated 
became an electromagnetic field. The field was strong 
enough for a sensitive, specially designed antenna and 
receiver to respond to the electromagnetic bursts by 
rendering an audible sound in a headset or other 
transducer. As experiments continued, it wasn't long 
before the vacuum tube was perfected. By using a tube 
in a tuned electrical circuit, a transmitter could generate 
an almost-pure, constant unmodulated radio signal on a 
specific frequency. The signal generated by the tube 
was smoother and occupied much less space on the 
electromagnetic spectrum. 

So how did the term continuous wave (CW) come 
about? Many beginning hams mistakenly think that it 
somehow means the transmitter is emitting a constant 
RF signal. But how could this be? Wouldn't this mean 
that each press of a code key actually breaks the 
circuit, rather than closes it? Of course, that's 
backwards. A code key closes the circuit when it's 
pressed (or squeezed, in the case of a paddle). No, the 
transmitted carrier is called continuous because it's not 
damped as were the spark signals; it's continuous in the 
sense that the RF sent when the key is pressed is 
transmitted as a single radio-frequency wave of 
continuous strength. CW is the simplest mode to 
implement in a radio. You can learn more about the 
principles of CW in the Modulation Sources chapter. 


FM offers clear, reliable voice communication. This is especially critical during 
public-service activities. Using FM portable transceivers and directional antennas, 
hams operate from the Command HQ tent at the Big Sur International Marathon. 
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Table 3-1 


Equipment Requirements for Amateur Radio Operating Modes 


Mode Typical activity Radio(s) Antenna(s) 
CW, HF Ragchewing, CW transmitter/ Ranges from simple 
contesting, receiver, fixed wire antennas 
DXing, Transceiver, single to tower-mounted 
traffic handling or multiband rotatable, multi- 
element Yagis and 
phased arrays 
CW, Ragchewing, All-mode transceiver Omnidirectional 
VHF/UHF contesting, vertical; long, 
DXing, extended Yagi 
satellites (“boomer”), quagi 
or helix (depending 
on the application) 
SSB, HF Ragchewing, SSB Ranges from simple 
contesting, transceiver wire antennas up 
DXing, to tower-mounted, 
traffic handling rotatable, multi- 
element Yagis and 
phased arrays 
SSB, Ragchewing, All-mode transceiver Omnidirectional 
VHF/UHF contesting, vertical, long, 
DXing extended Yagi 
satellites (‘boomer’), quagi 
or helix (depending 
on the application) 
AM, HF Ragchewing AM or multimode Fixed wire or 
transceiver beam antennas 
FM, HF Ragchewing, Multimode Omnidirectional 
repeaters transceiver vertical or beam 
FM, Ragchewing, FM or multimode Omnidirectional 
VHF/UHF repeaters, transceiver vertical or Yagi 
contesting 
Digital Ragchewing, HF or VHF/UHF Omnidirectional 
message handling, transceiver or directional 
data networking, 
satellites 
Image Ragchewing HF SSB transceiver Omnidirectional or 


or UHF video 


directional 


transceiver 


Other 


Antenna tuner (optional) 
Tower (optional) 

Rotator (for Yagis) 
Amplifier (optional) 

CW key, paddles or keyer 


Tower or roof-mount 

for antenna desirable, 
Rotator (for Yagis) 

Key or paddle and keyer 


Antenna tuner (optional) 
Tower (optional) 
Rotator (for beams) 
Amplifier (optional) 


Tower or roof-mount 
for antenna desirable 
since DX is mostly 
line of sight 

Rotator (for Yagis) 


Antenna tuner (optional) 
Tower (optional) 
Amplifier (optional) 
Microphone 


Antenna tuner (optional) 
Tower (optional) 
Amplifier (optional) * 
Microphone 


Tower (optional) 
Amplifier (optional) 


Amplifier (optional) 
TNC or multimode 
processor 

Computer or terminal 


Amplifier (optional) 

TV camera or image scanner 
Computer (for SSTV and fax) 
Demodulator (for SSTV and fax) 


ee 


ity is voice operation via 2-m FM repeat- 
ers. In fact, many amateurs who get their 
start on the air using 2-m FM and repeaters 
are unfortunately never exposed to other 
kinds of operation; they miss the pleasure 
of using other modes and bands. Consid- 
ering that it’s mainly limited to local con- 
tacts, the 2-m band offers reliable commu- 
nication quality over a reasonably long 
range. Most VHF and UHF repeaters use 
FM, a great deal of direct, nonrepeater 
(simplex) traffic is conducted using FM, 
and there’s an FM segment on the 10-m 
band (29.2-29.8). Above 30 MHz, virtu- 
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ally all amateur packet radio is conducted 
using FM transmissions. Repeater opera- 
tion typically permits hams to use hand- 
held and mobile transceivers to make clear 
contacts over ranges of 100 miles or more. 
FM is a quiet mode, because the technique 
of angle modulation greatly minimizes the 
effects of static and noise. The trade-off is 
that a rather strong signal is needed at the 
receiver to produce the "quieting" effect 
that distinguishes FM communications. 
Frequency modulation and its sibling, 
phase modulation, is accurately known as 
angle modulation because the frequency 


or the phase of a transmitted signal's 
carrier can be shifted to provide an "FM" 
signal. Amateurs use a form of FM called 
narrowband FM, which is about 3-20 kHz 
wide. This is just enough to afford decent 
voice communication. Commercial FM 
broadcast stations (88-108 MHz inthe US) 
use wideband (200 kHz) FM, which per- 
mits transmitted audio frequencies in the 
range of 50-12,000 Hz. 


SSB 


Suppressed-carrier single sideband, 
what we call "single sideband" is an AM 


signal from which the carrier and one side- 
band have been removed. The receiving 
Station picks up the SSB signal, adds a 
carrier, and converts the RF signal back 
into voice. 

Operators who enjoy making long-dis- 
tance contacts on the VHF and UHF bands 
find that SSB is a better choice than FM. 
Even though there are many more VHF/ 
UHF transceivers on the market that offer 
only FM, SSB is useful because it’s much 
easier to copy a weak sideband signal than 
a weak FM transmission. The signal 
strength needed to quiet an FM receiver is 
relatively high. With low signal-to-noise 
ratios, it’s nearly impossible to make out 
the other operator’s voice. In conditions 
where weak signals are common, SSB can 
provide intelligible audio through a back- 
ground of considerable noise. 


DIGITAL MODES 


Technically, any means of communica- 
tion based on a simple “black-and-white” 
value can be considered a digital mode, 
because it can be expressed with simple 
whole numbers. A CW transmission can 
be viewed as a mixture of “on/off” signals, 
to which we could assign the values 1 and 
0. Conversely, a series of 1s and Os, in the 
proper order, could signify a Morse code 
message. In fact, many devices use this 
technique to encode and decode Morse 
code communication automatically. 

In addition to simply turning a signal on 
and off, there are other ways to designate 
those digital 1s and Os, or changes in state. 
Frequency shift keying (FSK) uses the 
principle of switching between two fre- 
quencies, which are used to designate the 
mark and space (on and off state, or digital 
1 or 0). FSK is achieved by using a control 
circuit to switch a transmitted carrier up 
and down by a few Hz. We can achieve the 
same result by modulating an SSB trans- 
ceiver with high- and low-pitched audio 
signals produce the functional equivalent 
of true FSK. 

The next step toward smooth, effective 
Amateur Radio communications makes 
use of machines, specifically, electronic 
digital computer processing. Fortunately, 
the FCC permits certain kinds of amateur 
digital communications because they help 
provide error-free communications even 
in difficult conditions. 


RTTY 


Before there was radio, there was 
teletype (abbreviated TTY), a system of 
sending printed text by typing on a termi- 
nal that was connected by wires to a simi- 
lar machine. The military began connect- 
ing mechanical teletype machines to HF 
radios during World War II. This was the 


birth of radioteletype, or RTTY. After 
some experimentation with simple on-off 
keying, the designers switched to FSK, 
which proved effective. 

In the days before personal computers, 
enterprising hams obtained inexpensive 
surplus TTY machines and modified them 
to provide output signals that could be fed 
into an SSB transceiver’s microphone in- 
put. The resulting signals fit within the 
bandwidth permitted for voice transmis- 
sions. A typical modern RTTY installa- 
tion consists of three parts: a computer, a 
communications processor and an FSK or 
SSB transceiver. 

In basic radioteletype (RTTY, pro- 
nounced RIT-ee), the operator types a 
continuous string of characters on the 
computer. A terminal program sends the 
characters through the serial port to the 
communications processor, which trans- 
lates the characters into the appropriate 
mark/space signals as either control sig- 
nals for an FSK transceiver (or audio tones 
for the audio input of an SSB transceiver). 
At the receiving station, the transceiver 
audio is translated by the communications 
processor into characters, which are sent 
to the computer screen via the serial port 
and terminal program. Amateur Radio 
operators use several kinds of RTTY. 

Baudot (named after French engineer 
Émile Baudot [1845-1903], pronounced 
baw-DOE), is a method of exchanging 
alphanumeric characters over wires and 
radiolinks. Baudot is sometimes referred 
to as International Teletype Alphabet 2 
(ITA2). It produces letters, numbers and a 
limited number of punctuation symbols 
with a five-bit code. Because five bits per 
character permit a limited number (32) of 
symbols, the alphabet is sent in capital 
(upper-case) letters. Baudot RTTY is the 
most widely used form of amateur RTTY 
on the HF bands. 

ASCII (an acronym for the American 
Standard Code for Information /nter- 
change, and pronounced ASK-ee) is a 
form of RTTY that transmits seven bits 
per symbol. ASCII is the same code used 
on most modern computers. It contains the 
entire upper- and lower-case alphabet, 
punctuation and some special symbols.. 


AMTOR 


In a standard RTTY transmission, only 
one station transmits, while the other re- 
ceives. Characters may be printed incor- 
rectly if the S/N is inadequate. Atmo- 
spheric static, fading or noise bursts can 
garble incoming characters. A partial so- 
lution to this challenge is a form of RTTY 
called AMTOR (Amateur Teleprinting 
Over Radio), which uses a computer pro- 
cessor to maintain a virtually error-free 


communications link. Instead of one sta- 
tion transmitting while the other passively 
receives, both stations maintain a link by 
exchanging transmissions. The sending 
station sends short bursts of data and the 
receiving station sends shorter acknowl- 
edgment (ACK) bursts between them. 
Characters are sent in groups of three. The 
receiving station checks each character, 
looking for a 4:3 bit ratio. If the ratio is 
correct for each of the three characters, 
they are displayed on the receiving termi- 
nal and the receiving station sends an 
ACK, telling the transmitting station to 
continue. If errors exist, the receiving sta- 
tion sends a negative acknowledgment 
(NAK)signal, which commands the trans- 
mitting station to resend the incorrectly 
received group. 

Because AMTOR runs a continuous 
validity check on the characters ex- 
changed, it's more reliable than "plain" 
RTTY, which can produce lots of incor- 
rect text. AMTOR is well suited to traffic 
handling and passing messages when ac- 
curacy is worth a slight trade-off in speed. 
A disadvantage of AMTOR is that both 
stations must “hear” each other well, or 
the communication is reduced to a lengthy 
exchange of poorly received character 
groups and NAKs. 


Packet 


Packet radio is an error-free mode that 
uses the complete ASCII character set and 
supports the transfer of binary data. It is 
called "packet" because data is not sent as 
a single, continuous string of characters, 
but rather transmitted in small bursts, or 
packets. Each packet contains not only the 
data to be transferred, but also overhead 
information used to route the packets and 
reassemble them into their original con- 
tinuous whole. The overhead includes data 
that identifies the sending and receiving 
stations, enabling the packet transmission 
to reach the proper destination. It also pro- 
vides the FCC-required station identifica- 
tion of the sender. | 

When two packet stations аге exchang- 
ing data, they are said to be connected. 


. One station sends a packet and then waits 


a specified amount of time for a reply. The 
receiving station checks the packet for 
errors and sends an ACK if the packet is 
error-free. If not, the receiving station 
does nothing. When the waiting time ex- 
pires, the originating station retransmits 
the packet on the assumption that it did not 
arrive error-free. Packet stations commu- 
nicate directly in many cases. If the path is 
too long to support a direct connection, 
however, packet relays known as nodes or 
digipeaters are used. 

Packet radio stations are able to com- 
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municate with each other because they 
conform to a standard format, or protocol, 
described as AX.25. This is a specifica- 
tion derived from a similar protocol, X.25, 
used by commercial packet networks. 
AX.25 version 2.0 was approved by the 
ARRL Board of Directors in 1984; it is the 
general amateur packet radio protocol cur- 
rently authorized by the FCC. 

Packet data rates are limited to a maxi- 
mum of 300 bit/s within the Amateur 
Radio bands below 28 MHz. Even at this 
relatively slow rate, noise and interference 
makes efficient packet communication 
difficult on the HF bands. Unless condi- 
tions are good at both ends of the path, 
packets must be repeated many times be- 
fore they arrive error-free. 

Above 28 MHz, data rates are not so lim- 
ited. Most VHF packet users operate their 
systems at 1200 bit/s using 2-m FM. How- 
ever, networks have been established that 
use much higher data rates---9600 bit/s and 
beyond—to link nodes and packet bulletin 
board systems over a wide area. The most 
popular networking system is NET/ROM, 
but there are several contenders such as 
TexNet, ROSE and TCP/IP. Through 
these systems the packet-radio network 
has become accessible to amateurs 
throughout the nation and the world. 


PacTOR 


Two German hams, Hans-Peter Helfert, 
DL6MAA, and Ulrich Strate, DF4KV, 
worked together to find a solution to the 
problems of HF data communication. The 
result of their effort is a blend of the best 
parts of packet radio and AMTOR: 
PacTOR. 

Helfert and Strate liked AMTOR be- 
cause it’s a simple system that works well 
with marginal signal-to-noise levels. 
However, they disliked its inadequate 
error-correction capabilities, its slow 
effective maximum data rate (less than 


35 bauds) and its use of the five-bit Baudot 
code character set (all upper-case letters). 
To make up for the deficiencies of 
AMTOR, Helfert and Strate devised a new 
system based on AMTOR that adopted 
some features of packet radio. 
Advantages of PacTOR include: 


* An error-correction algorithm called 
Memory ARQ, a method for reconstruct- 
ing an original block of data by adding 
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This suitcase houses a complete 
portable PacTOR station: transceiver, 
PacTOR controller, wire antenna and 
cables, all in one convenient package. Its 
owner, Joe Mehaffey, K4IHP, of Atlanta, 
Georgia, connects it to his laptop 
computer to operate mobile or from 
almost anywhere he pleases. He even 
used it to maintain a regular schedule 
with ham family members and neighbors 
while traveling around the Australian 
countryside. (photo by K4IHP ) 


PacTOR is becoming the digital HF mode of choice for many hams. This dedicated 
PacTOR controller by PacComm also supports Baudot, AMTOR and CW. Many 
amateurs who once used AMTOR and packet on the bands below 30 MHz have 
switched to PacTOR for its more robust capabilities. 
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together the broken pieces of that block 
as it's repeated until the block is whole. 

* Data-compression techniques (Huffman 
coding) that can increase the data trans- 
fer rate by up to 40096 over uncom- 
pressed data. 

* Compatibility with ASCII and binary 
data transfers. 

* Automatic adjustment of its data rate to 
compensate for changes in radio con- 
ditions. 

* Mark or space polarity is inconsequen- 
tial because it is frequency-shift inde- 
pendent. 

• Tolerates interference well, while main- 
taining the communication link. 

• It uses unique addresses (the complete 
call sign of a station is its PacTOR 
address). 

e Fast, reliable changes of transmission 
direction and end of transmission con- 
firmation at both ends of a connection. 


Like packet and AMTOR, PacTOR is a 
two-way affair: A transmitting station 
sends data and a receiving station sends 
back electronic acknowledgment of each 
burst of characters. Unlike packet or 
AMTOR, however, PacTOR dynamically 
adapts to conditions. Rather than relying 
on each transmission to provide a solid 
block of clear characters, PacTOR can 
accept a series of imperfect or incomplete 
data segments and "intelligently" attempt 
to reassemble them into a solid group. In 
this way, the number of transmissions is 
reduced because the receiving station may 
be able to “make out” enough detail from 
two or three successive bursts to provide 
an errorless segment of data. 


G-TOR 


G-TOR was developed by Kantronics 
with twin goals: to provide greater through- 
put on HF channels than AMTOR and 
PacTOR and to be compatible with existing 
multimode TNCs. (In spring 1995, only the 
KAM Plus implements G- TOR. The mode 
is expected to be implemented on MFJ- 
1278s later in 1995.) To increase through- 
put, G-TOR uses Huffman encoding to 
compress data, Golay forward error correc- 
tion, a cyclic redundancy check to detect 
errors, data interleaving and automatic re- 
peat requests to replace data that cannot be 
corrected. Golay encoding and interleaving 
work together to provide forward error cor- 
rection that is effective even when long 
bursts of bits are corrupted. Headquarters 
operators have seen G-TOR provide twice 
the throughput of PacTOR and four times 
that of AMTOR under difficult conditions. 
More tests are needed, however. We simply 
don't have enough data yet to know for sure 
which technique is best. 


TT Р Аар. ci zd a ae SE Vs a i 


CLOVER 


No matter which digital mode you use— 
packet, AMTOR, PacTOR or RTTY— 
data communications on the low bands can 
be a struggle because of the nature of HF. 
When HF conditions are perfect, almost 
anything works, but how often are HF 
conditions “perfect”? Under the less-than- 
perfect conditions typically encountered, 
digital modes begin to fail. It used to be 
that as conditions deteriorated, all that was 
left was Morse code. But now there’s 
CLOVER. It’s a rather complex system 
invented for the purpose of relaying files 
and text on HF bands at higher speeds than 
packet, with faster throughput and versa- 
tile self-adjusting parameters. Developed 
by Ray Petit, W7GHM, and HAL Com- 
munications Corp president Bill Henry, 
K9GWT, CLOVER is named for the 
cloverleaf waveform it produces when dis- 
played on a monitor scope. CLOVER of- 
fers improved data communication in the 
HF spectrum by using a high-speed, band- 
width-efficient modem and an error- 
correction protocol designed to counter- 
act changing propagation conditions. 

HAL Communications implemented 
CLOVER in a hardware/software system 
called PCI-4000/PC-CLOVER, for IBM- 
compatible computers (with 80286 CPUs 
or better). The user plugs a PCI-4000 
board into one PC expansion slot and in- 
stalls the PC-CLOVER software on the 
computer’s disk drive, connects the 
CLOVER card to an HF transceiver, and 
is ready to go on the air. 

On-air experience and tests indicate that 
the current version of CLOVER can reli- 
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ably pass error-corrected 8-bit data on HF 
at rates of 10-60 bytes/second. Under 
average conditions, throughput is in the 
20-40 bytes/second range—1.5-10 times 
faster than AMTOR, PacTOR or HF 
packet. 

The CLOVER system includes an 
"AUTO-ARQ" mode that provides a 
three-pronged attack against the problems 
caused by HF data signal distortion. This 
forward-error-correction will correct as 
many as 31 bytes of erroneous data for 
every 188 bytes of transmitted data, with- 
out requiring repeat transmissions. 
(AMTOR, PacTOR and packet correct 
errors only by retransmitting data.) When 
erroneous data exceeds 31 of 188 trans- 
mitted bytes, only the damaged data 
blocks are repeated. (AMTOR and 
PacTOR repeat all the data of a transmit- 
ted pulse, even for one character error.) 

The CLOVER modem samples the char- 
acteristics of each received block of data 
(the signal-to-noise ratio, frequency off- 
set and phase dispersion) to determine the 
current operating conditions. With this 
information, CLOVER optimizes the 
other station's transmitting parameters to 
match the measured conditions. (AMTOR 
and packet have no adaptive capabilities, 
and PacTOR uses an adaptive algorithm.) 

AUTO-ARQ is available in three 
flavors, or "bias" settings, for three types 
of band conditions. For average HF con- 
ditions, the “normal” bias setting offers a 
good balance between error correction, 
data rate and throughput. For extreme HF 
conditions, the “robust” or “fast” bias set- 
tings are available. The robust bias setting 
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provides the greatest degree of error cor- 
rection, but to achieve this, throughput is 
decreased. Robust bias is recommended 
for fixed-frequency operation (below 
7 MHz) where maintaining a connection 
over an unstable path is more important 
than the amount of data throughput. For 
ideal conditions (stable paths at frequen- 
cies near the MUF), the fast bias setting 
provides reduced error correction, greater 
data rates and maximum data throughput. 

The PCI-4000 board includes a 
DSP560001 digital signal processor and a 
68ECO00 control processor, which per- 
form the CLOVER modem and protocol 
processing. New PCI-4000 software is 
downloaded to the board from your PC, 
making software upgrades simple, with no 
need to replace ROM or EPROM chips. 
The PC-CLOVER software provides a 
menu-driven, split-screen user interface 
for CLOVER communications. Third- 
party software writers have written 
CLOVER bulletin board software, and 
CLOVER BBSs (CBBSs) are well estab- 
lished on the HF bands. 

There are many advantages and unique 
features in a CLOVER system. For ex- 
ample, if conditions and propagation 
permit a high-quality link between two 
CLOVER stations, they can automatically 
signal each other to lower power and in- 
crease the data-transmission speed. Under 
poor conditions, a station can request the 
other to increase power and lower trans- 
mission speed to try to reduce errors. At 
this writing, CLOVER is implemented in 
hardware only. This means that it's sold as 
a special plug-in card that goes into a stan- 


Bill Henry, KSGWT, and Ray Petit, W7GHM, are the fathers of CLOVER, an extraordinarily powerful mode of digital communi- 
cation. It's an adaptive, error-correcting mode that can pass information over long-distance radio links under severe 
conditions of poor propagation. This is the original CLOVER adapter, the HAL PCI 4000, a one-slot add-on board for IBM- 


compatible personal computers. 
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Hams can say “I'll fax you” with ease, 
by using a home computer with the 
right hardware and software. Ralph 
Taggart, WB8DQT, of Mason, Michigan, 
transmitted this picture of his daughter 
Jennifer with a system that doubles as 
a slow-scan TV adapter. (photo by 
WB8DQT) 


dard expansion slot in an IBM-compatible 
personal computer. 


Image—FSTV, SSTV and Fax 


Amateur television (ATV) comes in two 
main categories: fast-scan TV (FSTV) and 
slow-scan TV (SSTV). ATV allows hams 
to send television pictures over the air- 
waves. SSTV originated earlier; it is a 
technique used to send color or black-and- 
white still pictures over HF, using band- 
width comparable to that used by SSB 
voice. Because of the large amount of in- 
formation required to transmit a video 
image, the bandwidth restrictions for HF 
operation limit the mode to still pictures. 
FSTV, on the other hand, is used on the 
UHF bands, where the FCC permits hams 
to use much broader bandwidths. There- 
fore, a UHF FSTV picture can be a real- 
time moving picture. 

Many amateur TV experimenters use 
home camcorders to supply the input to 
their FSTV transmitters. Watching a re- 
ceived FSTV signal looks almost the same 
as a commercial TV broadcast. In fact, 
some FSTV enthusiasts outfit their sta- 
tions with “professional” video and pro- 
cessing equipment, such as cameras, 
monitors, switchers, special-effects de- 
vices and computers to control and mani- 
pulate images. There are numerous FSTV 
repeaters around the US. 

Fax is an additional form of image com- 
munications. Fax is an abbreviation for 
facsimile, a form of transmission that 
sends a visual “photocopy” of a two- 
dimensional image, such as a piece of 
paper, a photograph or a diagram. The first 
fax machines were mechanical devices 
with paper wrapped around a rotating 
drum, or scanned by a moving light source. 
The light and dark spots on the paper (that 
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is blank space and typewritten characters) 
were converted to electrical impulses. 
These impulses were sent along wires to a 
receiving device that converted the im- 
pulses back into an image on paper. 

Modern amateur faxes are sent using 
PCs and special software. The images may 
be almost any computer file format. Im- 
ages are often created by using a device 
called a scanner to convert a printed im- 
age into a digital format. The software 
converts the image into audio tones that 
are sent viathe transmitter for decoding at 
the receiving end. The receiving station 
can display the faxed image on a com- 
puter monitor screen or printer. Fax im- 
ages can also be "captured" as they are 
received and saved to a disk file for later 
access (for example viewing, printing, 
resending, modification). When a fax 
transmission begins, the receiving station 
must be tuned in and listening so that it 
can receive and decode the synchroniza- 
tion data sent at the beginning of the fax. 
Without the sync data, the receiving sta- 
tion can't properly interpret the image. 
This presents a challenge: In voice, Morse 
code, RTTY, packet or ATV, the operator 
may identify his or her station using that 
mode. Faxing is different: The FCC 
doesn't accept a faxed station identifica- 
tion as a fulfillment of the legal require- 
ment to identify at least once every 10 
minutes during a transmission, and inter- 
rupting a fax transmission to send a Morse 
code or voice identification causes the 
transmitting and receiving stations to lose 
synchronization. Because faxes can take 
a long time to transmit, new operators 
must learn what size file can be faxed in 
the span of 10 minutes before the trans- 
mission must be interrupted to send the 
required station identification. 


SPREAD SPECTRUM 


Each mode has its limits. Whether it’s 
voice, Morse code, visual images or com- 
puter data, only a particular, calculable 
quantity of information can be transmitted 
via Amateur Radio. This limit is imposed 
by the laws of physics, FCC regulations, 
or both, or by the state of technology (or 
its cost). Two obstacles to sending greater 
amounts of information are bandwidth and 
frequency congestion. Spread spectrum 
implies the use of a wide bandwidth, and 
that’s correct, in a way. It doesn’t mean 
that a station transmits a single “wide” 
signal, but that it slices a whole band into 
a belt of frequencies that it can use virtu- 
ally simultaneously. Although a signal is 
actually present only on one frequency at 
a time, the effect is that of having a whole 
band to operate within. 


The bandwidth of an amateur emission 
is restricted by FCC specifications. A 
signal may only take up a given amount 
of space. If so much information is to be 
carried that the transmitted signal be- 
comes too broad, it reduces the number of 
stations that can use a band. If several sta- 
tions wish to transmit simultaneously on 
one part of a band, one of two things hap- 
pens: They interfere with each other or 
they must take turns, thereby reducing the 
total amount of information that can go 
through each RF circuit over a period of 
time. 

On the other hand, what if a station 
could transmit information over a wide 
range of radio frequencies, but use only 
one at a time? Assuming the transmitter 
and receiver were synchronized, a signal 
could jump from one frequency to another 
in a matter of milliseconds. Each "hop" 
would last a mere blink of an eye (or actu- 
ally, much less time than it takes a human 
to blink an eye). Now several stations 
could occupy the same bandwidth at the 
same time, as long as their respective hops 
didn't coincide too often. With the proper 
electronic processing (computer hardware 
and/or software), each pair of stations 
could have the equivalent of a whole band 
to themselves. And several pairs of sta- 
tions could see almost the same “free 
space” on a band because the only time 
they would be aware of each other would 
be if a random hop happened to coincide. 
Mathematical formulas can be used to 
minimize the odds of frequent “collisions” 
and a list of specific “plug-in” frequency 
schedules could be used to allow outsiders 
to monitor a frequency-hopping QSO or to 
locate and respond to a CQ. (In fact, the 
FCC has stated that hams may use only 
a narrow range of spread-spectrum 
schemes. This makes it possible to moni- 
tor such operations. It also precludes hams 
from using protocols that might effec- 
tively amount to data encryption.) 

Spread spectrum remains largely an 
experimental mode. It’s limited to certain 
frequencies and methods of implementa- 
tion, and requires equipment and designs 
that are on the edge of radio technology. 
Advanced amateur and commercial devel- 
opment, however, may lead to wider use 
of this technique of conserving limited 
radio spectrum. 


ACSSB 


Amplitude-Compandored Single Side- 
band uses a suppressed-carrier, single- 
sideband AM signal passed through a 
compressor and an expandor. This is an 
experimental mode in which voice audio 
is “compressed” electronically to mini- 


mize its bandwidth, then transmitted as 
SSB signals over the air. The receiving 
station “expands” (uncompresses) the 
audio back to its original bandwidth. 
The theory is that a high-quality audio 
signal can be passed over a narrow radio 


bandwidth, which provides.good com-: 


munication while conserving spectrum 


Glossary 


ACK-— An abbreviation for “acknowledg- 
ment." AMTOR and PacTOR stations 
exchange ACKs to verify that infor- 
mation has been received without errors. 

ACSSB—Amplitude Compandored Single 
Sideband. A narrow-bandwidth, low- 
noise AM mode designed to compete 


with narrow-bandwidth FM inthe Land ` 


: Mobile Radio Service. 
AM-—Amplitude modulation. Full AM 


transmissions use a full carrier with two. - 


modulated .sidebands, however, SSB 
` and ACSSB are both AM modes. 
AMTOR—Amateur Teleprinting Over 
Radio. A popular method of digital 
communication on the HF bands. 
ASCII—American Standard Code for 
Information Interchange. A ‘standard 
method of encoding data so that it can 
be understood by many computers. 
AX.25—The Amateur Radio version of 
the CCITT X.25 packet protocol (x.25 


space. For ACSSB to work, the seriding 
and receiving stations must operate in 


. nearly perfect synchronization. Extremely 


stable transmitters and receivers must be 
used to make the compression-expansion 
“Joop” work. Most radio equipment ca- 
pable of such stability i isn't commercially 
available at typical "amateur" prices. 


r 


· is used for computer communications 
over telephone lines). 
Bit—A binary digit, 0 or 1, mark or space. 


Connect—To establish a data communi- ` 


cations link between two packet sta- 
tions. i 

CW—Continuous wave. A transmission 
consisting of an unmodulated carrier. 

Digipeater—Digital repeater. A device 
that rėceives, temporarily stores, and 
then retransmits packet radio transmis- 
sion directed specifically to it. 

DXing—Operation to contact far-distant 
stations (foreign countries on HF, be- 
yond the radio horizon on VHF апа 
higher bands). 

FM—Frequency modulation: A form of 
modulation where the RF carrier shifts 
frequency according to the amplitude of 
the modulating audio signal. 

FSK—Frequency shift keying. Modulat- 
ing a transmitter by using data signals to 


` 


Variations of only acouple of Hz can make 


‘a mess of the received audio, and the ef- 


fects of fading and frequency drift can 
render the system almost unintelligible. 
When it works properly, though, ACSSB 


_ provides a good audio link. Most ACSSB 


experimentation in Amateur Radio is per- 
formed on VHF and UHF. 


shift the carrier frequency. Commonly 
used for digital transmissions. 
NAK—An abbreviation for “попас- 
knowledgment.” AMTOR and PacTOR 
stations exchange NAKs to request re- 
transmission of data (due to errors). 
Node—A junction point in a packet net- 
work where data is relayed to other des- __ 
tinations. A node can support more than 
one user at a time and operate on several 
different frequencies simultaneously. 
TNC (terminal node controller)—Soft- 
ware or hardware that processes packets. 
RTTY—Radioteletype. A method of 
sending text information using shifting 
MARK/SPACE signals or audio tones. 
SSB—A form of amplitude modulation 
(AM) in which the carrier and one side- 
band are removed. 
Yagi—A multielement antenna made up 
of one driven element and one, or more, 
parasitic elements. 
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ooner or later, most hams will find 
x they need to make some sort of 

measurement or perform a calcu- 
lation as part of their hobby. This is true 
whether they are calculating an antenna 
length or designing a new piece of station 
equipment. When they do, they will be 
using mathematics. The math skills re- 
quired for most electronics calculations 


can be developed and used by just about 
anyone. 

This chapter, written by Larry 
Wolfgang, WR1B, provides a brief review 
of the most important math concepts 
needed for electronics and Amateur- 
Radio-related use. It will serve as a re- 
fresher for those hams who may have been 


Mathematical Terms and Symbols 


Mathematics uses letters, symbols and 
odd-looking characters to represent vari- 
ous quantities in a kind of short-hand no- 
tation we call equations. To those unfa- 
miliar with the language of mathematics, 
these strange names and symbols can be 
very confusing. Once you have learned 
some basic terms and understand what the 
symbols represent, the elegance of an 
equation can begin to come through. In 
this section we will introduce some of the 
most common mathematical terms and 
symbols. 


DEFINITIONS OF MATHEMATICAL 
TERMS 


Algebra—The branch of mathematics that 
uses letter symbols to represent various 
quantities, and which establishes rules 
for manipulating these expressions. 
Much of the discussion in this chapter 
involves the rules of algebra. 

Binary number system—A number sys- 
tem that uses only two symbols, 0 and 1. 
The binary system is very useful in digi- 


tal electronics, because most digital 
electronics circuits only have to mea- 
sure two voltage or current conditions: 
on or off. Most of these circuits repre- 
sent the on condition as a 1 and the off 
condition as a 0. (See also Decimal 
number system, Hexadecimal number 
system and Octal number system.) 
Cross multiplication—The most common 
equation-solving technique used with 
proportions. This involves moving 
terms diagonally across the equal sign. 
We can use the letters a, b, c and d to 
represent four terms of a proportion: 


Then by cross multiplication, we can 
also write the following equivalent ex- 
pressions: 

b 

ad = bc and Be 

с d 
Cube—Multiplying a number or quantity 
by itself three times. Cubing a quantity 
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tics for 
dio 


familiar with the topics, but who have long 
since forgotten how to apply them. The 
examples will also help those who have no 
prior math background to work through 
many of the calculations associated with 
this Handbook. Those readers who would 
like a more detailed explanation should 
turn to the Math Unit of ARRL’s Under- 
standing Basic Electronics. 


means it is raised to the third power, or 
has an exponent of 3. (23=2x2x2= 
8) 

Cube root—That value which, when 
multiplied by itself three times, gives the 
value whose cube root you want to find. 
(4/8 = 81/3 = 2 and 3/-8 = -85 = —2) Odd 
powered roots have only one possible 
value. 

Decimal number system—A number sys- 
tem that uses ten symbols, 0 through 9, 
to count, measure and calculate. The 
mostcommon number system. (See also 
Binary number system, Hexadecimal 
number system and Octal number sys- 
tem.) 

Equation—A statement of mathematical 
balance. All that appears on one side of 
the equal sign (=) is equivalent to any 
expression on the other side. The two 
sides usually don't appear identical (2 
= 2), but the expression on one side rep- 
resents the expression on the other side 
(x = 2). The x here represents a vari- 
able, or unknown quantity. 
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Exponent—A value following a number, 


raised above the line of the number, or 
written as a superscript, to show the 
number is to be multiplied by itself. 
(10? indicates that 10 is to be multiplied 
by itself three times — 10 x 10 x 10). 
The rules of working with exponents are 
covered later in this chapter. 


Formula—Another name for an equation, 


especially when it represents a pro- 
cedure used to calculate some quantity. 
(E = ІК is a formula that tells us to mul- 
tiply current times resistance to find 
voltage.) 


Hexadecimal number system—A number 


system that has 16 characters; labeled 0 
through 9, A, B, C, D, Eand F. The hexa- 
decimal system (often abbreviated hex) 
is convenient for use with digital com- 
puters because hexadecimal digits can 
be coded as groups of four binary digits. 
In this case, 0001 represents hex 1, 1000 
represents hex 8, 1010 represents hex A 
and 1111 represents hex F. (See also 
Binary number system, Decimal num- 
ber system and Octal number system.) 


Infinity—The term used to describe the 


mathematical concept of having no 
boundaries. There is no “largest num- 
ber" or "smallest number,” because you 
can always add 1 to obtain a larger 
number, or further divide to obtain a 
smaller one. 


Integers—The “counting numbers,” such 


as 1, 2, 3, 4, 5. Integers also include 
negative values. The number line of 
Fig 4.1 is helpful to picture positive and 
negative integers. (See also Real num- 
bers.) 


Octal number system—A number system 


that uses eight characters, 0 through 7. 
This system is often used with digital 
computers, because groups of three 
binary digits can be coded to represent 
an octal digit. For example, 001 repre- 
sents octal 1, 010 is the same as octal 2 
and 111 represents octal 7. (See also 
Binary number system, Decimal 
number system and Hexadecimal 
number system.) 


Power of 10—The exponent used with 10 


when a number is written in exponential 


or scientific notation. The exponent 
tells how many places and in what di- 
rection the decimal point is moved. 


Proportion—Two ratios that are equal to 


each other (or both equal to the same 
quantity). Proportions are a powerful 
mathematical tool because you can 
often write an equation to calculate 
some unknown quantity based on your 
knowledge of another ratio. Proportions 
are useful because when you know three 
of the four quantities, it is a simple 
matter to find the fourth. Later in this 
chapter we show you how to use propor- 
tions to convert between US Customary 
and metric system measurements. 


Radicalsign— {| . A symbol written with 


a number or mathematical expression 
under the line, to represent a square root, 
such as V4 =2. If there is a superscript 
number in front of the radical sign, then 
it represents the root indicated. 
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Ratio—A fraction, with one quantity di- 


vided by another. The value of x is the 


Table 4.1 
The Greek Alphabet and Common Electronics Quantities 
Greek letter Pronunciation Upper Case Common Use Lower Case 
Alpha 'al-feh A Angle of a triangle а 
Beta 'ba t-eh B Angle of a triangle p 
Gamma 'gam-eh Г Transmission line voltage у 
reflection coefficient 
Delta ‘del-teh A Change in quantity ô 
Epsilon ‘ep-seh-lan E € 
Zeta 'zat-eh Z G 
Eta 'at-eh H n 
Theta 'that -eh ($) Angles e 
lota i-'ot-eh I 1 
Карра 'kap-eh K K 
Lambda 'lam-deh A À 
Mu туй M H 
Nu nü N v 
Xi ksi = E 
Omicron 'ám-eh-krán О о 
Pi pi n л 
Вһо ro P p 
Sigma 'sig-meh У Summation of a series (е) 
Таи tau T T 
Upsilon 'yüp-seh-làn Y v 
Phi fi o Angles o 
Chi ki X X 
Psi si v Vy 
Omega o-'meg-eh Q Ohm, resistance, 0) 


normalized frequency 


Common Use 


Transistor common-base 
current gain 


Transistor common- 
emitter current gain 
Phase 


Dielectric constant, permittivity 


Angles 


Wavelength 
Metric prefix for 10-6, permeability 


3.14159 (ratio of circumference 
to diameter of a circle) 


Transmission line reflection 
coefficient, resistivity 


Time constant, LC circuits 


Angles 


Frequency in radians per 
second (2zf), angular velocity 
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ratio of the circumference of a circle (C) 
to the diameter of the circle (d), for ex- 
ample. 


5 


Voltage standing-wave ratio (VSWR or 
SWR) is the ratio of maximum voltage 
on a feed line to the minimum voltage 
on the feed line. Written as a fraction, 
we use this ratio to form an equation 
that shows one way to calculate SWR: 


SWR = Ia 


Real numbers—All possible numbers, 
including all the fractions between 
integers. (Fractions can be written as a 
ratio of two numbers, or as a decimal 
value that is the result of the division. 
4.5 and 4'/ represent the same real 
number. The decimal value is often only 
an approximation, however, such as 
6.333 and 6!/5.) 

Reciprocal—A quantity divided into 1 
(often written as 1/х). Reciprocals аге 
so important that the quantity is often 
given a name of its own. For example, 
in electronics, the reciprocal of resis- 
tance is called conductance. Using let- 
ter symbols to represent the quantities 
(R is resistance and G is conductance). 
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Root (of a number)—A value which, 
when multiplied by itself the speci- 
fied number of times, gives the value 
whose root you want to find. Most 
common in electronics is the square 
root of anumber, and occasionally the 
cube root. Roots may be written with 


-8 -7 -6 -5 -4 -3 -2 - 


a radical sign (J ) or as a fractional 
exponent. (44 = 4' = 2) 

Square—Multiplying a number or quan- 
tity by itself. Squaring a quantity means 
it is raised to the second power, or has 
an exponent of 2. (22 = 2 x 2 = 4) 

Square root—That value which, when 
multiplied by itself, gives the value 
whose square root you want to find. 
Actually, there are two values for a 
square root. (4/4 = 4'^ = +2 and -2) 
Even-powered roots have both the 
positive and negative values possible. 

Subscript—A number or expression fol- 
lowing a variable, written slightly 
lower than the line of the variable; 
R,, R2, Е; and E, are examples of 
quantities with subscripts to dis- 
tinguish similar, but different quanti- 
ties. 

Superscript—A number or expression 
written following a number or vari- 
able, written slightly higher than the 
line of the number or expression; 
52, x3, (25 + I)? and E? are examples 
of expressions with superscripts. 

Variable—An expression that can take 
on different values. Variables are 
sometimes given subscripts. 


GREEK ALPHABET 


Upper- and lower-case characters of 
the Greek alphabet are often used to 
represent various measurements and 
constant values. Few English-speaking 
people are familiar with Greek, so some 
of these characters can look pretty 
strange. Table 4.1 shows the upper and 
lower case Greek alphabet, the charac- 
ter pronunciations, and the electrical 
and electronics quantities some of these 
characters often represent. 


Number Line 


12 13 


TABLE OF MATHEMATICAL 
SYMBOLS 


In addition to Greek characters and 
other letter symbols, there are many spe- 
cial math symbols used when we write 
equations. Table 4.2 shows many of these 
common math symbols. 


Table 4.2 


Some Common Mathematical 
Symbols 


Symbol | Meaning 

* Addition, plus 

- : Subtraction, minus 

t Plus or minus 

X, °,* Multiplication, multiply by 
+, Division, divide by 

Equal to 

Not equal to 
Approximately equal to 
Similar, equivalent 

Less than 

Less than or equal to 
Greater than 

Greater than or equal to 
Ratio of, is to 
Proportional, varies directly as 
Therefore 

Degree 

Angle 

Right angle 
Perpendicular to 

Parallel to 

Identical to 

Infinity 

Radical, square root (Also 
written with a superscript 
before the symbol to express 
other roots, such as $ to 
represent a cube root.) 
Integration 

Summation 


1 cog 
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14 15 


16 17 18 


19 20 


Fig 4.1 — The number line gives us a way to represent all numbers, both positive and negative, and is useful for 


remembering arithmetic operations. 
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Significant Figures and Decimal Places 


Any measurement is only as good as the 
measuring instrument used, and as reliable 
as the person making the measurement. 
The accuracy of a measurement refers to 
how close the value is to an accepted value 
or standard. You might use a dip oscillator 
to measure the resonant frequency of a 
radio circuit. The measured value will 
probably not be very accurate, since dip 
oscillators are usually designed only to 
measure a general range. If you want to 
ensure that your transmitter is operating 
inside the amateur band edge, you might 
try a frequency counter or crystal calibra- 
tor, for example. So the measuring instru- 
ment plays the greatest role in determin- 
ing the accuracy of a measurement. (This 
assumes the person taking the measure- 
ment understands how to use the instru- 
ment to take full advantage of it. An op- 
erator who does not know how to use or 
read the instrument properly will not ob- 
tain accurate measurements!) 

Precision refers to the repeatability of a 


Fig 4.2 — This voltmeter scale reads 
from 0 to 10 V, with marks every 0.2 V. 
The meter is reading a value greater 
than 4.6 but less than 4.7 V. With care 
you may be able to estimate the 
reading as 4.68 V, but the digit 8 really 
only represents a guess. That digit is 
uncertain because you cannot read it 
directly from the scale. 


14= 1200 mA 


12= 256 mA 


measurement. You might take five fre- 
quency readings using the dip meter men- 
tioned above, with all five readings being 
7.14 MHz. This set of measurements 
would have good precision, but because 
the instrument is not designed for high 
accuracy, you can’t be sure of the actual 
frequency. Other factors might affect the 
precision of a measurement, such as the 
operator’s skill at adjusting the measuring 
instrument, errors in reading the scale and 
the operation of the instrument itself. 
The value you can read from the scale of 
a measuring instrument helps determine its 
precision. If you are using a ruler marked 
off only to the nearest quarter inch, you may 
be able to estimate measurements to an 
eighth inch, but you certainly can't read that 
scale to the nearest thirty-second of an inch! 
It will be difficult to measure two objects 
that differ in length by a sixteenth of an 
inch with this ruler. Precision also indicates 
the resolution of a measurement, or how 
small a change can really be detected. 
The significant figures of a measure- 
ment represent all the digits that you can 
read directly from the scale, plus one digit 
that is estimated. Fig 4.2 shows a volt- 
meter scale marked from 0 to 10 V, with 
lines indicating every 0.2 V. You can see 
that the needle indicates a value between 
4.6 and 4.8 V, and perhaps you can even 
tell if the needle is more or less than half 
way between the marks. You know the 
reading is a little less than 4.7 V, but you 
really can’t be sure how much less. You 
can estimate that the reading is 4.68 per- 
haps, but the 8 can’t be read directly from 
the scale. Someone else might look at the 
same reading on the same meter and esti- 
mate the value at 4.67 V or even 4.69 V. 
None of these readings is more correct 
than any other, because each represents an 
estimate of the value of the last digit. This 
reading has three significant figures. 
Any calculations made involving this 


13=105.4 mA 14= 780 mA 


Fig 4.3 — This parallel circuit has four branches connected to the battery. 
Ammeters measure the current through the branches, with the readings indicated. 
This circuit illustrates measurements with two, three and four significant figures 
(1, and 14, 1, l} respectively). 
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measurement are limited by the accuracy 
of the reading. It would be completely 
unreasonable to say that 4.68 V produces 
acurrent of 17.01818 mA when connected 
to a 275-Q resistor, even though your cal- 
culator shows all these digits. 

The rules of significant figures tell us 
how many digits to include in any calcula- 
tion based on a measured quantity. They 
also help us predict the accuracy of a calcu- 
lation based on real component tolerances. 
These rules allow us to specify the accu- 
racy of the calculated value, as it relates to 
the measurements on which the calculation 
is based. There are six rules to tell you how 
to count and write significant figures in a 
measured or calculated quantity. 


1. All nonzero digits are significant: 
275.4 mA has four significant digits. 
2. All zeros between nonzero digits are 
significant: 25.004 m has five signifi- 

cant digits. 

3. Zeros to the right of a nonzero digit, but 
to the left of an understood decimal 
point are not significant unless they are 
specifically indicated to be significant. 
You can indicate such zeros to be sig- 
nificant by drawing a bar over the 
rightmost significant zero: 21100000 
hertz has three significant figures; 
21100000 hertz has five significant 
figures. 

4. Zeros to the right of a nonzero digit, but 
to the left of an expressed decimal point 
are significant: 21100. kHz has five sig- 
nificant figures. 

5. Zeros to the right of a decimal point but 
to the left of all nonzero digits are not 
significant: 0.001702 A has four signifi- 
cant figures. (There is a zero before the 
decimal point to indicate that no digits 
to the left of the decimal point were 
dropped. Also notice that the zero be- 
tween the 7 and the 2 is significant — 
remember rule 2.) 

6. All zeros to the right of a decimal point 
and following a nonzero digit are sig- 
nificant: 2.00 V has three significant 
figures. 


There are a few rules for determining 
the number of significant figures that re- 
sult when you use measured values in a 
calculation. These rules are important to 
ensure that you don't imply a result to a 
greater precision than the measurements 
would allow. 

Notice we said measured values here. 
Neveruse the number of digits in the value 
of a physical constant to limit the number 
of significant figures in a calculation. For 
example, the constant 2 or the value of n 
won't limit the number of significant fig- 


ures in a calculation of reactance. (Хү = 
21 fL) Likewise, values of trigonometric 
functions and logarithm values aren't usu- 
ally limited by the number of significant 
figures in the number used to find the func- 
tion value. 

When adding or subtracting measure- 
ments, remember that the rightmost sig- 
nificant figure represents an uncertain 
value. The rightmost significant figure in 
a sum or difference calculation occurs in 
the leftmost place that an uncertain value 
occurs in any of the measured quantities. 
The following example illustrates this 
rule. 

Fig 4.3 shows a parallel circuit with four 
branches. Ammeters measure the current 
through each branch. The four current 
measurements are 1200 mA, 256 mA, 
105.4 mA and 780 mA. What is the total 
current supplied to this circuit? The first 
measurement has only two significant fig- 
ures, and the hundreds column represents 
an uncertain value. The second measure- 
ment has three significant figures and the 
units column is uncertain. The third cur- 
rent has four significant figures, with the 
tenths column being uncertain. The last 
current value has two significant figures, 
and the tens column is uncertain. Fig 4.4 
shows how to determine the last signifi- 
cant place in the answer. Round off the 
result of this addition to the hundreds 
place, so this circuit has a total current of 
2300 mA. (The rules for rounding num- 
bers are covered later in this section.) 

When you multiply or divide measured 
quantities, the answer cannot have more 
significant figures than the least precise 
factor. As an example, use Ohm’s Law to 
calculate the resistor values in Fig 4.3. 
Fig 4.5 shows how to determine the sig- 
nificant figures for these calculations. 


ROUNDING VALUES 


After you determine which digit is the 
last significant figure in a calculation, you 
will have to round off the arithmetic an- 
swer. Four rules govern how to round off 
values properly. 


1. If the first digit to be dropped is 4 or 
less, the preceding digit is not changed: 
456351 rounded to three significant fig- 
ures becomes 456000 (with no decimal 
point at the end). 

2. If the first digit to be dropped is 6 or 
more, the preceding digit is increased 
by 1: 456351 rounded to two significant 
figures becomes 460000 (with no deci- 
mal point at the end). 


3. If the digits to be dropped are 5 fol- 
lowed by digits other than zeros, the pre- 
ceding digit is increased by 1: 456351 
rounded to four significant figures be- 
comes 456400 (with no decimal point at 
the end). 

4. If the digits to be dropped are 5 fol- 
lowed by zeros (the digit to be dropped 
is exactly 5) the preceding digit is not 
changed if it is even; it is raised by 1 if 
it is odd: 456350 rounded to four sig- 
nificant figures becomes 456400 but 
456450 rounded to four significant fig- 
ures also becomes 456400 (with no 
decimal point at the end). (Another way 
to think of this rounding rule is that 
when the digit to be dropped is exactly 
5, we round to the even value.) 


Three Significant Figures 


—— 
24.0 V 
1, 1200 mA 
Ган) 


240V — 
12A 


Two Significant 
Figures 


Three Significant Figures 


24.0V 


^ 256mA 0.256 А 
—— 
Three Significant 


Figures 


Three Significant Figures 
E 24.0 V 24.0V 


— = z———— — = 227.70398 Q = 


з 105.4 тА 0.1054 A 
——— 


Four Significant 
Figures 


Three Significant Figures 
—— 
E 240V 240V 


Г Left most uncertain value 
1200 mA "measurements 


256 mA 
105.4 mA 
* 780 mA 


Right most significant 
figure in answer 


2341.4 
2300 c Total current value rounded 

off to show the hundreds column 
as the last significant figure 


Fig 4.4 — This calculation shows the 
proper use of the rule for addition and 
subtraction using significant figures. 
The current measurements from Fig 4.3 
are added to calculate the total circuit 
current. The resulting value is then 
rounded off to make the hundreds 
column the last significant figure. 


Two Significant 
Figures 


= 93.75 Q = 93.8 Q 
== 


Three Significant 
Figures 


228 Q 


Three Significant 
Figures 


=== = 30.76923 Q = 3102 
= 


з 780mA 0.78A 


Two Significant 
Figures 


Two Significant 


Figures 


Fig 4.5 — These calculations show the proper use of the rule for multiplication 
and division using significant figures. The battery voltage and current 
measurements from Fig 4.3 are used to calculate the four resistor values. The 
resulting values are rounded off to show the proper number of significant figures. 
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Laws of Exponents 


Exponents tell how many times a num- 
ber or quantity is to be multiplied by itself. 
Equations often involve terms that include 
exponents. Two special cases with expo- 
nents are worth mention before we cover 
the rules for mathematical operations with 
exponents: 


a!'=aanda®=1 


Any value raised to a power of | gives 
the value itself, and any value raised to the 
zero power is 1. We can also use numbers 
to give a few examples: 


101 = 10, 5! = 5 and 3! = 3 
100 = 1, 50 = 1 and 30 = 1 


When you know the basic rules of alge- 
bra involving exponents, you will be able 
to manipulate the terms in an equation. 
There are only a few rules to remember, 
and they involve multiplication and divi- 
sion of numbers with exponents. 


1. If you are adding, subtracting, multi- 
plying or dividing two numbers involv- 
ing exponents, calculate the values in- 
dicated by the exponents first, then 
perform the indicated operation on the 
numbers: 

a* x bY can’t be simplified unless you 
know the values of the variables. 
23 x 42 = 8 x 16 = 128 

2. If the multiplication involves a variable 
raised to different exponents, you can 
add the exponents: 
ах • ау = ах +y 
23 • 24 = 23+4=27=8+ 16 = 128 
Notice the “multiplication dot” used 
in this example. It is also common 
practice to omit any symbol when 
multiplication of variables is in- 
tended, and there is no chance of con- 
fusion, such as would occur if you 
were writing two numbers: 

We can write this as ах a" = a*+Y but we 
would not write 8 16 to indicate 8 * 16. 

3. For division of a variable with expo- 
nents, subtract the denominator (bottom 
of the fraction) exponent from the nu- 
merator exponent. 


scat 
Кы 
(This is only true if a # 0) 
4 
2 = 
a 2472222 е4 
2 


As another example, the denominator 
exponent can be larger than the numera- 
tor exponent, resulting in a calculation 
with a negative exponent: 
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14 c3 2495 


= = 2 
A negative exponent indicates you are 
to find a reciprocal of the quantity. We 
could also write the example above as: 
= a eis 0.25 
2 4 
From the examples shown here, you 
should notice a related rule of expo- 
nents. Any factor with an exponent 
can be moved between the numerator 
and denominator of a fraction simply 
by changing the sign of the exponent. 
You will probably want to use a cal- 
culator to raise numbers to various 
powers. This will be much easier than 
doing the repeated multiplications by 
hand. 

4. To raise a number with an exponent to 
some power, multiply the exponents. 
(a*)¥ = аху 
(23)2 = 23х2 = 26 = 64 

5. The product of two variables raised to a 
power is the same as raising each vari- 
able to the power and then finding the 
product. 

(a Б)" = ат pm 
(2x4)0223x43-8x64-512 

6. The ratio of two variables raised to a 
power is the same as the ratio of each 
variable raised to the power. 


m m 
Н E 
b p" 


(This is only true if b # 0) 


2 8 

A quantity or expression can also have 
an exponent, indicating the entire quantity 
is to be multiplied by itself: (3x + 12)? 
means the quantity inside the parentheses 
is to be multiplied by itself. Calculating 
squares and cubes, square roots and cube 
roots, are common mathematical opera- 
tions. 


EXPONENTIAL AND SCIENTIFIC 
NOTATION 


Electronics measurements and calcula- 
tions often involve numbers that are very 
large or very small. We can represent the 
metric prefixes as multiples of 10. Itis also 
convenient to use multiples of 10 to repre- 
sent very large and very small numbers. 
Any number expressed as some multiple 
of 10 is written in exponential notation 
(sometimes called engineering notation) 
because the 10 is written with an expo- 
nent. This exponent, often called a power 


of 10, represents how many times the num- 
ber is multiplied by 10 to write it in ex- 
panded notation, or the “normal” format. 

We can write 250000 in exponential 
notation as 25 x 104. All we had to do here 
was replace the four zeros with *x 104." 
As another example, we can write 
0.000025 as 25 x 10-5. In this case we 
would have to divide 25 by 10 six times. A 
negative exponent means divide. If you 
move the decimal point to the right when 
you write the number in exponential nota- 
tion, then use a negative exponent. 

A number expressed with a single digit 
to the left of the decimal point and a power 
of 10 is written in scientific notation. This 
is just a particular form of engineering 
notation. 

We could write the speed of light as 
300000000 meters per second, for ex- 
ample, but it is more convenient to write 
this number as 3 x 108 meters per second. 
Notice that this number indicates one sig- 
nificant figure. If you wanted to indicate 
three significant figures, for example, you 
would write it as 3.00 x 108 meters per 
second. 

You may see several other forms of 
exponential notation. Sometimes an E is 
written in place of the 10. (3.56E6 = 3.56 
x 106) Other times a P is used to represent 
a positive power of 10 while an N repre- 
sents a negative power of 10. (3.56P6 - 
3.56 x 106 and 2.44N3 = 2.44 x 10-3) 

To write any number in scientific nota- 
tion, first move the decimal point so there 
is one nonzero digit to the left of the deci- 
mal point. Then count how many places 
left or right you moved the decimal point. 
You will use this number as the exponent 
in the “x 10” factor. If you moved the deci- 
mal to the left, use a positive exponent and 
if you moved the decimal to the right, use 
a negative exponent. 


25.40 x 103 
6.15 x 103 
+ 0.05 x 103 


25.40 x 10°3 
— 6.15 x 10°3 


31.60 x 103 19.25 x 10:3 
(A) (B) 


Fig 4.6 — Examples of addition and 
subtraction with numbers written in 
exponential notation. Be sure all the 
numbers have the same power of 10, 
and then write the numbers so the 
decimal points align. Add or subtract 
the number part, and use the common 
power of 10 with the answer. 


Arithmetic Operations with 
Scientific Notation 


One advantage of writing very large and 
very small numbers in exponential nota- 
tion is that you don’t have to keep track of 
so many zeros during arithmetic opera- 
tions. When you work with numbers writ- 
ten in exponential or scientific notation 
you must remember a few rules, however. 

To add or subtract, be certain to ex- 
press all the numbers with the same power 
of 10. Write the numbers in a column so 
the decimal points align. Then add or sub- 
tract the “plain number” part as you nor- 
mally would. The power of 10 for your 
answer is the same power in which all the 
numbers are expressed. Fig 4.6 shows a 
sample addition and a sample subtraction 
using exponential notation. 

To multiply numbers using exponen- 
tial notation, first multiply the “plain num- 
ber" part. Next, add the exponents for the 
powers of 10. Your answer is the plain- 


Equations 


Much of algebra involves manipulating 
equations. We know the quantities on each 
side of the equal sign are equivalent. Usu- 
ally the goal is to find the value of some 
unknown quantity. We do this by isolating 
that unknown quantity on one side of the 
equal sign, and then evaluating the expres- 
sion on the other side. 

Here is the most important rule to re- 
member when you try to solve an equation 
for the unknown quantity: Be neat! Write 
each step clearly. In a jumbled mess of 
numbers and symbols, you will soon be 
hopelessly lost. 

The second-most-important rule is just 
as significant: Anything you do to one side 
of the equation you must also do to the 
other side. A few examples will illustrate 
some of the most common procedures. 


2x+4=8 

We can simplify this equation by sub- 
tracting 4 from both sides of the equation: 
(2x+4)-4=8-4 
2x=4 

Now we can complete the solution by 
dividing both sides of the equation by 2. 
(This is the same as multiplying both sides 


by the reciprocal of the term associated 
with the unknown, x.) 


25.40 x 103 
x 6.15 x 103 


12700 
2540 


15240 
156.2100 x 106 
156 x 106 


Fig 4.7 — This example shows how to 
multiply two numbers using 
exponential notation. First multiply the 
number parts, then add the exponents 
for the powers of 10. 


number answer times a power of 10 equal 
to the sum of the exponents. Fig 4.7 shows 
asample multiplication using exponential 
notation. 

The rule for division using exponential 
notation is similar to the multiplication 
rule. To divide numbers written in expo- 
nential notation, first divide the “plain 


1 1 
—e2x =—e4 
2 2 
x=2 


Other techniques that can be used to 
manipulate equations were described ear- 
lier in this chapter. See cross multiplica- 
tion, reciprocal and the discussion of the 
Laws of exponents for some important 
equation-solving principles. 

In electronics, we often find problems 
in which there is more than one un- 
known quantity. In such cases, try to 
write a series of equations with the un- 
knowns. If there are two unknown quan- 
tities, then find two equations involving 
those quantities. If there are three un- 
known quantities, find three equations, 
and so on. Such systems of simultaneous 
equations can help solve some challeng- 
ing problems. 

Fig 4.9 shows the schematic diagram of 
a simple electronics circuit. We would like 
to know the power dissipated in the resis- 
tor. (Power is equal to current times volt- 
age.) In this example, we only know volt- 
age, however. So we have two unknown 
quantities; current and power. Since we 
also know resistance, we can write a sec- 
ond equation from Ohm’s Law, to calcu- 
late current by dividing the voltage by the 
resistance: 
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25.40 x 10° 25.40 x 103 x103 


6.15 x 103 6.15 


Fig 4.8 — This example shows how to 
divide two numbers using exponential 
notation. First divide the number parts, 
then subtract the denominator (the 
bottom part of the fráction) exponent 
from the numerator (the top part of the 
fraction) exponent. Notice in this 
example we moved the denominator 
power of 10 into the numerator and 
changed the sign of the exponent. 


number" parts. Then subtract the denomi- 
nator power from the numerator power. 
(The denominator is the bottom part of a 
fraction and the numerator is the top part.) 
Fig 4.8 shows a sample division. Notice 
that we moved the denominator power of 
10 into the numerator and changed the sign 
of the exponent. 


From these two equations, we can sub- 
stitute the expression for current from the 
second equation for current in the first 
equation: 

Р= Ёк 
R 

You probably recognize that E times E 
can be written as Е?, so we simplify this 
equation as: 


Fig 4.9 — This circuit includes a 20-V 
battery and а 50-0 resistor. The text 
explains how we can calculate the 
power dissipated in the resistor. 
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Now it is a simple matter to fill in the 
known quantities of voltage and resistance 
to calculate power: 

2 2 
p- (20У) _ 40У, 
500 502 

This example illustrates several impor- 
tant techniques. First, we used substitu- 
tion to solve this problem. We substituted 
one expression for an equal quantity. We 
also used literal equations to solve the 
problem. This means we used letter sym- 
bols to represent the quantities until the 
last step. We could have put numbers in 
the equations right at the beginning, but it 
is often easier (and there are fewer oppor- 
tunities to copy a number incorrectly) to 
use letter symbols. Finally, we used di- 
mensional analysis with the calculation. 
That means we included the units associ- 
ated with each measurement, and per- 
formed all the algebra operations on the 
units as well as the numbers. You can see 
this because we have volts squared in the 
numerator. You should check Table 4.5 to 
see that volts squared divided by ohms is 
equivalent to watts. 

Dimensional analysis is a very helpful 
mathematical tool if you take advantage 
of it. You can often use this method to help 
you remember the proper equation for a 
calculation. For example when you know 
that the unit of a watt can be expressed as 
an amp times a volt (see Table 4.5) you 
can write an equation that gives power as 
current times voltage. You can also use 
dimensional analysis to write a power 
equation involving current and resistance 
or voltage and resistance. Try writing 


Measurement Units 


Nearly every time we use a number, it 
represents some measured physical quan- 
tity. We might use a measuring tape to find 
the correct length of wire for an antenna, 
or an ohmmeter to measure the value of a 
resistor. 

Each measurement includes a number 
representing its size and a unit that allows 
it to be compared with other measurements 
of a similar type. One dipole may be 
126 ft, 6 inches long and another dipole 
may be 65 ft, 11 inches long, for example. 
The units used with any measurement rep- 
resent standards that are generally ac- 
cepted, so meaningful comparisons can be 
made. These comparisons are only mean- 
ingful if the measurements use the same 
units. It is difficult to compare a dipole 
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these equations with the help of Table 4.5. 

Linear equations involve only unknown 
terms with exponents no larger than 1. For 
any value of one variable (x) there is a 
corresponding value for the second vari- 
able (y). A graph of such an equation will 
often help you visualize the relationship 
between variables. For example, if x rep- 
resents the current through a circuit, y 
might represent the voltage across a resis- 
tor. À general expression of a linear equa- 
tion is: 


y=mrt+b 


where m represents the slope of the line 
(the change in y divided by the correspond- 
ing change in the x variable) often written 
as 


Ay 
Ax 


and b represents the y intercept, or the 
point where the line crosses the vertical 
axis when x = 0. 

An equation that involves a variable 
term with an exponent of 2 (a squared 
term) is called a quadratic equation. The 
general form of a quadratic equation is: 


ax2+bx+c=0 


where a, b and с are constant terms, or 
values for a particular equation, and x is 
the variable quantity. 

Quadratic equations always have two 
solutions, which means there are two val- 
ues for x that satisfy the equation. Perhaps 
the most straightforward way to solve a 
quadratic equation for the unknown quan- 
tity is to use the quadratic formula. This 


and Constants 


that is 65 ft 11 inches long with one speci- 
fied as a 40-m dipole, because the units are 
not the same. 


US CUSTOMARY SYSTEM 


Most US residents are familiar with 
units like the inch, foot, quart, gallon, 
ounce and pound. These units represent 
standard measurement values used in the 
US Customary measuring system. 
Table 4.3 lists some common US Custom- 
ary units, and some not-so-common ones. 
This table shows the relationships between 
various linear, area, liquid volume, dry 
volume and weight measurements. 

The primary disadvantage of the US 
Customary measuring system is that there 
is nological relationship between various- 


formula can be used to solve any quadratic 
equation. 


— 4ac 


2a 


Notice the plus or minus symbol in front 
of the radical sign. This tells us that one 
solution requires that we add the resulting 
term to —b and the other solution requires 
that we subtract the resulting term from 
—b. This comes about because when you 
square a negative number, you get a posi- 
tive result. There are always two solutions 
to a square root. A simple example will 
illustrate the use of the quadratic formula. 


2x2 + Ax - 620 


-b +b’ — 4ac 
x= 
2a 
-4 + 44 - (ax 2 x (-6) 
Ха 
2x2 
-4 + 416 — (-48) 
X m 0————— —————— 
4 
ы SO NE 1. 
4 4 
-4+8 4 
x= 2—z] 
4 4 
xu Ae LOIR „4 
4 4 


sized units of a similar type. Most elec- 
tronics measurements are made in the in- 
ternationally accepted metric system, for 
this reason. 


METRIC SYSTEM 


In the metric system, measuring units 
are always a multiple of 10 times larger or 
smaller than other units of the same type. 
Metric-system measurements are always 
based on a measurement unit and a set of 
prefixes to describe the larger and smaller 
variations of that unit. For example, a 
millimeter is ten times smaller than a cen- 
timeter, a meter is a hundred times larger 
than a centimeter and a kilometer is a thou- 
sand times larger than a meter. (In nearly 
every country of the world except the US, 


Table 4.3 
US Customary Units 


Linear Units 
12 inches (in) = 1 foot (ft) 
36 inches = 3 feet = 1 yard (yd) 
1 rod = 5'/2 yards = 161/2 feet 
1 statute mile = 1760 yards = 5280 feet 
1 nautical mile = 6076.11549 feet 


Area 
1 ft? = 144 in? 
1 yd? = 9 ft? = 1296 in? 
1 rod? = 301/4 yd? 
1 acre - 4840 yd? - 43,560 ft? 
1 acre = 160 rod? 
1 mile? = 640 acres 


Volume 
1 #3 = 1728 in 
1 yd? = 27 #3 


Liquid Volume Measure 
1 fluid ounce (fl oz) = 8 fluidrams = 1.804 in3 
1 pint (pt) = 16 fl oz 
1 quart (qt) = 2 pt = 32 fl oz = 575/4 in? 
1 gallon (gal) = 4 qt = 231 in3 
1 barrel = 31'/2 gal 


Dry Volume Measure 
1 quart (qt) = 2 pints (pt) = 67.2 in? 
1 peck = 8 qt 
1 bushel = 4 pecks = 2150.42 in3 


Avoirdupois Weight 
1 dram (dr) = 27.343 grains (gr) or (gr a) 
1 ounce (oz) = 437.5 gr 
1 pound (Ib) = 16 oz = 7000 gr 
1 short ton = 2000 Ib, 1 long ton = 2240 Ib 


Troy Weight 
1 grain troy (gr t) = 1 grain avoirdupois 
1 pennyweight (dwt) or (pwt) = 24 grt 
1 ounce troy (oz t) = 480 grains 
1 lb t= 12 oz t = 5760 grains 


Apothecaries’ Weight 
1 grain apothecaries’ (gr ap) = 1 grt=1gra 
1 dram ар (агар) = 60 gr ` 
1 0z ap = 1 oz t = 8 dr ap = 480 gr 
11рар = 1 Ib t = 12 oz ap = 5760 gr 


this unit of distance measurement is 
spelled metre, which helps distinguish the 
distance unit from an electrical measuring 
instrument, also called a meter.) Table 4.4 
shows the common metric prefixes, their 
abbreviations and the multiplication fac- 
tor associated with each one. 


SI 


The metric units make up an interna- 
tionally recognized measuring system 
used by most scientists throughout the 
world. We call this the International Sys- 
tem of Units, abbreviated SI (for the 
French, Systéme International d'Unités). 

By the late 1700s, scientists were devel- 


Table 4.4 


US Customary — Metric Conversion Factors 
international System of Units (SI) — Metric Units 


Prefix Symbol 
exa E 1018 = 
peta P 10155 = 
tera T 1012 = 
giga G 109 = 
теда M 106 = 
kilo k 108 = 
hecto h 102 = 
deca da 101 = 
(unit) 10° = 
deci d 10-1 = 
centi с 102 = 
milli m 103 = 
micro u 109 = 
nano n 109 = 
pico p 1012 = 
femto f 10-15 = 
atto a 1078 = 


Multiplication Factor 
1,000,000,000,000,000,000 
1,000,000,000,000,000 
1,000,000,000,000 
1,000,000,000 


1,000,000 
1,000 

100 

10 

1 

0.1 

0.01 

0.001 
0.000001 
0.000000001 


0.000000000001 
0.000000000000001 
0.000000000000000001 


лт 


oping this measuring system based оп 
multiples of ten. The original intent was to 
develop a measuring system based on 
measuring units that could be reproduced 
as needed. The meter was first defined as 
one ten millionth of the distance between 
the equator and the north pole, as mea- 
sured along the longitude line running 
through Paris, France. A kilogram was 
originally defined as the mass of 1 liter 
(spelled litre throughout the rest of the 
world) of water at 4°C. As measuring in- 
struments improve, the definitions are re- 
vised to reflect the greater measuring ac- 
curacy. For example, in 1960 the 
definition of a meter was revised to be a 
multiple of the wavelength of a particular 
orange-red light wave. 

The metric system is based on the defi- 
nitions of certain fundamental units, with 
all other units being based on those units. 
These fundamental, or defined units rep- 
resent length (meter), mass — you might 
think of this as somewhat equivalent to 
weight — (gram), time (second), thermo- 
dynamic temperature (kelvin or degree 
celsius), luminous intensity of light (can- 
dela), the amount of substance — a mea- 
sure of the number of atoms or molecules 
— (mole) and electric current (ampere). 

All other units represent combinations 
of these fundamental units. For example, 
the unit of power (watt) is a measure of the 
energy required to move a one kilogram 
object a vertical distance of one meter in 
one second. Table 4.5 lists some common 
units and their expression in terms of the 
base SI units. 

Suppose you measure the frequency of 
aradio wave as 3825000 hertz. If we move 
the decimal point six places to the left, we 
would write this frequency as 3.825 x 106 
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hertz. Looking at Table 4.4, you can re- 
place the “x 106” part with the prefix 
mega. So we can write this frequency as 
3.825 MHz (using the abbreviations M for 
mega and Hz for hertz). Similarly, you can 
use other metric-system prefixes to re- 
place powers of 10 in large and small 
numbers. 

As another example, suppose you finda 
capacitor marked with a value of 25 mi- 
crofarads or 25 uF. From Table 4.4, you 
can find the multiplication factor of 10-6 
for the prefix micro. That means you can 
write this capacitor value as 25 x 10-6 far- 
ads, or 0.000025 F. 


CONVERTING BETWEEN US 
CUSTOMARY AND METRIC 
SYSTEMS 


Sometimes it is convenient to convert 
between these two common measuring 
systems. You may know an antenna length 
in meters, but want to use your tape mea- 
sure marked in feet and inches to cut the 
antenna, for example. Table 4.6 lists most 
of the conversion factors you will ever 
need. 


Using Proportions to Solve 
Conversion Problems 


To solve US Customary and metric 
conversions we will use proportions. 
This method also illustrates some other 
very useful mathematical tools. The 
advantage of using proportions to solve 
conversions is that you never have to 
figure out if you must multiply or di- 
vide. The proportion shows you what to 
do! 

To set up a conversion between met- 
ric and US Customary units, just make a 
ratio of the conversion factors and an- 
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а 


ТаЫе 4.5 
SI Fundamentali Units 


Quantity Unit Name Symbol Іп Terms of In terms of SI 
Other Units Base Units 
Distance, length meter m m 
Mass kilogram kg kg 
Time second 5 5 
Thermodynamic kelvin K K 
temperature 
Luminous intensity candela cd cd 
Amount of substance mole mol mol 
Electric current ampere A A 
SI Derived Units 
Quantity Unit Name Symbol In Terms of In terms of SI 
Other Units Base Units 
mkg 
Force, pressure newton N „2 
m kg 
Energy, work joule J N m, QA?s 2 
S 
cycles 
Frequency hertz Hz 5 
2 2 
V m kg 
Power watt Ww —, AV 3 
s 
Electric charge, coulomb С $А 
quantity of electricity 
W m^ kg 
Electromotive force, volt у Аас d 
S A 
voltage 
EI h Q ul m kg 
ectric resistance ohm Fu 
A s A? 
A 55 A? 
Electric conductan siemen S v 
ondu ce ens V m kg 
С s^A? 
Capacitance farad F P 
P у m2 kg 
Vs m2 kg 
Inductance hen H B 
i A s? A? 


other of the measurements. Set the two 
ratios equal to each other and solve the 
proportion for the unknown measure- 
ment. 


metric conversion metric measurement 


US conversion US measurement 


Suppose we know that a dipole antenna 
is 126 ft 6 inches long. (For simplicity, 
change that to 126.5 ft.) How long is this 
antenna in meters? Look down the Metric 
Unit column of Table 4.6 until you find an 
*m" for “meters.” Then go across to the 
US Unit column to find "foot." Notice 
there are two conversion factors for 
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meters; one for “foot” and another for 
“yard.” When you’ ve located the proper 
conversion factor, you will see there is 
0.3048 meter in 1 ft. (A meter is a little 
more than 3 ft.) We know the US measure- 
ment in this case, and want to find the 
metric measurement. 


0.3048m — metric measurement 
Ta 126.5 ft 


In this example we will cross multi- 
ply the US measurement term to leave 
the unknown measurement by itself on 
one side of the equal sign. When you 
cross multiply, just take any part of the 


Table 4.6 
Metric US Customary 
Conversion Conversion 
Factor Factor 
(Length) 
25.4 mm 1 inch 
2.54 cm 1 inch 
30.48 cm 1 foot 
0.3048 m 1 foot 
0.9144 m 1 yard 
1.609 km 1 mile 
1.852 km 1 nautical mile 
(Area) 
645.16 mm? 1 inch? 
6.4516 cm? 1 in? 
929.03 cm? 1 ft? 
0.0929 m? 1 ft? 
8361.3 cm? 1yd? 
0.83613 m? 1 yd? 
4047 m? 1 acre 
2.59 km? 1mi? 
(Mass) (Avoirdupois Weight) 
0.0648 grams 1 grains 
28.349 g 102 
453.59 9 1 Ib 
0.45359 kg 1!b 
0.907 tonne 1 short ton 
1.016 tonne 1 long ton 
(Volume) 
16387.064 mm? 1 in3 
16.387 cm3 1 in 
0.028316 m? 1 ft3 
0.764555 m? 1 уаз 
16.387 ml 1 in3 
29.57 ml 1 fl oz 
473 ml 1 pint 
946.333 ml 1 quart 
28.32 | 1 ft3 
0.9463 | 1 quart 
3.785 | 1 gallon 
1.101 | 1 dry quart 
8.809 | 1 peck 
35.238 i 1 bushel 
(Mass) (Troy Weight) 
31.103 g 1ozt 
373.248 g 1161 
(Mass) (Apothecaries’ Weight) 
3.387 0 1 dr ap 
31.103 0 10zap 
373.248 g 1 Ib ap 


proportion diagonally across the equal 
sign. 


0.3048 m x 126.5 ft 
1 ft 


= metric measurement 


_ 38.56m ft 
© lft 


= 38.56 m 


Notice that we include the appropriate 
units with the metric and US conversion 
factors. After we cross multiply, the units 
of feet that go with the dipole length can- 
cel with the units of feet that go with the 
US conversion factor, leaving only units 
of meters in our answer. Dimensional 
analysis ensures we have solved the pro- 
portion properly. 


Trigonometry 


Trigonometry refers to the mathemat- 
ics of angles, especially as they relate to 
triangles. When two lines meet or cross, 
they form angles. The point where the 
lines meet or cross is called the vertex 
of the angle. We usually measure an 
angle as an arc of a circle across the 
smallest opening between the lines. We 
can describe an angle as falling in one 
of three categories. Fig 4.10 shows a 
right angle, an acute angle and an ob- 
tuse angle. 

The figure shows the angles in terms 
of a degree measurement. A degree is 
1/360" of a circle, or 1/360" of а com- 
plete revolution. We can also measure 
angles in radians. A radian is an angle 
measure obtained by taking the length 
of the radius of a circle and laying that 
length along the circumference of that 
circle. See Fig 4.11. There are 27 radi- 
ans in one circle, or 360°. Two useful 
conversion relationships are: 


1° = 1.745 x 10-2 radians, and: 
1 radian = 57.296° 


When three lines cross in such a manner 
that they form three angles, these lines 
form a triangle. We normally identify a 
triangle by the largest angle that it in- 
cludes. This means there are three types of 
triangles. Fig 4.12 shows examples of the 
three types of triangles. In electronics, we 
will use right triangles in a variety of 
calculations. 

If you add the three angles in a triangle, 
you will always get a total of 180°. For a 
right triangle, then, the sum of the other 
two angles must be 90°. 

The triangles shown in Fig 4.12 have 
their angles labeled with upper-case let- 
ters and their sides labeled with corre- 
sponding lower-case letters. Notice that 
the side opposite each angle uses the 
lower-case letter of its opposite angle. 
With a right triangle, the side opposite 
the right angle has a special name. It is 
called the hypotenuse of the right tri- 
angle. In Figure 4-12B, side a is oppo- 
site angle A, side b is opposite angle B 
and the hypotenuse (side c) is opposite 
the right angle (angle C). We can also 
say that side a is adjacent to angle B and 
side b is adjacent to angle A. (The hy- 
potenuse is also adjacent to both angles 
A and B, but since the hypotenuse is 
otherwise uniquely identified we don't 
use this name for the hypotenuse.) The 
Greek letters theta (Ө) and phi (ф) are 
often used to represent angles. Some- 
times you will also see the Greek letters 
alpha (a), beta (B) and gamma (y) used 
to represent the angles in a triangle. 


WORKING WITH RIGHT 
TRIANGLES 


Trigonometry defines relationships be- 
tween the lengths of the sides of a right 
triangle and its angles. With these rela- 
tionships and any combination of three 
sides or angles we can calculate any of the 
quantities we don't know. For example, if 
you know two sides and one angle, you 
can calculate the third side and the other 
two angles. While there are six functions 
defined for any right triangle, you can 
perform any required calculations if you 
know three of those functions. 

The three functions we will use are the 
sine, cosine and tangent. Each function is 
defined in terms of an angle and two sides 
of the triangle. 


А side opposite 
sine = ———— —— 
hypotenuse 


А side adjacent 
cosine Ө = ——————— 
hypotenuse 


ange = side opposite 

side adjacent 
Fig 4.12B shows the definitions of the 
three important trigonometry functions 
associated with angles A and B. 

These functions are usually abbreviated 
as sin, cos and tan. Each function repre- 
sents a ratio of two sides of the triangle, 
and this ratio is the same for any given 
angle, no matter how large or small the 
triangle. For example, Fig 4.13 shows two 


b 


Acute Triangle 


(A) 


Hypotenuse Sine A= 


Cosine A= 


Right Triangle 
(B) 


Tangent A= 


Side a 
Hypotenuse 


Hypotenuse 


Side a 
Side b 


right triangles that each include a 30° 
angle. The sine of the 30° angle is 0.5 no 
matter which triangle we are working 
with. Likewise, each of these triangles also 
includes a 60° angle, and the sine of the 
60° angle is always 0.866. 


@= 90° 6» 90° 
6 « 90° 


Right Angle Acute Angle Obtuse Angle 


(A) (B) (C) 


Fig 4.10 — Three types of angles. A 
shows a right angle, B shows an acute 
angle and C shows an obtuse angle. 


1 degree 


(A) 


Fig 4.11 — Part A illustrates the 
measure of 1° as part of a circle. Part B 
shows the measure of 1 radian as part 
of a circle. 


b 


Obtuse Triangle 
(C) 


_ Side b | 
Hypotenuse 


Sine Bz 


Side b Side a 


Hypotenuse 


Side b. 
Side a 


Cosine B = 


Tangent B = 


Fig 4.12 — Part A shows an acute triangle, Part B shows a right triangle and Part 


C shows an obtuse triangle. 
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‘A = 30° ш 
Side by sc 
Side bo 


Fig 4.13 — This drawing shows two right 
triangles that each include a 30? angle 
and a 60? angle. Notice that values of the 
trigonometry functions don't depend on 
how long the sides of the triangles are; 
the same values of sin, cos and tan 
apply to each of these triangles. 


Most scientific calculators include 
keys to find these function values. It is 
important to know if the calculator will 
understand the angle you enter as mea- 
sured in degrees or radians. Most calcu- 
lators work with angles measured in 
degrees, but some use radians. Some 
calculators will also use radians if you 
enter the proper keystrokes before start- 
ing. Computers usually work with 
angles measured in radians. 

Suppose you know the ratio of sides, 
and want to know what angle is associ- 
ated with that value. This is a question 
of finding the inverse function. Suppose 
you know that the side opposite an angle 
divided by the hypotenuse equals 0.5. 
What is the angle? Since opposite over 
hypotenuse is the definition of sine, we 
want to find the inverse sine, or arcsine 
(often abbreviated arcsin). In this ex- 
ample, the answer is 30?. Likewise, we 
can also find the arccosine (arccos) and 
arctangent (arctan) of an angle. You 
will also see these inverse functions 
written as sin-!, cos-! and tan-!. Here 
the -1 exponent is simply a short-hand 
notation to indicate the inverse func- 
tion. Do not try to follow the rules of 
significant figures when you find the 
value of a trigonometry function or its 
inverse function. Do follow the rules 
when you calculate the sides and angles 
of a triangle, however. For example, if 
you know an angle measurement to three 
or four significant figures, express the 
other angles you calculate with the same 
number of significant figures. If you 
know the length of a side to four signifi- 
cant figures, express the calculated 
sides to four significant figures. 

The sine and cosine functions are used 
in many ways in electronics. You will 
often see graphs of these functions used 
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Sine Function 


(A) 


Cosine Function 
(B) 


Tangent Function 


(С) 


Fig 4.14 — Part A shows a graph of the sine function for angles from 0 to 360°. 
Part B is a graph of the cosine function and Part C is a graph of the tangent 
function for angles from 0 to 360°. (Note that the horizontal axis also indicates 
angles in radians.) 


to represent the waveform of an alternat- 
ing current signal. Fig 4.14 shows graphs 
of the sine, cosine and tangent functions 
for angles from 0 to 360°. (The horizontal 
axis on the graph is also marked in radians, 
from 0 to 27 radians.) 

In addition to the three trigonometry 
functions described here, there is one other 
very important relationship for working 
with right triangles. This principle was 
discovered by a Greek mathematician, 
Pythagoras. The Pythagorean Theorem 
states that the square of the hypotenuse is 
equal to the sum of the squares of the other 
two sides. Written as an equation, this is: 


с? = а? +b? 
We сап take the square root of both 
sides to solve this equation for the hy- 


potenuse. 


We can also solve the original equa- 
tion for either of the other sides and then 
take the square root. 


ae ene 


a = үс? - b? 


There is no single correct procedure for 
calculating the parts of a right triangle. 
Select a “trig” function or the Pythagorean 
Theorem depending on what parts of the 
triangle you know. Fig 4.15 shows a right 
triangle. The drawing shows the two sides, 
and you have to calculate the hypotenuse 
and the two angles. We could use the 
Pythagorean Theorem to calculate the hy- 
potenuse, but let’s use the tangent function 
to find angle A first. 


side opposite 


tanA = — - 
side adjacent 
25.0 

tanA = — = 0.577 
43.3 


Next we must find the arctangent of this 
ratio: 


A = 30.0° 
Since the two acute angles of a right 


Hypotenuse = ? 


Fig 4.15 — Find the hypotenuse and the 
two acute angles of this right triangle. 
You can use any of the “trig” functions 
and the Pythagorean Theorem. 


triangle must add up to 90°, we can see 
that angle B must be 60.0°. Then we can 
use the sine, cosine or Pythagorean 
Theorem to calculate the hypotenuse. 
Let’s use the sine function for this ex- 
ample. (You can use the cosine to verify 
that it gives the same answer.) 

y side opposite 

sin A = —————— 

hypotenuse 

Cross multiply to solve this literal 

equation for the hypotenuse, and calcu- 
late the value. 


side opposite 
hypotenuse = —————— 
sin A 
25.0 25.0 
hypotenuse = ————— = —— = 50.0 
sin 30.0° 0.500 
As an example of using the 


Pythagorean Theorem, we will use that 
to solve for hypotenuse of this triangle 
also. 


с = 425.0? + 43.32 = [625 + 1870 
c = ¥2500 = 50.0 


Notice that we have followed the rules 
for significant figures through these ex- 
amples. In this last step, we had to round 
off the 43.32 term. Then the addition term 
under the radical was limited to the hun- 
dreds place, or three significant figures. 


WORKING WITH ACUTE AND 
OBTUSE TRIANGLES 


All the trigonometry functions and 


A= 45.0° 
B = 60.0° 
C=? 

а = 5.00 


С = 180.0°- 45.0°- 60.0° 
С = 75.0° 


—a___b_ 
SinA SinB 
_ 5.00 . b 


Sin 45.0° Sin 60.0° 


5.00 x Sin 60.0° _ b 
Sin 45.0° 


5.00 x 0.866 


0.707 =6.12=b 


techniques described in the last section 
apply only to right triangles. You may 
occasionally need to work with an acute 
or obtuse triangle. In this case it will be 
handy to remember the Law of Sines and 
the Law of Cosines. The Law of Sines 
tells us that the length of any side is 
proportional to the sine of the opposite 
angle: 


a b с 


51п А sinB sin С 


If you know one of the angles, the side 
opposite that angle, and one other side 
or angle, you can use this relationship to 
calculate the fourth side or angle. The 
Law of Sines is a simple proportion, and 
can be solved for the unknown quantity 
using cross multiplication. See Fig 4.16. 

The Law of Cosines equation will re- 
mind you a bit of the Pythagorean Theo- 
rem. You can find any side of the tri- 
angle if you know the other two sides 
and the angle opposite the unknown 
side. (This is just the opposite of the 
Law of Sines, where you must know one 
angle and its opposite side.) 


- 


2 
a = 


b^ + c? — 2bccos(A) 

We could write similar equations 
solved for b? and c?, but that isn't nec- 
essary, since it really doesn't matter 
which side is labeled a, b or c as long as 
each angle and its side opposite use the 
same letter. We can take the square root 
of both sides of this equation to solve 
for a: 


4»? T c? — 2bccos(A) 


а___с 
SinA SinC 


5.00 _ c 
Sin 45.0° Sin 75.0° 


5.00 x Sin 75.0° _ 


=C 
Sin 45.0° 
5.00 x 0.966 


0.707 599€ 


Fig 4.16 — The Law of Sines is used to calculate sides b and c of this acute 


triangle. 
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Coordinate Systems 


A coordinate system helps us draw 
graphs to represent quantities and equa- 
tions. A coordinate system provides a 
scale with a set of numbers to represent 
the location of a point on a surface. There 
are several such coordinate systems used 
in electronics. In this section we will 
briefly discuss three coordinate systems: 
the rectangular, or cartesian coordinate 
system, the polar coordinate system and 
the spherical coordinate system. 


RECTANGULAR COORDINATES 


Fig 4.17 shows a portion of a rectangu- 
lar, or cartesian coordinate system. It is 
simply a pair of number lines that cross at 
а 90? angle. The scale оп the number lines 
is chosen to suit the particular needs of 
any given situation. The graduations on 
one scale can be larger than the other, one 
or both lines can be far from 0, with an 
arbitrary crossing point to show the region 
of interest. This coordinate system repre- 
sents a plane, two-dimensional surface. 
You have probably used graph paper 
drawn as a rectangular coordinate system. 

The horizontal line, or axis, is often la- 
beled X. This usually represents the inde- 
pendent, or controlled variable when an 
equation is being graphed. 

The vertical line is often labeled Y. This 
usually represents the dependent variable 
(the value depends on the conditions set 
for the controlled variable). 

Any point on a rectangular coordinate 
system can be specified by a pair of num- 
bers, such as (—2, 5) or (5, 3). These num- 
bers represent the distance along the X axis 
and the distance along the Y axis to reach 
the point. 


POLAR COORDINATES 


We specify the distance to a point with 
measurements along the X and Y axes with 
arectangular coordinate system. Sometimes 
it is more convenient to specify the shortest 
distance from the center or origin to the 
point. In that case we can use a polar coor- 
dinate system. Fig 4.18 shows an example of 
this system. The lines help mark the center 
of the system and provide a reference by 
dividing the circle into four equal parts, but 
they are not really necessary. Again we 
specify the location of any point on the sur- 
face with a pair of numbers, but this time the 
numbers represent the direct distance from 
the origin to the point, and an angle. The 
` angle is usually measured counterclockwise 
from the line extending to the right side. The 
distance represents the magnitude or length 
of the value, measured as a straight line (the 
shortest distance) from the center to the 
point. 
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The circles represent increasing dis- 
tances from the origin. You can choose any 
convenient scale for the radius of these 
circles. You don’t always need the com- 
plete circles. Often you will only need one 
quarter or one half of the circle. You can 
buy graph paper marked off with a polar 
coordinate system, although you seldom 
need such graph paper. You can even use 


rectangular coordinate graph paper or plain 
paper, with a drawing compass, ruler and 
protractor if you do want a scale drawing. 

Many times you will have to convert 
between rectangular and polar coordinate 
systems. You will find the trigonometry 
functions especially helpful at such times. 
Fig 4.19 shows a right triangle drawn to 
illustrate such a conversion. The sides of 


Fig 4.17 — A set of horizontal and vertical lines, marked off with a number scale, 
forms a rectangular coordinate system. We usually label the horizontal line, or 
axis, the X axis, and the vertical line the Y axis. Any point on the surface can be 
identified with a pair of numbers, representing the distance along the X axis and 
the distance along the Y axis to reach the point. When the point is Identified with 
a pair of numbers, the convention is to list the X value first, then the Y value, as 


(X, Y). 


Fig 4.18 — This drawing shows a polar coordinate system. Any point on this 
surface is identified with a pair of numbers representing the distance from the 
origin directly to the point, and an angle or direction. 


(5,[36.9") 


Fig 4.19 — The right triangle on this 
graph shows how we can specify the 
same point in rectangular coordinates 
and in polar coordinates. The 
rectangular coordinates (4, 3) and the 
polar coordinates (5, 7/36,9') both 
represent the same point on this graph. 
You can use the trigonometry functions 
discussed earlier to convert between 
these two systems. 


Complex Algebra 


We most often use the rectangular and 
polar coordinate systems for electron- 
ics problems involving resistance, reac- 
tance and impedance (and conductance, 
susceptance and admittance, their recip- 
rocals). When we work with these quan- 
tities we draw the resistance or conduc- 
tance along the X axis and the reactance 
or susceptance along the Y axis. The hy- 
potenuse represents impedance or 
admittance. 

We must use some special mathemati- 
cal techniques when working with these 
quantities because we must always distin- 
guish between them. It is most convenient 
to use the algebra of what mathematicians 
call imaginary numbers, although there is 
nothing imaginary about these electronics 
quantities. Mathematicians use these tech- 
niques when they work with quantities that 
involve the square root of minus 1, written 
as Y-1. It is impossible to find a number 
that when multiplied by itself gives –1, so 
this quantity is imaginary, yet it does show 
up in some mathematical procedures. 
Mathematicians represent this quantity 
with a lower-case italic i. Quantities that 
include real and imaginary parts are called 
complex numbers. 

In electronics, we use a lower-case italic 
j to represent numbers on the reactance or 
susceptance line, or Y axis of a graph. The 
algebra of complex numbers provides a 
way to add, subtract, multiply and divide 
quantities that include both resistive and 


the triangle represent the X (4) and Y (3) 
values of a rectangular coordinate system. 
The hypotenuse of the right triangle repre- 
sents the distance between the origin and 
the end point on a polar coordinate sys- 
tem. Angle A represents the polar-coordi- 
nate angle. 

You should be able to use the various 
“trig” functions and the Pythagorean 
Theorem to calculate the hypotenuse (5) 
and angle A (36.9°) for this problem. If 
you knew the hypotenuse and angle A you 
should also be able to calculate the other 
two sides of the triangle, to convert from 
polar to rectangular coordinates. 


SPHERICAL COORDINATES 


Both of the coordinate systems de- 
scribed above represent a two-dimen- 
sional surface. This is fine for most elec- 
tronics problems, but occasionally it is 
helpful to have a three-dimensional coor- 


reactive components. You can best think 
of the j as an operator that produces a 90° 
rotation from the resistance line. An op- 
erator is just a mathematical procedure 
applied to a quantity. An exponent is an 
operator that tells you how many times to 
multiply a quantity times itself and the 
radical sign (ү ) is an operator that tells 
you to take the square root. 

When you see a reactance expressed as 
Ј250. О, place this quantity along the Y 
axis on your graph. A reactance expressed 
as —j300. Q tells you to rotate 90? in the 
clockwise direction instead of the normal 
counterclockwise direction. 

Inductive reactance is specified with a 
+j for series circuits, because the voltage 
across an inductor leads the current 
through it. Since voltage and current are in 
phase in a resistor, the voltage across the 
inductor leads the voltage across the resis- 
tor by 90°. (For parallel circuits, the volt- 
age across the resistor and inductor is the 
same, so they are in phase. In that case the 
current through the inductor lags the cur- 
rent through the resistor, so the current 
associated with the inductive reactance 
gets a -j operator.) 

Capacitive reactance is just the oppo- 
site. It is specified with a —j operator for 
series circuits because the voltage across a 
capacitor lags the current, so the current 
across the capacitor lags the voltage across 
the resistor — or is 90? behind. (For par- 
allel circuits, the same voltage is applied 
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dinate system. It is possible to add a third 
axis to the rectangular coordinates, which 
forms a 90? angle with the other two. 
(Look at the corner of a room, with the two 
lines along the floor and walls represent- 
ing the X and Y axes. Then the corner 
between the two walls represents the Z 
axis.) A set of three numbers (X, Y, Z) will 
represent any point in the three-dimen- 
sional space this system represents. 

It is also possible to rotate the circles of 
the polar coordinate system to create a 
sphere. The resulting spherical coordinate 
system gives us another way to represent a 
point in three dimensions. In this system 
we use the radius, or distance from the 
center to the point, and two angles — one 
representing an angle measured “horizon- 
tally" and the other representing an angle 
measured “vertically.” (Think about our 
Earth, and the way we draw lines of longi- 
tude and latitude.) 


to the resistor and capacitor, so the capaci- 
tor current leads the resistor current. The 
current associated with the capacitive re- 
actance gets a +j operator for parallel cir- 
cuits.) 

A handy memory device for these rela- 
tionships is the saying, “ELI the ICE man.” 
The E represents voltage, I represents cur- 
rent, L is inductance and C is capacitance. 

Impedance is a combination of resis- 
tance and reactance. When we specify a 
series-circuit impedance as 50 + j200 Q, 
you know this represents a circuit with a 
50-Q resistance in series with a 200-Q 
inductive reactance. Likewise, an imped- 
ance of 50 — j200 Q represents a circuit 
with a 50-Q resistance in series with a 
200-Q capacitive reactance. 

Both of these impedances can be 
expressed in polar-coordinate form. Plot 
the values on a graph and calculate the 
hypotenuse of the right triangle and angle 
A as shown on Fig 4.20. Then you can 
write these impedances as 


206 О 276° and 206 Q 276°. 


RULES FOR WORKING WITH 
COMPLEX NUMBERS 


Addition and subtraction of complex 
numbers are best done using rectangular- 
coordinate form. When you add complex 
numbers written in rectangular notation you 
add the parts along the X axis, and you add 
the parts along the Y axis. The result gives a 
new set of X, Y coordinates, representing 
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the addition of the two complex values. To 
subtract complex numbers you subtract one 
X part from the other, and subtract the cor- 
responding Y parts. The result is a new set of 
X, Y coordinates, representing the subtrac- 
tion of the two values. 

For example, what is the total imped- 
ance of a circuit that has an impedance of 
30 4 j150 Q is series with an impedance of 
40—j100 Q? We can write this addition as: 


30 + j1500 
+40 - j1002 
70+ j 509 


If you have to add or subtract imped- 
ances given in polar notation (a magnitude 
or length and an angle), first convert these 
values to rectangular-coordinate form. 
Use the trigonometry functions and 
Pythagorean Theorem described earlier in 
this chapter. If you need the answer speci- 
fied in polar-coordinate form you can con- 
vert back to that notation after performing 
the addition. 

Multiplication and division of complex 
numbers is best done in polar-coordinate 
form. When you multiply complex num- 
bers in polar-coordinate form, you multi- 
ply the magnitudes and add the angles. 
When you divide complex numbers in 
polar notation you divide the magnitudes 
and subtract the angles. 

Suppose you want to find the imped- 
ance of a circuit that has a resistor in par- 
allel with a capacitor. When you apply 
10.0 V to the circuit, you measure 0.250 A 


Logarithms 


A logarithm is an exponent. Common 
logarithms use the number 10 as their 
base. You have some experience with 
“powers of 10” from writing numbers in 
exponential or scientific notation. 

A common log, as it is usually called, is 
the exponent or power to which you must 
raise 10 to get a certain number. In the 
examples above, we raised 10 to the third 
power to get 1000. The log of 1000, then, 
is 3. The log of 1000000 is 6. In general, 
we define a common logarithm with two 
equations. If: 


М = 10", then: 
log (N) =x 
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of current. You measure the phase angle 
between the current and the voltage, and 
find the current leads the voltage by 30.0°. 
We can calculate the impedance of this 
circuit (represented by a capital Z) using 
Ohm’s Law. 


E 

72 = – 
I 

N 10.0 V 220.0" 
0.250 А £30.0° 


The components are in parallel, so the 
same voltage is applied to both the resistor 
and capacitor. Use the voltage as the phase 
reference for parallel-circuit calculations, 
so the voltage has a 0° phase angle. To 
perform this division, first divide the volt- 
age magnitude by the current magnitude. 
Then subtract the denominator phase 
angle from the numerator phase angle. 


10.0У — 40.02 
0.250 A 


and 
0.0? — (30.0?) = -30.0? 


These two values specify the impedance 
of the circuit in this example. We can put 
them together and write the circuit imped- 
ance in polar-coordinate form as: 

40.0 Q /—30.0° 

The negative phase angle tells us there 
is a capacitive reactance as part of the 
impedance. 


Sometimes you will see this written as 
Іор уо (N) = x. This is simply to ensure that 
you know the base of the logarithm is 10. 

Finding the log of a multiple of 10 is easy, 
as these examples show. You may wonder to 
what power you can raise 10 to get a number 
like 2. That is a good question, and the an- 
swer is 0.301. Logs are usually decimal frac- 
tions rather than whole numbers. Logs for 
numbers smaller than 10 are less than 1; logs 
for numbers larger than 10 are greater than 
1. From the definition of a log, we can write 
the expression: 


2 = 100301 


The easiest way to find any logarithm is 
with your calculator. Simply enter the 


50 + 72000 


50- 32000 


Fig 4.20 — The two triangles shown оп 
this graph represent the impedances of 
two circuits. Triangle A represents a 
50-Q resistance in series with a 200-Q 
inductive reactance (50 + /200 Q). 
Triangle B represents a 50-Q 
resistance in series with a 200-2 
capacitive reactance (50 – {200 О). 


number whose log you want to find, and 
then push the button labeled “log.” It is 
easy to find that log (5) = 0.699, for 
example. 

It is interesting to note that log (1) = 0, 
because anything (including 10) raised to 
the zero power is 1. The log of 0 is unde- 
fined, because there is no power to which 
you can raise 10 and get 0. 

The inverse log is called the antilog 
(often written log-!). When we know the 
log and want to find the original number, 
we want the antilog. To find an antilog, 
simply raise 10 to the given power. Your 
calculator probably has a button labeled 
*10*" or something similar. What is the 
antilog of 1.845? 101.845 2 70. Don'ttry to 


follow the rules for significant figures 
when finding logs or antilogs. Do follow 
the rules with the values you calculate 
from logs and antilogs, however. 

The second base that is frequently used 
for logarithms is a number usually repre- 
sented by e. (Sometimes the Greek letter 
epsilon (€) is used to represent e although 
this is an incorrect representation.) This 
number is approximately 2.71828. This is 
not an exact value, because the decimal 
fraction doesn’t end with this last 8. This 
value is rounded off, but there is no exact 
value for e because you can never find the 
last digit. Mathematicians call such num- 
bers with no exact value, irrational num- 
bers. The number represented by e appears 
in several electronics calculations, and is 
called the natural number, because it ap- 
pears as a constant of nature. You will use 
e to calculate the voltage on a capacitor as 
it charges or discharges, for example. 

Logarithms that use e for their base are 
called natural logarithms, or Naperian 
logarithms. This can be written as log,, 
butto more easily distinguish it from com- 
mon logs, we usually abbreviate it In. We 
define natural logs the same way we de- 
fine common logs. If: 


М = еу, then 
log, (M) = 1 (M) = y 


The easiest way to find a natural log is 
with a scientific calculator. Enter the num- 
ber whose In you want to know, then press 
the "In" button on the calculator. For ex- 
ample, In (2) = 0.693 and In (20) = 2.996. 
As you might expect, In (e) = 1, In (1) = 0 
and In (0) is undefined. 

Inverse natural logs, or antilogs are also 
easy with a calculator. Just raise e to that 
power: e2.996 = 20, 

Computers often work only with natu- 
ral logarithms. Converting between com- 
mon logarithms and natural logarithms is 
easy, however. If you want to find a com- 
mon log, and know the natural log value, 
divide that by the natural log of 10. 


log(x) = In(x) / In(10) = In(x) / 2.3025851 


log(x) 2 0.4342945 In(x) 


If you know the common log, and want 
to find the natural log, divide that value by 
the common log of e. 


In(x) = log(x) / log(e) = log(x) / 0.4342945 
In(x) = 2.3025851 log(x) 


DECIBELS 


The bel (abbreviated B) is named after 
Alexander Graham Bell, who did much pio- 
neering work with sound and the way our 
ears respond to sound. Our ears respond to 


sounds ranging from an intensity less than 
10-16 W/cm? to intensities larger than 
10-4 W/cm? (where we begin to experience 
pain). This is arange of more than 1012 times 
from the softest to the loudest sounds. Loga- 
rithms provide a convenient way to repre- 
sent these values, because they compress this 
scale into a range of 12, rather than a range 
of a billion. 

A bel is defined as the logarithm of a 
power ratio. It gives us a way to compare 
power levels with each other and with 
some reference power. 


bel = log Р. 
Р, 


where Pp is the reference power, or the 
power you want to use for comparison and 
P, is the power you are comparing to the 
reference level. 

While the bel was first defined in terms 
of sound power, to describe sound intensi- 
ties, in electronics we often use it to com- 
pare electrical power levels. The decibel is 
one-tenth of a bel, and is abbreviated dB. 

Ittakes 10 decibels to make 1 bel, so we 
can write an equation to find dB directly: 


dB = 101og z) 
Po 
How many decibels does the power in- 
crease if an amplifier takes a 1-W signal 
and boosts it to 50 W? Let P, be the 1-W 
signal in this example, since that is the 
starting point for the comparison. 


dB 


W 
10 log SIW = 10 log (50) 
IW 


dB = 10(1.699) = 16.99 dB 


The amplifier in this example has a gain 
of nearly 17 dB. 

Sometimes when we are comparing sig- 
nal levels in an electronic circuit, we know 
the voltage or current of the signal, but not 
the power. Of course we can always calcu- 
late the power, as long as we know the 
impedance of the circuit. We can take a 
shortcut to comparing the signal levels in 
decibels, however, as long as the imped- 
ance is the same in both circuits, or as long 
as the impedance of the circuit doesn't 
change when we change the voltage or 
current. Remember from Ohm's Law and 
the power equation that P= E?/R and P = 
I? x К. So we can use E? or 12 in place of 
power in the decibel equation, as long as 
the impedance is the same in both cases. 


2 

E 
101og | —- 
Eo 

E 
20 log | = 
Eg 


dB 


dB 
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and 
12 
dB = 10log | + 
Ip 


I 
dB = 20log | + 
Ip 


Here we have also illustrated another 
important property of logarithms. If the 
quantity inside the log expression has an 
exponent, you can move the exponent out- 
side the log. In this case, we move the 2 
from the squared terms out front, and 
multiply it times the 10 already there. 

Sometimes there is confusion about 
whether the decibel was calculated using 
power, voltage or current. Since the cur- 
rent and voltage equations use 20 instead 
of 10 times the log term, some hams be- 
lieve the “voltage” or “current” decibel is 
different than one calculated using power. 
This is not true, however. There is only 
one decibel definition, and that is ten times 
the log of a power ratio. 

There are several power ratios that you 
should learn to recognize and remember 
the decibel values that go with them. These 
are the decibel values for a doubling of the 
power and for halving the power. Let’s 
look at the effect of doubling the power 
first. It doesn’t matter if we are going from 
1 W to 2, 50 to 100 or 500 to 1000 W. In 
each case the new power is twice the start- 
ing power. To find the decibel increase 
multiply 10 times the log of 2: 


dB = 10 log (2) 
dB = 10 x 0.301 = 3.01 


Anytime you double the power, it repre- 
sents approximately a 3-dB increase in 
power. 

What is the decibel change when you 
cut the power in half? Again, it doesn’t 
matter if you are going from 1000 W to 
500, 100 to 50 or 2 W to 1 W; the power 
ratio is still 0.5. 


dB = 10 log (0.5) 
dB = 10 x -0.301 = -3.01 


A negative value indicates a decrease in 
power. Anytime you cut the power in half 
there is about a 3-dB decrease in power. 

Table 4.7 shows the relationship be- 
tween several common decibel values and 
the power change associated with those 
values. The current and voltage changes 
are also included, but these are only valid 
if the impedance is the same for both val- 
ues. 

Suppose you double the power, and then 
double it again? The final power is four 
times the starting power, so you can calcu- 
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late the decibel increase using the equa- 
tion given. You can also calculate the total 
power change “by inspection” because 
you know each time you double the power 
there is a 3-dB increase. In this example 


Table 4.7 


Some Common Decibel Values and 
Power-Ratio Equivalents 


ав P5/P, V5 / Vor lo/ 11 
-20 10-2 0.1000 
-10 0.1000 0.3162 
(-6.0206) (0.2500) (0.5000) 
-6 0.2512 0.5012 
(-3.0103) (0.5000) (0.7071) 
-3 0.5012 0.7079 
-1 0.7943 0.8913 
0 1.000 1.000 
1 1.259 1.122 
3 1.995 1.413 
(3.0103) (2.0000) (1.4142) 
6 3.981 1.995 
(6.0206) (4.0000) (2.0000) 
10 10.00 3.162 
20 102 10.00 


you have а 3-dB increase, plus а second 
3-dB increase. If you add these two deci- 
bel values, you have a 6-dB total increase. 
If you double the power again, you have a 
9-dB total increase. Doubling the power a 
fourth time gives a 12-dB total increase. 

The same relationship is true of power 
decreases. Each time you cut the power in 
half you have a 3-dB decrease. Cutting the 
power in half and then in half again is a 
6-dB decrease, and so on. 

The addition and subtraction of decibel 
values is very important in electronics. 
Amplification factors, gains and losses of 
antennas, antenna feed lines and all kinds 
of circuits can simply be added when they 
are expressed in decibels. 

It is often convenient to compare a cer- 
tain power level with some standard refer- 
ence. For example, suppose you measured 
the signal coming into a receiver from an 
antenna and found the power to be 
2x10-13 mW. As this signal goes through 
the receiver it increases and decreases in 
strength until it finally produces some 
sound in the receiver speaker or head- 


Integration and Differentiation 


You don't have to be familiar with cal- 
culus to understand modern electronics. 
Sometimes it is helpful to be familiar with 
some calculus terminology to understand 
how a circuit works or what its function is, 
however. 


INTEGRATION 


When you read that a certain op-amp cir- 
cuit is designed as an "integrator" it will be 
easier to understand what the circuit does if 
you know a simple definition of integration. 
Integration is the process of calculating the 
area under a curve plotted on a graph. 


1 


E (volts) 
0 


t (seconds) 


Fig 4.21 — This graph represents one 
cycle of a square wave. The text 
explains how to integrate this signal 
waveform, or find the area under the 
pulse. 
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Area always implies certain boundaries, 
and you wantto find how much space there 
is inside the boundaries. A square may be 
the simplest surface for which to find the 
area. If you know the length of a side you 
simply square that length to find the area. 
If you know the length and width of a rect- 
angle you multiply these values to calcu- 
late area. 

Fig 4.21 shows a graph of a square-wave 
signal. If you want to integrate this signal, 
you have to find the area of the pulse. The 
scales on this graph represent voltage (on 
the Y axis) and time (on the X axis) so this 
isn’t area in the most common sense, but 
we can perform a similar calculation. As 
you can imagine, if the pulse has a larger 
amplitude or a longer duration it will have 
a larger area. 

Fig 4.22 illustrates a more difficult sig- 
nal to integrate. Calculus methods can 
calculate this area from the equation that 
represents the curve, but we can make a 
reasonable approximation by drawing a 
series of rectangles and adding their areas. 
Integration is normally done over some 
range of values, such as x, and x; as shown 
on this graph. Part B shows that we can 
draw a series of rectangles so the midpoint 


phones. It is convenient to describe these 
signal levels in terms of decibels. A com- 
mon reference power is 1 mW. The deci- 
bel value of a signal compared to 1 mW is 
specified as “dBm” to mean decibels com- 
pared to 1 mW. In our example, the signal 
strength at the receiver input is: 


2 x 107 mw 

diii = боЛо 
1mW 
-13 
dBm = 10log (2 x 10 ) 


10 x -12.7 = -127 dBm 


There are many other reference powers 
used, depending upon the circuits and 
power levels. If you use 1 W as the refer- 
ence power, then you would specify dBW. 
Antenna power gains are often specified 
in relation to a dipole (dBd) or an isotropic 
radiator (dBi). Anytime you see another 
letter following the dB, you will know 
some reference power is being specified. 


Fig 4.22 — This graph shows an 
irregular curve. If we want to know the 
area under the curve between x, and 
хо, We can draw a series of rectangles 
and add their areas, as shown in Part 
B. 


of the side of each rectangle crosses the 
curve. Part of the rectangle corner lies 
above the curve, but there is a nearly equal 
space below the curve that is not included. 
If we draw more rectangles, with smaller 
widths, the approximation becomes bet- 
ter. The concept of integration is that you 
can make the interval smaller and smaller 
until it is no longer an approximation, but 
an exact value. 

Fig 4.23 compares a series of square- 
wave pulses fed into an op-amp integrator 
and the output waveform from the inte- 
grator. In this example the integrator 
changes a square-wave signal into a tri- 
angle-wave signal. The integrated signal 
increases while the input pulse is positive, 
then decreases while the signal is nega- 
tive. 


DIFFERENTIATION 


Differentiation is another calculus pro- 
cedure that may be helpful. Integration 
and differentiation are opposite proce- 
dures. If you integrate a function and then 
differentiate the result, you get the origi- 
nal function back again. Likewise, if you 
differentiate a function and then integrate 
the result, you get the original function 
back. 

While integration represents a summa- 
tion of area values over some range, dif- 
ferentiation represents the slope of a line 
or curve at some specific point. The slope 
of a straight line is equal to the change in 
value along the x axis divided by the cor- 
responding change in value along the y 
axis. 

Look at the triangle waveform of Fig 
4.23 B. While the voltage is increasing, 
this line has a constant slope, m, such that 
it satisfies the equation y = mx + b. Since 
the differentiation process represents the 
slope of the line, the derivative is a con- 
stant. When the waveform begins to de- 
crease the slope suddenly changes toanew 
value, which is negative this time. The 
derivative is again a constant value, this 


E (volts) 


t (milliseconds) 


Fig 4.23 — Part A shows a series of square-wave pulses and Part B shows the 
output from an op-amp integrator with the square-wave input. 


time with a negative sign. If the graph in 
Fig 4.22B represents a signal waveform 
that is fed into a differentiator circuit, the 
waveform at A represents the output sig- 
nal waveform! 

We approximated the integration pro- 
cess for a curved-line graph by adding the 
areas of many small rectangles drawn to 
divide a curve into small segments. Simi- 
larly, we can approximate the differentia- 
tion process of a curved-line graph by find- 
ing the slope of a straight line drawn 
tangent to the curve. A tangent line 
touches the curve at a single point. The 
simplest way to show a tangent line is with 
acircle, as shown in Fig 4.24. The tangent 
line is perpendicular to (forms a 90? angle 
with) a radius line. 

We can approximate the derivative of a 
curved-line graph at any point by drawing 
a tangent line at that point and calculating 
the slope of the line. We can even find the 
general trend of the derivative function by 
drawing a series of tangent lines at points 
along the line. By calculating the slope of 
each of those lines you can get some idea 
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Fig 4.24 — This diagram illustrates the 
concept of a tangent line. Line AB is 
tangent to the circle at point P, and is 
perpendicular to the radius line, r. 


of how it is changing. By selecting points 
closer and closer together you will find a 
better and better approximation to the 
derivative. 
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Glossary 


Alternating current — A flow of charged 
particles through a conductor, first in 
one direction, then in the other direc- 
tion. 

Ampere — A measure of flow of charged 
particles per unit time. One ampere rep- 
resents one coulomb of charge flowing 
past a point in one second. 

Atom — The smallest particle of matter 
that makes up an element. Consists of 
protons and neutrons in the central area 
called the nucleus, with electrons sur- 
rounding this central region. 

Coulomb — A unit of measure of a quan- 


Introduction 


This chapter was written by Roger 
Taylor, KSALD. 

The atom is the primary building block 
of the universe. The main parts of the atom 
include protons, electrons and neutrons. 
Protons have a positive electrical charge, 
electrons a negative charge and neutrons 
have no electrical charge. All atoms are 
electrically neutral, so they have the same 
number of electrons as protons. If an atom 
loses electrons, so it has more protons than 
electrons, it has a net positive charge. If an 
atom gains electrons, so it has more 
electrons than protons, it has a negative 
charge. Particles with a positive or 
negative charge are called ions. Free 
electrons are also called ions, because 


tity of electrically charged particles. 
One coulomb is equal to 6.25 x 1018 
electrons. 

Direct current — A flow of charged par- 
ticles through a conductor in one direc- 
tion only. 

EMF — Electromotive Force is the term 
used to define the force of attraction be- 
tween two points of different charge 
potential. Also called voltage. 

Energy — Capability of doing work. It is 
usually measured in electrical terms as 
the number of watts of power consumed 
during a specific period of time, such as 


they have a negative charge. 

When there are a surplus number of 
positive ions in one location and a surplus 
number of negative ions (or electrons) in 
another location, there is an attractive 
force between the two collections of par- 
ticles. That force tries to pull the collec- 
tions together. This attraction is called 
electromotive force, or EMF. 

If there is no path (conductor) to allow 
electric charge to flow between the two 
locations, the charges cannot move to- 
gether and neutralize one another. If a 
conductor is provided, then electric cur- 
srent (usually electrons) will flow through 
the conductor. 

Electrons move from the negative to the 
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watt-seconds or kilowatt-hours.. 

Joule — Measure of a quantity of energy. 
One joule is defined as one newton (a 
measure of force) acting over adistance 
of one meter. 

Ohm — Unit of resistance. One ohm is 
defined as the resistance that will allow 
one ampere of current when one volt of 
EMF is impressed across the resistance. 

Power — Power is the rate at which work 
is done. One watt of power is equal to 
one volt of EMF, causing a current of 
one ampere. 

Volt — A measure of electromotive force, 


positive side of the voltage, or EMF 
source. Conventional current has the op- 
posite direction, from positive to negative. 
This comes from an arbitrary decision 
made by Benjamin Franklin in the 18th 
century. The conventional current direc- 
tion is important in establishing the proper 
polarity sign for many electronics calcula- 
tions. Conventional current is used in 
much of the technical literature. The 
arrows in semiconductor schematic sym- 
bols point in the direction of conventional 
current, for example. 

To measure the quantities of charge, 
current and force, certain definitions have 
been adopted. Charge is measured in cou- 
lombs. One coulomb is equal to 6.25 x 1018 
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electrons (or protons). Charge flow is mea- 
sured in amperes. One ampere represents 
one coulomb of charge flowing past a 
point in one second. Electromotive force 
is measured in volts. One volt is defined as 
the potential force (electrical) between 
two points for which one ampere of cur- 
rent will do one joule (measure of energy) 
of work flowing from one point to another. 
(A joule of work per second represents a 
power of one watt. See the Mathematics 
for Amateur Radio chapter for more in- 
formation about these unit definitions.) 

Voltage can be generated in a variety of 
ways. Chemicals with certain characteris- 
tics can be combined to form a battery. 
Mechanical motion such as friction (static 
electricity, lightning) and rotating conduc- 
tors in a magnetic field (generators) can 
also produce voltage. 

Any conductor between points at differ- 
ent voltages will allow current to pass be- 
tween the points. No conductor is perfect 
or lossless, however, at least not at normal 
temperatures. Charged particles such as 
electrons resist being moved and it requires 
energy to move them. The amount of resis- 
tance to current is measured in ohms. 


OHM’S LAW 


One ohm is defined as the amount of 
resistance that allows one ampere of cur- 
rent to flow between two points that have 
a potential difference of one volt. Thus, 
we get Ohm’s Law, which is: 


Rey (1) 


where: 
R = resistance in ohms, 

. E= potential or EMF in volts and 
I = current in amperes. 


Transposing the equation gives the other 
common expressions of Ohm’s Law as: 


E=1xR (2) 
and 

E 
І = = 

x (3) 


All three forms of the equation are used 
often in radio work. You must remember 


ШШ. Battery 


Fig 5.1 — A simple circuit consisting of 
a battery and a resistor. 
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that the quantities are in volts, ohms and 
amperes; other units cannot be used in the 
equations without first being converted. 
For example, if the current is in milliam- 
peres you must first change it to the 
equivalent fraction of an ampere before 
substituting the value into the equations. 

The following examples illustrate the 
use of Ohm’s Law. The current through 
a 20000-Q resistance is 150. mA. See 
Fig 5.1. What is the voltage? To find 
voltage, use equation 2 (E = I x R). Con- 
vert the current from milliamperes to 
amperes. Divide by 1000 mA / A (or 
multiply by 10? A / mA) to make this 
conversion. If you are uncertain how to do 
these conversions, see the Mathematics 
for Amateur Radio chapter. (Notice the 
conversion factor of 1000 does not limit 
the number of significant figures in the 
calculated answer.) 


p = 150.-mA_ _ 9 150A 


1000 mA 
A 


Then: 
Е = 0.150 A x 20000 Q = 3000 V 


If you are unfamiliar with the use of 
significant figures and rounding off 
calculated values, see the Mathematics 
for Amateur Radio chapter. 

When 150 V is applied to a circuit, the 
current is measured at 2.5 A. What is the 
resistance of the circuit? In this case R is 
the unknown, so we will use equation 1: 
E  150V = 60.2 


I 2.5 А 
No conversion was necessary because the 
voltage and current were given in volts and 
amperes. 

How much current will flow if 250 V is 
applied to a 5000-Q resistor? Since I is 
unknown, 


E 250 V 


R  5000Q 
Itis more convenientto express the current 
in mA, and 0.05 Ах 1000 mA/A = 50 mA. 


RESISTANCE AND 
CONDUCTANCE 


Suppose we have two conductors of the 
same size and shape, but of different mate- 
rials. The amount of current that will flow 
whena given EMF is applied will vary with 
the resistance of the material. The lower 
the resistance, the greater the current for a 
given EMF. The resistivity of a material is 
the resistance, in ohms, of a cube of the 
material measuring one centimeter on each 
edge. One of the best conductors is copper, 
and in making resistance calculations it is 


R= 


= 0.05A 


Table 5.1 

Relative Resistivity of Metals 
Resistivity Compared 

Material to Copper 

Aluminum (pure) 1.60 

Brass 3.7-4.90 

Cadmium 4.40 

Chromium 1.80 

Copper (hard-drawn) 1.03 

Copper (annealed) 1.00 

Gold 1.40 

lron (pure) 5.68 

Lead 12.80 

Nickel 5.10 

Phosphor bronze 2.8-5.40 

Silver 0.94 

Steel 7.6-12.70 

Tin 6.70 

Zinc 3.40 
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frequently convenient to compare the re- 
sistance of the material under consider- 
ation with that of a copper conductor of the 
same size and shape. Table 5.1 gives the 
ratio of the resistivity of various conduc- 
tors to the resistivity of copper. 

The longer the physical path, the higher 
the resistance of that conductor. For direct 
current and low-frequency alternating cur- 
rents (up to a few thousand hertz) the re- 
sistance is inversely proportional to the 
cross-sectional area of the path the current 
must travel; that is, given two conductors 
of the same material and having the same 
length, but differing in cross-sectional 
area, the one with the larger area will have 
the lower resistance. 


RESISTANCE OF WIRES 


The problem of determining the resis- 
tance of a round wire of given diameter 
and length—or its converse, finding a suit- 
able size and length of wire to provide a 
desired amount of resistance—can easily 
be solved with the help of the copper wire 
table given in the Component Data 
chapter. This table gives the resistance, in 
ohms per 1000 ft, of each standard wire 
size. For example, suppose you need a 
resistance of 3.5 Q, and some #28 wire is 
on hand. The wire table in the Component 
Data chapter shows that 428 wire has a 
resistance of 66.17 Q / 1000 ft. Since the 
desired resistance is 3.5 Q, the required 
wire length is: 


Logd: Rpgsirep _ 359 
Rwire 66.17 Q 
1000 ft 1000 ft 
= 3.59 x 1000 ft = sf (4) 
66.17 Q 


As another example, suppose that the 
resistance of wire in a circuit must not ex- 
ceed 0.05 Q and that the length of wire 


required for making the connections totals 
14 ft. Then: 


Rwmg , RMAXIMUM 5 0.05 (5) 
1000 ft Length 14.0 ft 
= 3.57 x 10° & x 1000 ft 

ft 1000 ft 


Rwre , 3.570 
1000 ft ` 1000 ft 


Find the value of Rwirg/ 1000 ft that is less 
than the calculated value. The wire table 
shows that #15 is the smallest size having 
a resistance less than this value. (The re- 
sistance of #15 wire is given as 3.1810 О 
/ 1000 ft.) Select any wire size larger than 
this for the connections in your circuit, to 
ensure that the total wire resistance will be 
less than 0.05 Q. 

When the wire in question is not made 
of copper, the resistance values in the wire 
table should be multiplied by the ratios 
shown in Table 5.1 to obtain the resulting 
resistance. If the wire in the first example 
were made from nickel instead of copper, 
the length required for 3.5 Q would be: 


R DESIRED (6) 


Rwire 
1000 ft 
_ 350 
^ 66179 
— ÁO 


5.1 
1000 ft 
3.5 Q x 1000 ft 


66.17 Q x 5.1 
3500 ft 


337.5 


Length 


I 


Length = = 10.0 ft 


TEMPERATURE EFFECTS 


The resistance of a conductor changes 
with its temperature. The resistance of 
practically every metallic conductor in- 
creases with increasing temperature. Car- 
bon, however, acts in the opposite way; its 
resistance decreases when its temperature 
rises. It is seldom necessary to consider 
temperature in making resistance calcula- 
tions for amateur work. The temperature 
effect is important when it is necessary to 
maintain a constant resistance under all 
conditions, however. Special materials 
that have little or no change in resistance 
over a wide temperature range are used in 
that case. 


RESISTORS 


À package of material exhibiting a cer- 
tain amount of resistance, made up into a 
single unit is called a resistor. Different 
resistors having the same resistance value 
may be considerably different in physical 
size and construction (see Fig 5.2). 
Current through a resistance causes the 
conductor to become heated; the higher 
the resistance and the larger the current, 
the greater the amount of heat developed. 
Resistors intended for carrying large 
currents must be physically large so the 
heat can be radiated quickly to the sur- 
rounding air. If the resistor does not dis- 
sipate the heat quickly, it may get hot 
enough to melt or burn. 

The amount of heat a resistor can safely 
dissipate depends on the material, surface 
area and design. Typical carbon resistors 
used in amateur electronics ('/s to 2-W re- 


Series and Parallel Resistances 


Very few actual electric circuits are as 
simple as Fig 5.1. Commonly, resistances 
are found connected in a variety of ways. 
The two fundamental methods of connect- 
ing resistances are shown in Fig 5.3. In 
part A, the current flows from the source 
of EMF (in the direction shown by the 
arrow) down through the first resistance, 
R1, then through the second, R2 and then 
back to the source. These resistors are 
connected in series. The current every- 
where in the circuit has the same value. 

In part B, the current flows to the com- 
mon connection point at the top of the two 
resistors and then divides, one part of it 


flowing through R1 and the other through 
R2. At the lower connection point these 
two currents again combine; the total is 


Fig 5.2 — Examples of various resistors. 
In the right foreground are '/-, 1/2- and 
1-W composition resistors. The two 
larger cylindrical components at the 
center are wire-wound power resistors. 
A surface-mount, or chip resistor is 
Shown at the top right. The remaining 
two parts are variable resistors; a PC- 
board-mount device at the lower left and 
a panel-mount unit at the upper left. 
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sistors) depend primarily on the surface 
area of the case, with some heat also being 
carried off through the connecting leads. 
Wirewound resistors are usually used for 
higher power levels. Some have finned 
cases for better convection cooling and/or 
metal cases for better conductive cooling. 
In some circuits, the resistor value may 
be critical. In this case, precision resistors 
are used. These are typically wirewound, 
or carbon-film devices whose values are 
carefully controlled during manufacture. 
In addition, special material or construc- 
tion techniques may be used to provide 
temperature compensation, so the value 
does not change (or changes in a precise 
manner) as the resistor temperature 
changes. There is more information about 
the electrical characteristics of real resis- 
tors in the Real-World Component 
Characteristics chapter. 


CONDUCTANCE 


The reciprocal of resistance (1/R) is 
conductance. It is usually represented by 
the symbol G. A circuit having high con- 
ductance has low resistance, and vice 
versa. In radio work, the term is used 
chiefly in connection with electron-tube 
and field-effect transistor characteristics. 
The unit of conductance is the siemens, 
abbreviated S. A resistance of 1 O has a 
conductance of 1 S, aresistance of 1000 О 
has a conductance of 0.001 S, and so on. A 
unit frequently used in connection with 
electron devices is the uS or one millionth 
of a siemens. It is the conductance of a 
1-MQ resistance. 


the same as the current into the upper com- 
mon connection. In this case, the two re- 
sistors are connected in parallel. 
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RESISTORS IN PARALLEL 


In a circuit with resistances in parallel, 
the total resistance is less than that of the 
lowest resistance value present. This is 
because the total current is always greater 
than the current in any individual resistor. 
The formula for finding the total resistance 
of resistances in parallel is 

1 

R= (7) 
1 1 1 
— + —— + — + — 

ВІ R2 R3 R4 
where the dots indicate that any number of 
resistors can be combined by the same 
method. For only two resistances in paral- 


Source 
of EMF 


Fig 5.3 — Resistors connected in 
serles at A, and in parallel at B. 


Fig 5.4 — An example of resistors in 
parallel. See text for calculations. 


Fig 5.5 — An example of resistors in 
series. See text for calculations. 
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lel (a very common case) the formula 
becomes: 
віх R2 


~ RI + R2 (3) 
Example: If a 500.-Q resistor is con- 


nected in parallel with one of 1200. Q, 
what is the total resistance? 


RI х R2 500.0 x 1200.9 


R= = 
R1 + R2 500.0 + 1200. Q 
= 2 
_ 6000090 _ 3630 
1700. Q 


KIRCHHOFF'S FIRST LAW 
(KIRCHHOFF'S CURRENT LAW) 


Suppose three resistors (5.00 kQ, 
20.0 kQ and 8.00 kQ) are connected in 
parallel as shown in Fig 5.4. The same 
EMF, 250. V, is applied to all three resis- 
tors. The current in each can be found from 
Ohm's Law, as shown below. The current 
through R1 is I1, I2 is the current through 
R2 and I3 is the current through R3. 

For convenience, we can use resistance 
in kQ, which gives current in milliam- 
peres. 


he 20 ы аад 
RI 5.00 kQ 

ec, Bea LL UR i sank 
R2 20.0 КО 

13 = Р = 250 V = 31.2mA 
R3 8.00 kQ 


Notice that the branch currents are in- 
versely proportional to the resistances. 
The 20000-Q resistor has a value four 
times larger than the 5000-Q resistor, and 
has a current one quarter as large. If a re- 
sistor has a value twice as large as another, 
it will have half as much current through it 
when they are connected in parallel. 

The total circuit current is: 


тота = I +12 +13 (9) 
тота = 50.0 mA + 12.5 mA +31.2 mA 
TOTAL = 93.7 mA 


This example illustrates Kirchhoff's 
Current Law: The current flowing into a 
node or branching point is equal to the sum 
of the individual currents leaving the node 
or branching point. The total resistance of 
the circuit is therefore: 

RSE-O Lfd 

I 93.7 mA 
You can verify this calculation by com- 
bining the three resistor values in parallel, 
using equation 7. 


RESISTORS IN SERIES 
When a circuit has a number of resis- 


tances connected in series, the total resis- 
tance of the circuit is the sum of the indi- 
vidual resistances. If these are numbered 
R1, R2, R3 and so on, then: 


Rrorac = R1 + В2 + ВЗ + ВА + TP (10) 


where the dots indicate that as many 
resistors as necessary may be added. 
Example: Suppose that three resistors 
are connected to a source of EMF as 
shown in Fig 5.5. The EMF is 250. V, R1 
is 5.00 kQ, R2 is 20.0 kQ and R3 is 
8.00 kQ. The total resistance is then 


Riora = R1* R2 + R3 
R = 5.00 КО + 20.0 КО + 8.00 KQ 
R = 33.0 kQ. 
The current in the circuit is then 
Iz E - 250.У = 7.58 тА 

В  3230kQ 


(We need not carry calculations beyond 
three significant figures; often, two will 
suffice because the accuracy of measure- 
ments is seldom better than a few percent.) 


KIRCHHOFF’S SECOND LAW 
(KIRCHHOFF’S VOLTAGE LAW) 


Ohm’s Law applies in any portion of a 
circuit as well as to the circuit as a whole. 
Although the current is the same in all 
three of the resistances in the example of 
Fig 5.5, the total voltage divides between 
them. The voltage appearing across each 
resistor (the voltage drop) can be found 
from Ohm’s Law. 

Example: If the voltage across R1 is 
called E1, that across R2 is called E2 and 
that across R3 is called E3, then 


EI 2IRI- 0.00758 A х 50000 = 37.9 V 
E2 - IR2-0.00758 А x 20000 Q =152 V 
E3-IR3-0.00758 A x 80000 = 60.6 V 

Notice here that the voltage drop across 
each resistor is directly proportional to the 
resistance. The 20000-Q resistor value is 
four times larger than the 5000-Q resistor, 
and the voltage drop across the 20000-Q 
resistor is four times larger. A resistor that 
has a value twice as large as another will 
have twice the voltage drop across it when 
they are connected in series. 

Kirchhoff's Voltage Law accurately 
describes the situation in the circuit: The 
sum of the voltages in a closed current 
loop is zero. The resistors are power 
sinks, while the battery is a power source. 
It is common to assign a + sign to power 
sources and a — sign to power sinks. This 
means the voltages across the resistors 
have the opposite sign from the battery 
voltage. Adding all the voltages yields 
zero. In the case of a single voltage source, 
algebraic manipulation implies that 
the sum of the individual voltage drops 


in the circuit must be equal to the applied 
voltage. 


Evora, = El + E2 + ЕЗ (11) 
Е ота = 37.9 V + 152 V + 60.6 V 
Eora = 250. V 


(Remember the significant figures rule for 
addition.) 

In problems such as this, when the cur- 
rent is small enough to be expressed in 
milliamperes, considerable time and 
trouble can be saved if the resistance is 
expressed in kilohms rather than in ohms. 
When the resistance in kilohms is substi- 
tuted directly in Ohm’s Law, the current 
will be milliamperes, if the EMF is in 
volts. 


RESISTORS IN SERIES-PARALLEL 


A circuit may have resistances both in 
parallel and in series, as shown in 
Fig 5.6A. The method for analyzing such 
a circuit is as follows: Consider R2 and R3 
to be the equivalent of a single resistor, 
Reg whose value is equal to R2 and R3 in 
parallel. 


_ R2x R3 200000 x 80000 


Reo ae ы 
R2 + R3 200002 + 80000 
_ 1.60 x 10° o? 
28000 Q 
Reg = 5710 Q = 5.71 КО 


This resistance in series with R1 forms 
a simple series circuit, as shown in 
Fig 5.6B. The total resistance in the circuit 
is: 
Roran = R1 + Ry, = 5.00 КО + 5.71 KQ 


R = 10.71 KQ 


TOTAL 
The current is: 
САА MA 
К 10.7] kQ 
The voltage drops across R1 and Rgg are: 


EI ZIXRI = 23.3 mA х 5.00 КО = 117 V 

E2 = Ix К = 23.3 mA x 5.71 КО 
= 133 V 

with sufficient accuracy. These two 

voltage drops total 250. V, as described by. 

Kirchhoff's Current Law. E2 appears 

across both R2 and R3 so, 


12 = ВА = Ы = 6.65 mA 
R2 20.0 kQ 

ІЗ = BT = 3y = 16.6 mA 
R3 8.00 KQ 

where: 


I2 = current through R2 and 
I3 = current through R3. 


The sum of I2 and I3 is equal to 23.3 mA, 
conforming to Kirchhoff’s Voltage Law. 


THEVENIN’S THEOREM 


Thevenin’s Theorem is a useful tool 
for simplifying electrical networks. 
Thevenin’s Theorem states that any two- 
terminal network of resistors and voltage 
or current sources can be replaced by a 
single voltage source and a series resistor. 
Such a transformation can simplify the 
calculation of current through a parallel 
branch. Thevenin's Theorem can be 
readily applied to the circuit of Fig 5.6A, 
to find the current through R3. 

In this example, R1 and R2 form a volt- 
age divider circuit, with R3 as the load 
(Fig 5.7A). The current drawn by the load 
(R3) is simply the voltage across R3, di- 
vided by its resistance. Unfortunately, the 
value of R2 affects the voltage across R3, 
just as the presence of R3 affects the 
potential appearing across R2. Some 
means of separating the two is needed; 
hence the Thevenin-equivalent circuit. 

The voltage of the Thevenin-equivalent 
battery is the open-circuit voltage, 
measured when there is no current from 
either terminal A or B. Without a load 
connected between A and B, the total 
current through the circuit is (from Ohm's 
Law): 


I= E 
RI + R2 


and the voltage between terminals A and 
B (Едв) is: 


E,, =1x R2 


(12) 


(13) 


= 250V 20.0 kQ 


Req (Equivalent 
R of R2 and 
R3 in Parallel) 


(в) 


Fig 5.6 — At A, an example of resistors 
in series-parailel. The equivalent circuit 
is shown at B. See text for calculations. 
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By substituting the first equation into 
the second, we can find a simplified ex- 
pression for Eag: 


R2 
E, 24 xE 
AB ` RI + R2 


Using the values in our example, this 
becomes: 
20.0 kQ 
= ————— х 250. V = 200. V 

AB " 25.0 KQ 
when nothing is connected to terminals A 
or B. With no current drawn, E is equal to 
Eag. 

The Thevenin-equivalent resistance is 
the total resistance between terminals A 
and B. The ideal voltage source, by defini- 


(14) 


R2 
20000 N 


INORTON = 
50.0 mA 


Fig 5.7 — Equivalent circuits for the 
circuit shown in Fig 5.6. A shows the 
load resistor (R3) looking into the 
circuit. B shows the Thevenin- 
equivalent circuit, with a resistor and a 
voltage source in series. C shows the 
Norton-equivalent circuit, with a 
resistor and current source in parallel. 
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tion, has zero internal resistance. Assum- 
ing the battery to be a close approximation 
of an ideal source, put a short between 
points X and Y in the circuit of Fig 5.7A. 
R1 and R2 are then effectively placed in 
parallel, as viewed from terminals A and 
B. The Thevenin-equivalent resistance is 
then: 


RIxR2 
Ктнвү “түру a 
_ 5000 Q x 20000 О 
A EIS ы к ЛУ ee EE 
THEY  — $000 Q + 20000 Q 
8 „2 
aue EO XID? ago 
25000 2 


This gives the Thevenin-equivalent cir- 
cuit as shown in Fig 5.7B. The circuits of 
Figs. 5.7A and 5.7B are equivalent as far 
as R3 is concerned. 

Once R3 is connected to terminals A 
and B, there will be current through 
Rqugv, causing a voltage drop across 
Ктнку and reducing Eag. The current 
through R3 is equal to 


ETHEV 
Ктнву + КЗ 


B= Етнву = (16) 


Rrora 


Power and Energy 


Regardless of how voltage is generated, 
energy must be supplied if current is drawn 
from the voltage source. The energy sup- 
plied may be in the form of chemical en- 
ergy or mechanical energy. This energy is 
measured in joules. One joule is defined 
from classical physics as the amount of 
energy or work done when a force of one 
newton (a measure of force) is applied to 
an object that is moved one meter in the 
direction of the force. 

Power is another important concept. In 
the USA, power is often measured in horse- 
power in mechanical systems. We use the 
metric power unit of watts in electrical sys- 
tems, however. In metric countries, me- 
chanical power is usually expressed in 
watts also. One watt is defined as the use 
(or generation) of one joule of energy per 
second. One watt is also defined as one volt 
of potential pushing one ampere of current 
through a resistance. Thus, 


P-IXE 
where: 
P = power in watts 


I = current in amperes 
Е = EMF in volts. 


(18) 
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Substituting the values from our example: 
200. V 


40000 + 80000 


This agrees with the value calculated 
earlier. 


NORTON’S THEOREM 


Norton’s Theorem is another tool for 
analyzing electrical networks. Norton’s 
Theorem states that any two-terminal net- 
work of resistors and current or voltage 
sources can be replaced by a single current 
source and a parallel resistor. Norton’s 
Theorem is to current sources what 
Thevenin’s Theorem is to voltage sources. 
In fact, the Thevenin resistance calculated 
previously is also used as the Norton 
equivalent resistance. 

The circuit just analyzed by means of 
Thevenin’s Theorem can be analyzed just 
as easily by Norton’s Theorem. The 
equivalent Norton circuit is shown in Fig 
5.7C. The current Isc of the equivalent 
current source is the short-circuit current 
through terminals A and B. In the case of 
the voltage divider shown in Fig 5.7A, the 
short-circuit current is: 


QE (17) 


КІ 


ІЗ = = 16.7 mA 


Isc 


When current flows through a resis- 
tance, the electrical energy is turned into 
heat. Common fractional and multiple 
units for power are the milliwatt (one 
thousandth of a watt) and the kilowatt 
(1000 W). 

Example: The plate voltage on a trans- 
mitting vacuum tube is 2000. V and the 
plate current is 350. mA. (The current must 
be changed to amperes before substitution 
in the formula, and so is 0.350 A.) Then: 


P = I x E = 2000. V x 0.350 A = 700. W 


By substituting the Ohm’s Law equiva- 
lent for E and I, the following formulas are 
obtained for power: 


2 
E 
Р = A (19) 
and 
P-ÜXxR (20) 


These formulas are useful in power 
calculations when the resistance and ei- 
ther the current or voltage (but not both) 
are known. 

Example: How much power will be con- 
verted to heat in a 4000.-Q resistor if the 


Substituting the values from our example, 
we have: 
Isc = B Do = 50.0mA 

RI 50000 

The resulting Norton-equivalent circuit 
consists of a 50.0-mA current source 
placed in parallel with a 4000-0 resistor. 
When R3 is connected to terminals A and 
B, one-third of the supply current flows 
through R3 and the remainder through 
Втнву. This gives a current through R3 of 
16.7 mA, again agreeing with previous 
conclusions. 

A Norton-equivalent circuit can be 
transformed into a Thevenin-equivalent 
circuit and vice versa. The equivalent 
resistor stays the same in both cases; it 
is placed in series with the voltage source 
in the case of a Thevenin-equivalent 
circuit and in parallel with the current 
source in the case of a Norton-equivalent 
circuit. The voltage for a Thevenin- 
equivalent source is equal to the no-load 
voltage appearing across the resistor in the 
Norton-equivalent circuit. The current for 
a Norton-equivalent source is equal to the 
short-circuit current provided by the 
Thevenin source. 


potential applied to it is 200. V? From 
equation 19, 


Р = 


As another example, suppose a current 
of 20. mA flows through a 300.-Q resistor. 
Then: 


P = P xR = 0.020? A? x 300. Q 
Р = 0.00040 A? x 300. О 
P=0.12 W 


Note that the current was changed from 
milliamperes to amperes before substitu- 
tion in the formula. 

Electrical power in a resistance is turned 
into heat. The greater the power, the more 
rapidly the heat is generated. Resistors for 
radio work are made in many sizes, the 
smallest being rated to dissipate (or carry 
safely) about 1/16 W. The largest resistors 
commonly used in amateur equipment will 
dissipate about 100 W. Large resistors 
such as those used in dummy-load anten- 


nas, are often cooled with oil to increase 


their power-handling capability. 

If you want to express power in horse- 
power instead of watts, the following rela- 
tionship holds: 


1 horsepower = 746 W (21) 


This formula assumes lossless transfor- 
mation; practical efficiency is taken up 
shortly. This formula is especially useful 
if you are working with a system that con- 
verts electrical energy into mechanical 
energy, and vice versa, since mechanical 
power is often expressed in horsepower, 
in the US. 


GENERALIZED DEFINITION OF 
RESISTANCE 


Electrical energy is not always turned 
into heat. The energy used in running a 
motor, for example, is converted to me- 
chanical motion. The energy supplied toa 
radio transmitter is largely converted into 
radio waves. Energy applied to a loud- 
speaker is changed into sound waves. In 
each case, the energy is converted to other 
forms and can be completely accounted 
for. None of the energy just disappears! 
This is a statement of the Law of Conser- 
vation of Energy. When a device converts 
energy from one form to another, we of- 
ten say it dissipates the energy, or power. 
(Power is energy divided by time.) Of 
course the device doesn’t really “use up” 
the energy, or make it disappear, it just 
converts it to another form. Proper opera- 
tion of electrical devices often requires 
that the power must be supplied at a 
specific ratio of voltage to current. These 
features are characteristics of resistance, 
so it can be said that any device that “dis- 
Sipates power” has a definite value of re- 
sistance. 

This concept of resistance as something 
that absorbs power at a definite voltage- 
to-current ratio is very useful; it permits 
substituting a simple resistance for the 
load or power-consuming part of the de- 
vice receiving power, often with consider- 
able simplification of calculations. Of 
course, every electrical device has some 
resistance of its own in the more narrow 
sense, so a part of the energy supplied to it 
is converted to heat in that resistance even 


though the major part of the energy may 
be converted to another form. 


EFFICIENCY 


In devices such as motors and vacuum 
tubes, the objective is to convert the sup- 
plied energy (or power) into some form 
other than heat. Therefore, power con- 
verted to heat is considered to be a loss, 
because it is not useful power. The effi- 
ciency of a device is the useful power 
output (in its converted form) divided by 
the power input to the device. In a 
vacuum-tube transmitter, for example, the 
objective is to convert power from a dc 
source into ac power at some radio fre- 
quency. The ratio of the RF power out- 
put to the dc input is the efficiency of 
the tube. That is: 


(22) 


where: 
Eff = efficiency (as a decimal) 
Po = power output (W) 
P; = power input (W). 


Example: If the dc input to the tube is 
100 W, and the RF power output is 60 W, 
the efficiency is: 


Efficiency is usually expressed as a per- 
centage — that is, it tells what percent of 
the input power will be available as useful 
output. To calculate percent efficiency, 
just multiply the value from equation 22 
by 100%. The efficiency in the example 
above is 60%. 

Suppose a mobile transmitter has an RF 
power output of 100. W with 52% effi- 
ciency at 13.8 V. The vehicle’s alternator 
system charges the battery at a 5.0-A rate 
at this voltage. Assuming an alternator ef- 
ficiency of 68%, how much horsepower 
must the engine produce to operate the 
transmitter and charge the battery? Solu- 
tion: To charge the battery, the alternator 
must produce 13.8 V x 5.0 A = 69 W. The 
transmitter dc input power is 100. W/0.52 
= 190 W. Therefore, the total electrical 
power required from the alternator is 190 
+ 69 = 260 W. The engine load then is: 
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Po _ 260% 


P; = — 

Eff 0.68 
We can convert this to horsepower using 
the formula given earlier to convert 


between horsepower and watts: 


= 380 W 


1 horsepower 
746 W 


380 W x = 0.51 horsepower 


ENERGY 


When you buy electricity from a power 
company, you pay for electrical energy, 
not power. What you pay for is the work 
that electricity does for you, not the rate at 
which that work is done. Work is equal to 
power multiplied by time. The common 
unit for measuring electrical energy is the 
watt-hour, which means that a power of 
1 W has been used for one hour. That is: 


Wh =PT 


where: 
W hr = energy in watt-hours 
P = power in watts 
T = time in hours. 


Actually, the watt-hour is a fairly small 
energy unit, so the power company bills 
you for kilowatt-hours of energy used. 
Another energy unit that is sometimes use- 
ful is the watt-second (joule). 

Energy units are seldom used in ama- 
teur practice, but it is obvious that a small 
amount of power used for a long time can 
eventually result in a power bill that is just 
as large as if a large amount of power had 
been used for a very short time. 

One practical application of energy 
units is to estimate how long a radio (such 
as a hand-held unit) will operate from a 
certain battery. For example, suppose a 
fully charged battery stores 900 mA hr of 
energy, and a radio draws 30 mA on re- 
ceive. You might guess that the radio will 
receive 30 hrs with this battery, assuming 
100% efficiency. You shouldn't expect to 
get the full 900 mA hr out of the battery, 
and you will probably spend some of the 
time transmitting, which will also reduce 
the time the battery will last. The Real- 
World Component Characteristics and 
Power Supplies chapters include addi- 
tional information about batteries and 
their charge/discharge cycles. 
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Circuits and Components 


SERIES AND PARALLEL CIRCUITS 


Passive components (resistors for dc 
circuits) can be used to make voltage and 
current dividers and limiters to obtain a 
desired value. For instance, in Fig 5.8A, 
two resistors are connected in series to 
provide a voltage divider. As long as the 
device connected at point A has a much 
higher resistance than the resistors in the 
divider, the voltage will be approximately 
the ratio of the resistances. Thus, if 
E = 10 V, R1 = 5 Q and R2 = 5 Q, the 
voltage at point A will be 5 V measured on 
a high-impedance voltmeter. A good rule 
of thumb is that the load at point A should 
be at least ten times the value of the high- 
est resistor in the divider to get reasonably 
close to the voltage you want. As the load 
resistance gets closer to the value of the 
divider, the current drawn by the load af- 
fects the division and causes changes from 
the desired value. If you need precise 
voltage division from fixed resistors and 
know the value of the load resistance, you 
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Fig 5.8 — This circuit shows a resistive 
voltage divider. 
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can use Kirchhoff’ s Laws and Thevenin’s 
Theorem (explained earlier) to calculate 
exact values. 

Similarly, resistors can be used, as 
shown in Fig 5.8B, to make current divid- 
ers. Suppose you had two LEDs (light 
emitting diodes) and wanted one to glow 
twice as brightly as the other. You could 
use one resistor with twice the value of the 
other for the dimmer LED. Thus, approxi- 
mately two-thirds of the current would 
flow through one LED and one-third 
through the other (neglecting any effect of 
the 0.7-V drop across the diode). 

Resistors can also be used to limit the 
current through a device from a fixed volt- 
age source. A typical example is shown in 
Fig 5.8C. Here a high-voltage source feeds 
a battery in a battery charger. This is typi- 
cal of nickel cadmium chargers. The high 
resistor value limits the current that can 
possibly flow through the battery to a 
value that is low enough so it will not dam- 
age the battery. 


SWITCHES 


Switches are used to start or stop a signal 
(current) flowing in a particular circuit. 
Most switches are mechanical devices, 
although the same effect may be achieved 
with solid-state devices. Relays are 
switches that are controlled by another 
electrical signal rather than manual or 
mechanical means. 

Switches come in many different forms 
and a wide variety of ratings. The most 
important ratings are the voltage and cur- 
rent handling capabilities. The voltage 
rating usually includes both the break- 
down rating and the interrupt rating. Nor- 
mally, the interrupt rating is the lower 
value, and therefore the one given on (for) 
the switch. The current rating includes 
both the current carrying capacity and the 
interrupt capability. 

Most power switches are rated for alter- 
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Fig 5.9 — Schematic diagrams of various 
types of switches. A is an SPST, B is an 
SPDT, C is an SPDT switch with a 
center-off position. 


nating current use. Because ac voltage 
goes through zero with each cycle, 
switches can successfully interrupt much 
more alternating current than direct cur- 
rent without arcing. A switch that has a 
10-A ac current rating may arc and dam- 
age the contacts if used to turn off more 
than an ampere or two of dc. 

Switches are normally designated by the 
number of poles (circuits controlled) and 
positions (circuit path choices). The sim- 
plest switch is the on-off switch, which is 
a single-pole, single-throw (SPST) switch 
as shown in Fig 5.9A. The off position does 
not direct the current to another circuit. The 
next step would be to change the current 
path to another path, and would be a single- 
pole, double-throw (SPDT) switch as 
shown in Fig 5.9B. Adding an off position 
would give a single-pole, double-throw, 
center-off switch as shown in Fig 5.9C. 

Several such switches can be “ganged” 
to the same mechanical activator to pro- 
vide double pole, triple pole or even more, 
separate control paths all activated at once. 
Switches can be activated in a variety of 
ways. The most common methods include 
lever, push button and rotary switches. 
Samples of these are shown in Fig 5.10. 
Most switches stay in the position set, but 
some are spring loaded so they only stay in 
the desired position while held there. 
These are called momentary switches. 

Switches typically found in the home are 
usually rated for 125 V ac and 15 to 20 A. 
Switches in cars are usually rated for 12 V 
dc and several amperes. The breakdown 
voltage rating of a switch, which is usually 
higher than the interrupt rating, primarily 
depends on the insulating material sur- 
rounding the contacts and the separation 
between the contacts. Plastic or phenolic 
material normally provides both structural 
support and insulation. Ceramic material 
may be used to provide better insulation, 
particularly in rotary (wafer) switches. 
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Fig 5.10 — This photo shows examples 
of various styles of switches. 


The current carrying capacity of the 
switch depends on the contact material and 
size and on the pressure between the con- 
tacts. It is primarily determined from the 
allowable contact temperature rise. On 
larger ac switches, or most dc switches, 
the interrupt capability may be lower than 
the current carrying value. 

Rotary/wafer switches can provide very 
complex switching patterns. Several poles 
(separate circuits) can be included on each 
wafer. Many wafers may be stacked on the 
same shaft. Not only may many different 
circuits be controlled at once, but by wir- 
ing different poles/positions on different 
wafers together, a high degree of circuit 
switching logic can be developed. Such 
switches can select different paths as they 
are turned, and can also "short" together 
successive contacts to connect numbers of 
components or paths. They can also be 
designed to either break one contact be- 
fore making another, or to short two con- 
tacts together before disconnecting the 
first one (make before break) to eliminate 
arcing or perform certain logic functions. 

In choosing a switch for a particular 
task, consideration should be given to 
function, voltage and current ratings, ease 
of use, availability and cost. If a switch is 
to be operated frequently, a slightly higher 
cost for a better-quality switch is usually 
less costly overthe long run. If signal noise 
orcontact corrosion is a potential problem, 
(usually in low-current signal applica- 
tions) it is best to get gold plated contacts. 
Gold does not oxidize or corrode, thus pro- 
viding surer contact, which can be particu- 
larly important at very low signal levels. 
Gold plating will not hold up under high- 
current-interrupt applications, however. 


FUSES 


Fuses self-destruct to protect circuit 
wiring or equipment. The fuse element 
that melts is a carefully shaped piece of 
soft metal, usually mounted in a cartridge 
of some kind. The element is designed to 
safely carry a given amount of current and 
to melt at a current value that is a certain 
percentage over the rated value. The melt- 
ing value depends on the type of material, 
the shape of the element and the heat dis- 
sipation capability of the cartridge and 
holder, among other factors. Some fuses 


(Slo-blo) are designed to carry an over- - 


load for a short period of time. They typi- 
cally are used in motor starting and power- 
supply circuits that have a large inrush 
current when first started. Other fuses are 
designed to blow very quickly to protect 
delicate instruments and solid-state cir- 
cuits. A replacement fuse should have the 
same current rating and the same charac- 
teristics as the fuse it replaces. Fig 5.11 
Shows a variety of fuse types and sizes. 


The most important fuse rating is the 
nominal current rating that it will safely 
carry. Next most important are the timing 
characteristics, or how quickly it opens 
under a given current overload. A fuse also 
has a voltage rating, both a value in volts 
and whether it is expected to be used in ac 
or dc circuits. While you should never 
substitute a fuse with a higher current 
rating than the one it replaces, you can use 
a fuse with a higher voltage rating. There 
is no danger in replacing a 12-V, 2-A fuse 
with a 250-V, 2-A unit. 

Fuses fail for several reasons. The most 
obvious reason is that a problem develops 
in the circuit, which causes too much cur- 
rent to flow. In this case, the circuit prob- 
lem needs to be fixed. A fuse may just fail 
eventually, particularly when cycled on 
and off near its current rating. A kind of 
metal fatigue sets in, and eventually the 
fuse goes. A fuse can also blow because of 
amomentary power surge, oreven turning 
something on and off several times quickly 
when there is a large inrush current. In 
these cases it is only necessary to replace 
the fuse with the same type and value. 
Never substitute a fuse with a larger cur- 
rent rating. You may cause permanent 
damage (maybe even a fire) to the wiring 
or circuit elements if/when there is an 
internal problem in the equipment 


RELAYS 


Relays are switches that are driven by 
an electrical signal, usually through a 
magnetic coil. An armature that moves 
when current is applied pushes the switch 
contacts together, or pulls them apart. 
Many such contacts can be connected to 
the same armature, allowing many circuits 
to be controlled by a single signal. Usu- 
ally, relays have only two positions (open- 
ing some contacts and closing others) 
although there are special cases. 

Like switches, relays have specific volt- 
age and current ratings for the contacts. 
These may be far different from the 
voltage and current of the coil that drives 
the relay. That means a small signal volt- 
age might control very large values of 
voltage and/or current. Relay contacts 
(and housings) may be designed for ac, йс 
or RF signals. The control voltages are 
usually 12 V ас or 125 V ac for most 
amateur applications, but the coils may be 
designed to be “current sensing” and 
operate when the current through the coil 
exceeds a specific value. Fig 5.12 shows 
some typical relays found in amateur 
equipment. Relays with 24- and 28-V coils 
are also common. 

Coaxial relays are specially designed to 
handle RF signals and to maintain a char- 
acteristic impedance to match certain 
values of coaxial-cable impedance. They 
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Fig 5.11 — This photo shows examples 
of various styles of fuses. 


Fig 5.12 — This photo shows examples 
of various styles of relays. 


typically are used to switch an antenna 
between a receiver and transmitter or 
between a linear amplifier and a trans- 
ceiver. Fig 5.13 shows how several relays 
may be controlled by a microphone button 
to switch various functions in an amateur 
station. This simple system does not in- 
clude control circuitry to provide proper 
sequencing of the relays. 


POTENTIOMETERS 


Potentiometer is a big name for a vari- 
able resistor. They are commonly used as 
volume controls on radios, televisions and 
stereos. A typical potentiometer is a cir- 
cular pattern of resistive material, usually 
a carbon compound, that has a wiper on a 
shaft moving across the material. For 
higher power applications, the resistive 
material may be wire, wound around 
a core. As the wiper moves along the 
material, more resistance is introduced 
between the wiper and one of the fixed 
contacts on the material. A potentiometer 
may be used primarily to control current, 
voltage or resistance in a circuit. Fig 5.14 . 
shows several circuits to demonstrate vari- 
ous uses. Fig 5.15 shows several different 
types of potentiometers. 

Typical specifications for a potentio- 
meter include maximum resistance, power 
dissipation, voltage and current ratings, 
number of turns (or degrees) the shaft can 
rotate, type and size of shaft, mounting 
arrangements and resistance "taper." 

Not all potentiometers have a linear 
taper. That is, the resistance may not be 
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Fig 5.13 — A simple station control circuit. This example does not include control circuitry to provide proper sequencing of 


the relays. 


the same for a given number of degrees of 


shaft rotation along different portions of 
the resistive material. A typical use of a 
potentiometer with a nonlinear taper is as 
a volume control. Since the human ear has 
alogarithmic response to sound, a volume 
control may actually change the volume 
(resistance) much more near one end of 
the potentiometer than the other (for a 
given amount of rotation) so that the "per- 
ceived" change in volume is about tbe 
same for a similar change in the control. 
This is commonly called an “audio taper" 
as the change in resistance per degree of 
rotation attempts to match the response of 
the human ear. The taper can be designed 
to match almost any desired control func- 
tion for a given application. Linear and 
audio tapers are the most common. 
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Fig 5.14 — Various uses of potentiometers. 
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Fig 5.15 — This photo shows examples 
of different styles of potentiometers. 


Glossary 


Admittance (Y) — The reciprocal of im- 
pedance, measured in siemens (S). 

Capacitance (C) — The ability to store 
electrical energy in an electrostatic field, 
measured in farads (F). A device with ca- 
pacitance is a capacitor. 

Conductance (G) — The reciprocal of 
resistance, measured in siemens (S). 

Current (I) — The rate of electron flow 
through a conductor, measured in amperes 
(A). 

Flux density (B) — The number of mag- 
netic-force lines per unit area, measured 
in gauss. 

Frequency (f) — The rate of change of 
an ac voltage or current, measured in 
cycles per second, or hertz (Hz). 

Impedance (Z) — The complex combi- 
nation of resistance and reactance, mea- 
sured in ohms (Q). 

Inductance (L) — The ability to store 
electrical energy in a magnetic field, mea- 
sured in henrys (H). A device, such as a 
coil, with inductance is an inductor. 

Peak (voltage or current) — The maxi- 
mum value relative to zero that an ac volt- 
age or current attains during any cycle. 

Peak-to-peak (voltage or current) — 
The value of the total swing of an ac volt- 
age or current from its peak negative value 
to its peak positive value, ordinarily twice 


the value of the peak voltage or current. 

Period (T) — The duration of one ac 
voltage or current cycle, measured in sec- 
onds (s). 

Permeability (и) — The ratio of the 
magnetic flux density of an iron, ferrite, or 
similar core in an electromagnet compared 
to the magnetic flux density of an air core, 
when the current through the electromag- 
net is held constant. 

Power (P) — The rate of electrical-en- 
ergy use, measured in watts (W). 

Q (quality factor) — The ratio of en- 
ergy stored in a reactive component (ca- 
pacitor or inductor) to the energy dissi- 
pated, equal to the reactance divided by 
the resistance. 

Reactance (X) — Opposition to alter- 
nating current by storage in an electrical 
field (by a capacitor) or in a magnetic field 
(by an inductor), measured in ohms (Q). 

Resistance (R) — Opposition to current 
by conversion into other forms of energy, 
such as heat, measured in ohms (Q). 

Resonance — Ordinarily, the condition 
in an ac circuit containing both capacitive 
and inductive reactance in which the reac- 
tances are equal. 

RMS (voltage or current) — Literally, 
"root mean square;" the square root of the 
average of the squares of the instantaneous 


values for one cycle of a waveform. A dc 
voltage or current that will produce the 
same heating effect as the waveform. For a 
sine wave, the RMS value is equal to 0.707 
times the peak value.of ac voltage or cur- 
rent. ` 

Susceptance (B) — The reciprocal of 
reactance, measured in siemens (S). 

Time constant (т) — The time required 
for the voltage in an RC circuit or the cur- 
rent in an RL circuit to rise from zero to 
approximately 63.2% of its maximum 
value or to fall from its maximum value 
63.296 toward zero. 

Toroid — Literally, any donut-shaped 
solid; most commonly referring to ferrite 
or powdered-iron cores supporting induc- 
tors and transformers. 

Transducer — Any device that converts 
one form of energy to another; forexample 
an antenna, which converts electrical en- 
ergy to electromagnetic energy or a 
speaker, which converts electrical energy 
to sonic energy. 

Transformer — A device consisting of 
at least two coupled inductors capable of 
transferring energy through mutual induc- 
tance. 

Voltage (E) — Electromotive force or 
electrical pressure, measured in volts (V). 


Alternating Current, Frequency and Wavelength 


AC IN CIRCUITS 


A circuit is a complete conductive route 
for electrons to follow from a source, 
through a load and back to the source. If 
the source permits the electrons to flow in 
only one direction, the current is dc or 
direct current. If the source permits the 


current periodically to change direction, 
the current is ac or alternating current. 
Fig 6.1 illustrates the two types of circuits. 
Drawing A shows the source as a battery, 
a typical dc source. Drawing B shows a 
more abstract source symbol to indicate 
ac. In an ac circuit, not only does the cur- 
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rent change direction periodically; the 
voltage also periodically reverses. The 
rate of reversal may range from a few times 
per second to many billions per second. 
Graphs of current or voltage, such as 
Fig 6.1, begin with a horizontal axis that 
represents time. The vertical axis represents 
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Fig 6.1 — Basic circuits for direct and 
alternating currents. With each circuit 
is a graph of the current, constant for 
the dc circuit, but periodically 
changing direction in the ac circuit. 


Fig 6.3 — Two ac waveforms of similar 
frequencies (f1 = 1.5 f2) and amplitudes 
form a composite wave. Note the points 
where the positive peaks of the two 
waves combine to create high 
composite peaks: this is the 
phenomenon of beats. The beat note 
frequency is 1.5f — f = 0.5f and is 
visible in the drawing. 
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Fig 6.5 — Some common ac 
waveforms: square, triangle, ramp and 
sine. 


6.2 Chapter 6 


Peak—to—Peak Variation 


Average 
OC Level 


(A) 


Amplitude 
| —— о — + 


Pulsating OC 


Peak—to—Peak Variation 


+ 
Ji 
о 
2 
50 
| 
« 


AC Component 


Average 
DC Level 


(c) 


Amplitude 
| -—— о — + 


DC Component 


Fig 6.2 — A pulsating dc current (A) 
and its resolution into an ac 
component (B) and a dc component 
(C). 
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Fig 6.4 — Two ac waveforms of widely 
different frequencies and amplitudes 
form a composite wave in which one 
wave appears to ride upon the other. 


the amplitude of the current or the voltage, 
whichever is graphed. Distance above the 
zero line means a greater positive amplitude; 
distance below the zero line means a greater 
negative amplitude. Positive and negative 
simply designate the opposing directions in 
which current may flow in an alternating 
current circuit or the opposing directions of 
force of an ac voltage. 

If the current and voltage never change 
direction, then from one perspective, we 
have a dc circuit, even if the level of dc 
constantly changes. Fig 6.2 shows a cur- 
rent that is always positive with respect to 


0. It varies periodically in amplitude, how- 
ever. Whatever the shape of the variations, 
the current can be called pulsating dc. If 
the current periodically reaches 0, it can 
be called intermittent dc. From another 
perspective, we may look at intermittent 
and pulsating dc as a combination of an ac 
and a dc current. Special circuits can sepa- 
rate the two currents into ac and dc com- 
ponents for separate analysis or use. There 
are also circuits that combine ac and dc 
currents and voltages for many purposes. 

We can combine ac and dc voltages and 
currents. Different ac voltages and cur- 
rents also form combinations. Such com- 
binations will result in complex wave- 
forms. A waveform is the pattern of 
amplitudes reached by the voltage or cur- 
rent as measured over time. Fig 6.3 shows 
two ac waveforms fairly close in fre- 
quency, and their resultant combination. 
Fig 6.4 shows two ac waveforms dissimi- 
lar in both frequency and wavelength, 
along with the resultant combined wave- 
form. Note the similarities (and the differ- 
ences) between the resultant waveform in 
Fig 6.4 and the combined ac-dc waveform 
in Fig 6.2. 

Alternating currents may take on many 
useful wave shapes. Fig 6.5 shows a few 
that are commonly used in practical cir- 
cuits and in test equipment. The square 
wave is vital to digital electronics. The 
triangular and ramp waves — sometimes 
called “sawtooth” waves — are especially 
useful in timing circuits. The sine wave is 
both mathematically and practically the 
foundation of all other forms of ac; the 
other forms can usually be reduced to (and 
even constructed from) a particular col- 
lection of sine waves. 

There are numerous ways to generate 
alternating currents: with an ac power gen- 
erator (an alternator), with a transducer 
(for example, a microphone) or with an 
electronic circuit (for example, an RF os- 
cillator). The basis of the sine wave is cir- 
cular motion, which underlies the most 
usual methods of generating alternating 
current. The circular motion of the ac gen- 
erator may be physical or mechanical, as 
in an alternator. Currents in the resonant 
circuit of an oscillator may also produce 
sine waves without mechanical motion. 

Fig 6.6 demonstrates the relationship of 
the current (and voltage) amplitude to rela- 
tive positions of a circular rotation through 
one complete revolution of 360°. Note that 
the current is zero at point 1. It rises to its 
maximum value at a point 90? from point 1, 
which is point 3. At a point 180? from point 
1, which is point 4, the current level falls 
back to zero. Then the current begins to rise 
again. The direction of the current after point 
4 and prior to its return to point 1, however, 


Rotation 
in Time 


|$ 
W 
3 
оа 
|£ 

< 


Fig 6.6 — The relationship of circular 
motion and the resultant graph of ac 
current or voltage. The curve is 
sinusoidal, a sine wave. 


is opposite the direction of current from 
point | to point 4. Point 2 illustrates one of 
the innumerable intermediate values of cur- 
rent throughout the cycle. 

Tracing the rise and fall of current over 
‘a linear time line produces the curve ac- 
companying the circle in Fig 6.6. The 
curve is sinusoidal or a sine wave. The 
amplitude of the current varies as the sine 
of the angle made by the circular move- 
ment with respect to the zero point. The 
sine of 90° is 1, and 90° is also the point of 
maximum current (along with 270°). The 
sine of 45° (point 2) is 0.707, and the value 
of current at the 45° point of rotation is 
0.707 times the maximum current. Similar 
considerations apply to the variation of ac 
voltage over time. 


FREQUENCY AND PERIOD 


With a continuously rotating generator, 
alternating current will pass through many 
equal cycles over time. Select an arbitrary 
point on any one cycle and use it as a marker. 
For this example, the positive peak will work 
as an unambiguous marker. The number of 
times per second that the current (or voltage) 
reaches this positive peak in any one second 
is called the frequency of the ac. In other 
words, frequency expresses the rate at which 
current (or voltage) cycles occur. The unit of 
frequency is cycles per second, or hertz— 
abbreviated Hz (after the 19th century radio- 
phenomena pioneer, Heinrich Hertz). 

The length of any cycle in units of time is 
the period of the cycle, as measured from 
and to equivalent points on succeeding 
cycles. Mathematically, the period is simply 
the inverse of the frequency. That is, 


7 1 
Frequency (1) in Hz = Period (T) in seconds (1) 
and 
1 
Frequency (f) in Hz (2) 
Example: What is the period of a 
400.-hertz ac current? 


1 
Tec 


f 400. Hz 
The frequency of alternating currents 


Period (T) in seconds = 


= 0.00250 s=2.5 ms 


used in Amateur Radio circuits varies 
from a few hertz, or cycles per second, to 
thousands of millions of hertz. Likewise, 
the period of alternating currents amateurs 
use ranges from significant fractions of a 
second down to nanoseconds or smaller. 
In order to express units of frequency, time 
and almost everything else in electronics 
compactly, electronics uses a standard 
system of prefixes. In magnitudes of 1000 
or 103, frequency is measurable in hertz, 
in kilohertz (1000 hertz or kHz), in mega- 
hertz (1 million hertz or MHz), gigahertz 
(1 billion hertz or GHz) and even in tera- 
hertz (1 trillion hertz or THz). For units 
smaller than one, as in the measurement of 
period, the basic unit seconds can become 
milliseconds (1 thousandth of a second or 
ms), microseconds (1 millionth of a sec- 
ond or us), nanoseconds (1 billionth of a 
second or ns) and picoseconds (1 trillionth 
of a second or ps). See the Mathematics 
for Amateur Radio chapter for a com- 
plete list of prefixes and their relationship 
to basic units. 

The uses of ac in Amateur Radio cir- 
cuits are many and varied. Most can be 
cataloged by reference to ac frequency 
ranges used in circuits. For example, ac 
power used in the home, office and factory 
is ordinarily 60 Hz in the United States 
and Canada. In Great Britain and much of 
Europe, ac power is 50 Hz. For special 
purposes, ac power has been generated up 
to about 400 Hz. 

Sonic and ultrasonic applications of ac 
run from about 20 Hz up to several MHz. 
Audio work makes use of the lower end of 
the sonic spectrum, with communications 
audio focusing on the range from about 
300 to 3000 Hz. High-fidelity audio uses 
ac circuits capable of handling 20 Hz to at 
least 20 kHz. Ultrasonics — used in medi- 
cine and industry — makes use of ac cir- 
cuits above 20 kHz. 

Amateur Radio circuits include both 
power- and sonic-frequency-range cir- 
cuits. Radio communication and other 
electronics work, however, require ac cir- 
cuits capable of operation with frequen- 
cies up to the gigahertz range. Some of the 
applications include signal sources for 


transmitters (and for circuits inside receiv- 
ers); industrial induction heating; 
diathermy; microwaves for cooking, radar 
and communication; remote control of 
appliances, lighting, model planes and 
boats and other equipment; and radio di- 
rection finding and guidance. 


AC IN CIRCUITS AND 
TRANSDUCED ENERGY 


Alternating currents are often loosely 
classified as audio frequency (AF) and 
radio frequency (RF). Although these des- 
ignations are handy, they actually repre- 
sent something other than the electrical 
energy of ac circuits: They designate spe- 
cial forms of energy that we find useful. 

Audio or sonic energy is the energy 
imparted by the mechanical movement of 
a medium, which can be air, metal, water 
or even the human body. Sound that 
humans can hear normally requires the 
movement of air between 20 Hz and 
20 kHz, although the human ear loses its 
ability to detect the extremes of this range 
as we age. Some animals, such as ele- 
phants, can apparently detect air vibra- 
tions well below 20 Hz, while others, such 
as dogs and cats, can detect air vibrations 
well above 20 kHz. 

Electrical circuits do not directly pro- 
duce air vibrations. Sound production re- 
quires a transducer, a device to transform 
one form of energy into another form of 
energy; in this case electrical energy into 
sonic energy. The speaker and the micro- 
phone are the most common audio trans- 
ducers. There are numerous ultrasonic 
transducers for various applications. 

Likewise, converting electrical energy 
into radio signals also requires a trans- 
ducer, usually called an antenna. In con- 
trast to RF alternating currents in circuits, 
RF energy is a form of electromagnetic 
energy. The frequencies of electromag- 
netic energy run from below 20 kHz to 
above 10!? GHz. They include radio, in- 
frared, visible light, ultraviolet and a num- 
ber of energy forms of greatest interest to 
physicists and astronomers. Table 6.1 pro- 
vides a brief glimpse at the total spectrum 
of electromagnetic energy. 


Table 6.1 


Key Regions of the Electromagnetic Energy 


Spectrum 


Region Name 


Frequency Range 


Radio frequencies 1.0x10^Hz to 3.0x 1011 Hz 
Infrared 3.0x10!!Hz to 4.3x 1014 Hz 
Visible light 4.3x10!^Hz to 1.0x 1015 Hz 
Ultraviolet 1.0 х 1015 Hz to 6.0x 1016 Hz 
X-rays 6.0х 1016 Hz to 3.0x 1019 Hz 
Gamma rays 3.0x10!9Hz to 5.0 х 1020 Hz 
Cosmic rays 5.0x 1020 Н2 to 8.0x 10?! Hz 
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Table 6.2 


Classification of the Radio Frequency Spectrum 


Abbreviation Classification Frequency Range 
VLF Very low frequencies 10 to 30 kHz 
LF Low frequencies 30 to 300 kHz 
MF Medium frequencies 300 to 3000 kHz 
HF High frequencies 3 to 30 MHz 
VHF Very high frequencies 30 to 300 MHz 
ОНЕ  Ultrahigh frequencies 300 to 3000 MHz 
SHF  Superhigh frequencies 3 to 30 GHz 
EHF Extremely high frequencies 30 to 300 GHz 
All electromagnetic energy has one thing k 
in common: it travels, or propagates, at the 3.00 x 10° (=) 
speed of light. This speed is approximately ДА (m) = NS. (6) 


300000000 (or 3.00 x 108) meters per sec- 
ond in a vacuum. Electromagnetic-energy 
waves have a length uniquely associated 
with each possible frequency. The wave- 
length (A) is simply the speed of propagation 
divided by the frequency (f) in hertz. 


3.00 x 108 (=) 
NSA 3 
f (Hz) T (3) 
and 
3.00 x 108 (=) 
im АВИ (4) 


f (Hz) 


Example: What is the frequency of an 
80.0-m RF wave? 


3.00 x 108 (=) 
f (Hz) = ——————-3— 
3.00 x 108 (=) 
£ S 
i 80.0 m 
f(Hz) = 3.75 x 10° Hz 


We could use a similar equation to cal- 
culate the wavelength of a sound wave in 
air, but we would have to use the speed of 
sound instead of the speed of light in the 
numerator of the equation. The speed of 
propagation of the mechanical movement 
of air that we call sound varies consider- 
ably with air temperature and altitude. The 
speed of sound at sea levelis about 331 m/ 
s at 0°C and 344 m/s at 20°C. 

To calculate the frequency of an elec- 
tromagnetic wave directly in kilohertz, 
change the speed constant to 300000 
(3.00 x 105) km/s. 


3.00 x 10? (=) 


f (kHz) = 5 5 
(kHz) im) (5) 

and 
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f (kHz) 
For frequencies in megahertz, use: 


f (MHz) = (7) 
À (m) 
and 
b» 
300. | — 
à (т) = ———— (8) 
f (MHz) 


You would normally just drop the units 
that go with the speed of light constant, to 
make the equation look simpler. 
Example: What is the wavelength of an 
RF wave whose frequency is 4.0 MHz? 


300. 300. 
À (m) = ——————— 
f (MHz) 4.0 MHz 

Athigher frequencies, circuit elements act 
like transducers. This property can be put to 
use, but it can also cause problems for some 
circuit operations. Therefore, wavelength 
calculations are of some importance in de- 
signing ac circuits for those frequencies. 

Within the part of the electromagnetic- 
energy spectrum of most interest to 
radio applications, frequencies have been 
classified into groups and given names. 
Table 6.2 provides a reference list of these 
classifications. To a significant degree, the 
frequencies within each group exhibit simi- 
lar properties. For example, HF or high fre- 
quencies, from 3 to 30 MHz, all exhibit skip 
or ionospheric refraction that permits regu- 
lar long-range radio communications. This 
property also applies occasionally both to 
MF (medium frequencies) and to VHF (very 
high frequencies). 

Despite the close relationship between RF 
electromagnetic energy and RF ac circuits, 
it remains important to distinguish the two. 
To the ac circuit producing or amplifying a 
15-kHz alternating current, the ultimate 
transformation and use of the electrical en- 
ergy may make no difference to the circuit’s 
operation. By choosing the right transducer, 
one can produce either an audio tone or a 


= 75m 


+ 


180° 270° 


Amplitude 
а—осо-—> 


1/2 Cycle 


Fig 6.7 — An ac cycle is divided into 
360° that are used as a measure of time 
or phase. 
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Fig 6.8 — When two waves of the same 
frequency start their cycles at slightly 
different times, the time difference or 
phase difference is measured in 
degrees. In this drawing, wave B starts 
45° (one-eighth cycle) later than wave 
A, and so lags 45° behind A. 


radio signal — or both. Such was the acci- 
dental fate of many horizontal oscillators and 
amplifiers in early television sets; they found 
ways to vibrate parts audibly and to radiate 
electromagnetic energy. 


PHASE 


When tracing a sine-wave curve of an ac 
voltage or current, the horizontal axis repre- 
sents time. We call this the time domain of 
the sine wave. Events to the right take place 
later; events to the left occur earlier. Al- 
though time is measurable in parts of a sec- 
ond, it is more convenient to treat each cycle 
as a complete time unit that we divide into 
360°. The conventional starting point for 
counting degrees is the zero point as the volt- 
age or current begins the positive half cycle. 
The essential elements of an ac cycle appear 
in Fig 6.7. 

The advantage of treating the ac cycle in 
this way is that many calculations and mea- 
surements can be taken and recorded in a 
manner that is independent of frequency. The 
positive peak voltage or current occurs at 90? 
along the cycle. Relative to the starting point, 
90? is the phase of the ac at that point. Thus, 
a complete description of an ac voltage or 
current involves reference to three proper- 
ties: frequency, amplitude and phase. 

Phase relationships also permit the com- 


comparison of two ac voltages or cur- 
rents at the same frequency, as Fig 6.8 
demonstrates. Since B crosses the zero 
point in the positive direction after A 
has already done so, there is a phase 
difference between the two waves. In 
the example, B lags A by 45°, or A leads 
B by 45°. If A and B occur in the same 
circuit, their composite waveform will 
also be a sine wave at an intermediate 
phase angle relative to each. Adding any 
number of sine waves of the same fre- 
quency always results in a sine wave at 
that frequency. 

Fig 6.8 might equally apply to a voltage 
and a current measured in the same ac cir- 
cuit. Either A or B might represent the 
voltage; that is, in some instances voltage 
will lead the current and in others voltage 
will lag the current. 

Two important special cases appear 
in Fig 6.9. In Part A, line B lags 90° 
behind line A. Its cycle begins exactly 
one quarter cycle later than the A cycle. 
When one wave is passing through zero, 
the other just reaches its maximum 
value. 

In Part B, lines A and B are 180? out of 
phase. In this case, it does not matter 
which one is considered to lead or lag. Line 
B is always positive while line A is nega- 
tive, and vice versa. If the two waveforms 
are of two voltages or two currents in the 
same circuit and if they have the same am- 
plitude, they will cancel each other com- 
pletely. 


MEASURING AC VOLTAGE, 
CURRENT AND POWER 


Measuring the voltage or current in a dc 
circuit is straightforward, as Fig 6.10A 
demonstrates. Since the current flows in 
only one direction, for a resistive load, the 
voltage and current have constant values 
until the circuit components change. 

Fig 6.10B illustrates a perplexing prob- 
lem encountered when measuring voltages 
and currents in ac circuits. The current and 
voltage continuously change direction and 
value. Which values are meaningful? In 
fact, several values of constant sine-wave 
voltage and current in ac circuits are im- 
portant to differing applications and con- 
cerns. 


Instantaneous Voltage and 
Current 


Fig 6.11 shows a sine wave of some 
arbitrary frequency and amplitude with 
respect to either voltage or current. The 
instantaneous voltage (or current) at 
point A on the curve is a function of 
three factors: the maximum value of 
voltage (or current) along the curve 
(point B), the frequency of the wave, 


and the time elapsed in seconds or frac- 
tions of a second. Thus, 


Einst = Emax sin Qn f t) Ө (9) 


Considering just one sine wave, inde- 
pendent of frequency, the instantaneous 
value of voltage (or current) becomes 


(10) 


where Ө is the angle in degrees through 
which the voltage has moved over time 
after the beginning of the cycle. 

Example: What is the instantaneous 
value of voltage at point D in Fig 6.11, if 
the maximum voltage value is 120. V and 
the angular travel is 60.0?? 


Einst = 120. V x sin 60.0? = 120. x 0.866 
= 104 V 


Einst = Emax Sin Ө 


Peak and Peak-to-Peak Voltage 
and Current 


The most important instantaneous volt- 
ages and currents are the maximum or 
peak values reached on each positive and 


Amplitude 
1 —— о — + 


Amplitude 


(1/4 Cycle) 


Amplitude 
| 4————— О — + 


(1/2 Cycle) 


Fig 6.9 — Two important special cases 
of phase difference: In the upper 
drawing, the phase difference between 
A and B is 905; in the lower drawing, 
the phase difference is 180°. 
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Fig 6.11 — Two cycles of a sine wave to illustrate instantaneous, peak, and peak- 
to-peak ac voltage and current values. 
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Fig 6.12 — The relationships between RMS, average, peak, and peak-to-peak 


values of ac voltage and current. 


Table 6.3 

Conversion Factors for AC Voltage or Current 
From To Multiply By 

Peak Peak-to-Peak 2 

Peak-to-Peak Peak 0.5 

Peak RMS 1/ 42 or 0.707 
RMS Peak V2 or 1.414 
Peak-to-Peak RMS 1/ (2x 2) or 0.35355 
RMS Peak-to-Peak 2х «2 or 2.828 
Peak Average 2/nor 0.6366 
Average Peak n/20t 1.5708 
RMS Average (2 х 52) / хог 0.90 
Average RMS п! (2х М2) ог 1.11 


Note: These conversion factors apply only to continuous риге 


sine waves. 


negative half cycle of the sine wave. In 
Fig 6.11, points B and C represent the 
positive and negative peaks of voltage or 
current. Peak (pk) values are especially 
important with respect to component rat- 
ings, which the voltage or current in a cir- 
cuit must not exceed without danger of 
component failure. 

The peak power in an ac circuit is sim- 
ply the product of the peak voltage and the 
peak current, or 


Pox = Epk x Ipk 


(11) 


The span from points B to C in Fig 6.11 
represents the largest voltage or current 
swing of the sine wave. Designated the peak- 
to-peak (P-P) voltage (or current), this span 
is equal to twice the peak value of the volt- 
age (or current). Thus, 


Ep.p = 2Ep, 


Amplifying devices often specify their 
input limits in terms of peak-to-peak volt- 


(12) 
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ages. Operational amplifiers, which have 
almost unlimited gain potential, often re- 
quire input-level limiting to prevent the out- 
put signals from distorting if they exceed the 
peak-to-peak output rating of the devices. 


RMS Voltages and Currents 


The root mean square or RMS values 
of voltage and current are the most com- 
mon values encountered in electronics. 
Sometimes called the effective values of 
ac voltage and current, they are based 
upon equating the values of ac and dc 
power required to heat a resistive ele- 
ment to exactly the same degree. The 
peak ac power required for this condi- 
tion is twice the dc power needed. 
Therefore, the average ac power equiva- 
lent to a corresponding average dc 
power is half the peak ac power. 


k 
Pave = єз (13) 


Since a circuit with a constant resis- 
tance is linear — that is, raising or lower- 
ing the voltage will raise or lower the cur- 
rent proportionally — the voltage and 
current values needed to arrive at average 
ac power are related to their peak values 
by the y2. 


E "mu „ш. „ы ра 

RMS үз T pk (14) 

lou ls lw | ly X 0.707 (15) 
42. 1.414 


In the time domain of a sine wave, the 
RMS values of voltage and current oc- 
cur at the 45?, 135?, 225? and 315? 
points along the cycle shown in 
Fig 6.12. (The sine of 45? is approxi- 
mately 0.707.) The absolute instanta- 
neous value of voltage or current is 
greater than the RMS value for half the 
cycle and less than the RMS value for 
half the cycle. 

The RMS values of voltage and cur- 
rent get their name from the means used 
to derive their value relative to peak 
voltage and current. Square the indi- 
vidual values of all the instantaneous 
values of voltage or current in a single 
cycle of ac. Take the average of these 
squares and then find the square root of 
the average. This root mean square pro- 
cedure produces the RMS value of volt- 
age or current. 

If the RMS voltage is the peak voltage 
divided by the «2 , then the peak voltage 
must be the RMS voltage multiplied by 
the 4/2, or 


Ерк = Erms X 1.414 (16) 


(17) 


Since circuit specifications will most 
commonly list only RMS voltage and cur- 
rent values, these relationships are impor- 
tant in finding the peak voltages or cur- 
rents that will stress components. 

Example: What is the peak voltage on 
a capacitor if the RMS voltage of a sinu- 
soidal waveform signal across it is 
300. V ac? 


Ерк = 300. V x 1.414 = 424 V 


The capacitor must be able to with- 
stand this higher voltage, plus a safety 
margin. The capacitor must also be rated 
for ac use. A capacitor rated for 1 kV dc 
may explode if used in this application. 
In power supplies that convert ac to dc 
and use capacitive input filters, the out- 
put voltage will approach the peak value 
of the ac voltage rather than the RMS 
value. 

Example: What is the peak voltage and 
the peak-to-peak voltage at the usual 


household ac outlet, if the RMS voltage is 
120. V? 


Ерк = 120. V x 1.414 = 170. V 


Ey, = 2 x 170. V = 340. V. 


Unless otherwise specified, unlabeled 
ac voltage and current values found in 
most electronics literature are normally 
RMS values. 


Average Values of Voltage and 
Current 


Certain kinds of circuits respond to the 
average value of an ac waveform. Among 
these circuits are electrodynamic meter 
movements and power supplies that convert 
ac to dc and use heavily inductive (“choke”) 
input filters, both of which use the pulsating 
dc output of a full-wave rectifier. The aver- 
age value of each ac half cycle is the mean of 
allthe instantaneous values in that half cycle. 
Related to the peak values of voltage and 
current, average values are 2 / т (or 0.6366) 
times the peak value. 


Baye = 0.6366 Epy (18) 


Taye = 0.6366 I (19) 


For convenience, Table 6.3 summa- 
rizes the relationships between all of the 
common ac values. All of these relation- 
ships apply only to pure sine waves. 


Complex Waves and Peak- 
Envelope Values 


Complex waves, as shown earlier in 
Fig 6.4, differ from pure sine waves. The 
amplitude of the peak voltage may vary 
significantly from one cycle to the next. 
Therefore, other amplitude measures are 
required, especially for accurate measure- 
ment of voltage and power with single 
sideband (SSB) waveforms. Fig 6.13 il- 
lustrates a multitone composite waveform 
with an RF ac waveform as the basis. 

The RF ac waveform has a frequency 
many times that of the audio-frequency ac 
waveform with which it is usually com- 
bined in SSB operations. Therefore, the 
resultant waveform appears as an ampli- 
tude envelope superimposed upon the RF 
waveform. The peak envelope voltage 
(PEV), then, is the maximum or peak value 
of voltage achieved. 

Peak envelope voltage permits the calcu- 
lation of peak envelope power (PEP). The 
Federal Communications Commission 


Capacitance and Capacitors 


Without the ability to store electrical 
energy, radio would not be possible. One 
may build and hold an electrical charge in 
an electrostatic field. This phenomenon is 
called capacitance, and the devices that 
exhibit capacitance are called capacitors. 
Fig 6.14 shows several schematic symbols 
for capacitors. Part A shows is a fixed ca- 
pacitor; one that has a single value of ca- 
pacitance. Part B shows variable capaci- 
tors; these are adjustable over a range of 
values. Ordinarily, the straight line in each 
symbol connects to a positive voltage, 
while the curved line goes to a negative 
voltage or to ground. Some capacitor de- 
signs require rigorous adherence to polar- 
ity markings; other designs are symmetri- 
cal and nonpolarized. 


CHARGE AND ELECTROSTATIC 
ENERGY STORAGE 


Suppose two flat metal plates are placed 
close to each other (but not touching) and are 
connected to a battery through a switch, as 
illustrated in Fig 6.15A. At the instant the 
switch is closed, electrons are attracted from 
the upper plate to the positive terminal of the 
battery, and the same number are repelled 


i 
| 


Fixed Capacitor 


(A) 


H 


Variable Capacitor 


(8) 


Trimmer 
Capacitor 


Fig 6.14 — Schematic symbol for a 
fixed capacitor is shown at A. The 
symbols for a variable capacitor are 
shown at B. 


into the lower plate from the negative bat- 
tery terminal. Enough electrons move into 
one plate and out of the other to make the 
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Amplitude 


Fig 6.13 — The peak envelope voltage 
(PEV) for a composite waveform. 


(FCC) uses the concept of peak envelope 
power to set the maximum power standards 
for amateur transmitters. PEP is the average 
power supplied to the antenna transmission 
line by a transmitter during one RF cycle at 
the crest of the modulation envelope, taken 
under normal operating conditions. Since 
calculation of PEP requires the average 
power of the cycle, multiply the PEV by 
0.707 to obtain the RMS value. Then calcu- 
late power by using the square of the voltage 
divided by the load resistance. 


(PEV x 0.707) 
R 


PEP - (20) 


Metal Plates 
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Fig 6.15 — A simple capacitor showing 
the basic charging arrangement at A, 
and the retention of the charge due to 
the electrostatic field at B. 


voltage between the plates the same as the 
battery voltage. 
If the switch is opened after the plates 
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Fig 6.16 — The flow of current during the charge and discharge of a capacitor. 
The charge graphs assume that the charge switch is closed and the discharge 
Switch is open. The discharge graphs assume just the opposite. 


have been charged in this way, the top 
plate is left with a deficiency of electrons 
and the bottom plate with an excess. Since 
there is no current path between the two, 
the plates remain charged despite the fact 
that the battery no longer is connected. The 
charge remains due to the electrostatic 
field between the plates. The large num- 
ber of opposite charges exert an attractive 
force across the small distance between 
plates, as illustrated in Fig 6.15B. 

If a wire is touched between the two 
plates (short-circuiting them), the excess 
electrons on the bottom plate flow through 
the wire to the upper plate, restoring elec- 
trical neutrality. The plates are discharged. 

These two plates represent an electrical 
capacitor, a device possessing the prop- 
erty of storing electrical energy in the elec- 
tric field between its plates. During the 
time the electrons are moving — that is, 
while the capacitor is being charged or 
discharged — a current flows in the circuit 
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even though the circuit apparently is bro- 
ken by the gap between the capacitor 
plates. The current flows only during the 
time of charge and discharge, however, 
and this time is usually very short. There 
can be no continuous flow of direct cur- 
rent through a capacitor. 

Fig 6.16 demonstrates the voltage and 
current in the circuit, first, at the moment 
the switch is closed to charge the capacitor 
and, second, at the moment the shorting 
switch is closed to discharge the unit. Note 
that the periods of charge and discharge 
are very short, but that they are not zero. 
This finite charging and discharging time 
can be lengthened and will prove useful 
later in timing circuits. 

Although dc cannot pass through a capaci- 
tor, alternating current can. As fast as one 
plate is charged positively by the positive 
excursion of the alternating current, the other 
plate is being charged negatively. Positive 
charges flowing into one plate causes a cur- 


rent to flow out of the other plate during one 
half of the cycle, resulting in a negative 
charge on that plate. The reverse occurs 
during the second half of the cycle. 

The charge or quantity of electricity that 
can be held on the capacitor plates is pro- 
portional to the applied voltage and to the 
capacitance of the capacitor: 


Q=CE 


where: 
О = charge in coulombs, 
С = capacitance in farads, and 
E = electrical potential in volts. 


(21) 


The energy stored in a capacitor is also 
a function of electrical potential and ca- 
pacitance: 


(22) 


where: 
W = energy in joules (watt-seconds), 
E = electrical potential in volts (some 
texts use V instead of E), and 
С = capacitance in farads. 


The numerator of this expression can be 
derived easily from the definitions for 
charge, capacitance, current, power and 
energy. The denominator is not so obvi- 
ous, however. It arises because the volt- 
age across a capacitor is not constant, but 
is a function of time. The average voltage 
over the time interval determines the en- 
ergy stored. The time dependence of the 
capacitor voltage is a very useful property; 
see the section on time constants. 


UNITS OF CAPACITANCE AND 
CAPACITOR CONSTRUCTION 


A capacitor consists, fundamentally, of 
two plates separated by an insulator or 
dielectric. The larger the plate area and 
the smallerthe spacing between the plates, 
the greater the capacitance. The capaci- 
tance also depends on the kind of insulat- 
ing material between the plates: itis small- 
est with air insulation or a vacuum. 
Substituting other insulating materials for 
air may greatly increase the capacitance. 

The ratio of the capacitance with a ma- 
terial other than a vacuum or air between 
the plates to the capacitance of the same 
capacitor with air insulation is called the 
dielectric constant, or K, of that particular 
insulating material. The dielectric con- 
stants of a number of materials commonly 
used as dielectrics in capacitors are given 
in Table 6.4. For example, if a sheet of 
polystyrene is substituted for air between 
the plates of a capacitor, the capacitance 
will be 2.6 times greater. 

The basic unit of capacitance, the abil- 
ity to store electrical energy in an elec- 


trostatic field, is the farad. This unit is 
generally too large for practical radio 
work, however. Capacitance is usually 
measured in microfarads (abbreviated НЕ), 
nanofarads (abbreviated nF) or picofarads 
(pF). The microfarad is one millionth of a 
farad (10-6 F), the nanofarad is one thou- 
sandth of a microfarad (10-9 F) and the 
picofarad is one millionth of a microfarad 
(10-12 F), 

In practice, capacitors often have more 
than two plates, the alternate plates being 
connected to form two sets, as shown in 
Fig 6.17. This practice makes it possible to 
obtain a fairly large capacitance in a small 
space, since several plates of smaller indi- 
vidual area can be stacked to form the 
equivalent of a single large plate of the same 
total area. Also, all plates except the two on 
the ends are exposed to plates of the other 
group on both sides, and so are twice as ef- 
fective in increasing the capacitance. 

The formula for calculating capacitance 
from these physical properties is: 


0.2248 K A (n ~ 1) 
d 


C= (23) 


where: 

C = capacitance in pF, 

K = dielectric constant of material be- 

tween plates, 

A = area of one side of one plate in 
square inches, 
separation of plate surfaces in 
inches, and 
n = number of plates. 


d= 


If the area (A) is in square centimeters 
and the separation (d) is in centimeters, 
then the formula for capacitance becomes 


C= 0.0885 KA (n = 1) (24) 


d 

If the plates in one group do not have the 
same area as the plates in the other, use the 
area of the smaller plates. 

Example: What is the capacitance of 
2 copper plates, each 1.50 square inches in 
area, separated by a distance of 0.00500 
inches, if the dielectric is air? 


0.2248 K A (n - 1) 


d 
_ 0.2248 x 1 x 1.50 (2 - 1) 
0.00500 


C 


67.4 pF 


KINDS OF CAPACITORS AND 
THEIR USES 


The capacitors used in radio work differ 
considerably in physical size, construction 
and capacitance. Representative kinds are 
shown in Fig 6.18. In variable capacitors, 
which are almost always constructed with 


Table 6.4 


Relative Dielectric Constants of Common Capacitor 


Dielectric Materials 


Material 


Vacuum 1 (by definition) 
Air 1.0006 

Ruby mica 
Glass (flint) 10 
Barium titanate (class 1) 
Barium titanate (class II) 
Kraft paper = 2.6 
Mineral Oil = 2.23 
Castor Oil 

Halowax 

Chlorinated diphenyl 
Polyisobutylene 
Polytetrafluoroethylene 
Polyethylene terephthalate 
Polystyrene 
Polycarbonate 

Aluminum oxide 
Tantalum pentoxide 
Niobium oxide 

Titanium dioxide 
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(Adapted from: Charles A. Harper, Handbook of Components for 


Electronics, p 8-7.) 


ait for the dielectric, one set of plates is 
made movable with respect to the other set 
so the capacitance can be varied. Fixed 
capacitors — those having a single, non- 
adjustable value of capacitance — can also 
be made with metal plates and with air as 
the dielectric. 

Fixed capacitors are usually constructed 
from plates of metal foil with a thin solid 
or liquid dielectric sandwiched between, 
So a relatively large capacitance can be 
obtained in a small unit. The solid dielec- 
trics commonly used are mica, paper and 
special ceramics. An example of a liquid 
dielectric is mineral oil. Electrolytic ca- 
pacitors use aluminum-foil plates with a 
semiliquid conducting chemical com- 
pound between them. The actual dielec- 
tric is a very thin film of insulating mate- 
rial that forms on one set of plates through 
electrochemical action when a dc voltage 
is applied to the capacitor. The capaci- 
tance obtained with a given plate area in 
anelectrolytic capacitoris very large com- 
pared to capacitors having other dielec- 
trics, because the film is so thin — much 
less than any thickness practical with a 
solid dielectric. 

The use of electrolytic and oil-filled 
capacitors is confined to power-supply fil- 
tering and audio-bypass applications be- 
cause their dielectrics have high losses at 
higher frequencies. Mica and ceramic ca- 
pacitors are used throughout the frequency 
range from audio to several hundred mega- 
hertz. 

New dielectric materials appear from 
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Fig 6.17 — A multiple-plate capacitor. 
Alternate plates are connected to each 
other. 


time to time and represent improvements 
in capacitor performance. Silvered-mica 
capacitors, formed by spraying thin coats 
of silver on each side of the mica insulat- 
ing sheet, improved the stability of mica 
capacitors in circuits sensitive to tempera- 
ture changes. Polystyrene and other syn- 
thetic dielectrics, along with tantalum 
electrolytics, have permitted the size of 
capacitors to shrink per unit of capaci- 
tance. 


VOLTAGE RATINGS AND 
BREAKDOWN 


When high voltage is applied to the 
plates of a capacitor, considerable force 
is exerted on the electrons and nuclei of 
the dielectric. The dielectric is an insu- 
lator; its electrons do not become de- 
tached from atoms the way they do in 
conductors. If the force is great enough, 


6.9 


€ / 


a 


(A) 


(B) 


Fig 6.18 — Fixed-value capacitors are shown at A. A large computer-grade unit is at the upper left. The 40-uF unit is an 
electrolytic capacitor. The smaller pieces are silvered-mica, disc-ceramic, tantalum, polystyrene and ceramic-chip 
capacitors. The small black cylindrical unit is a PC-board-mount electrolytic. Variable capacitors are shown at B. A vacuum 
variable is at the upper left. The units with visible plates are air-variable capacitors. Some tiny variable capacitors use a thin 


piece of mica as a dielectric. 


however, the dielectric will break down. 
Failed dielectrics usually puncture and 
offer a low-resistance current path be- 
tween the two plates. 

The breakdown voltage a dielectric can 
withstand depends on the chemical com- 
position and thickness of the dielectric. 
Breakdown voltage is not directly propor- 
tional to the thickness; doubling the thick- 
ness does not quite double the breakdown 
voltage. Gas dielectrics also break down, 
as evidenced by a spark or arc between the 
plates. Spark voltages are generally given 
with the units kilovolts per centimeter. For 
air, the spark voltage or V, may range from 
more than 120 kV/cm for gaps as narrow 
as 0.006 cm down to 28 kV/cm for gaps as 
wide as 10 cm. In addition, a large number 
of variables enter into the actual break- 
down voltage in a real situation. Among 
the variables are the electrode shape, the 
gap distance, the air pressure or density, 
the voltage, impurities in the air (or any 
other dielectric material) and the nature of 
the external circuit (with air, for instance, 
the humidity affecting conduction on the 
surface of the capacitor plate). 

Dielectric breakdown occurs at a 
lower voltage between pointed or sharp- 
edged surfaces than between rounded 
and polished surfaces. Consequently, 
the breakdown voltage between metal 
plates of any given spacing in air can be 
increased by buffing the edges of the 
plates. With most gas dielectrics such 
as air, once the voltage is removed, the 
arc ceases and the capacitor is ready for 
use again. If the plates are damaged so 
they are no longer smooth and polished, 
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they may have to be polished or the ca- 
pacitor replaced. In contrast, solid 
dielectrics are permanently damaged by 
dielectric breakdown, and often will to- 
tally short out and melt or explode. 

A thick dielectric must be used to with- 
stand high voltages. Since the capacitance is 
inversely proportional to dielectric thickness 
(plate spacing) for a given plate area, a high- 
voltage capacitor must have more plate area 
than a low-voltage one of the same capaci- 
tance. High-voltage, high-capacitance ca- 
pacitors are therefore physically large. 

Dielectric strength is specified in terms 
of a dielectric withstanding voltage 
(DWV), given in volts per mil (0.001 inch) 
at a specified temperature. Taking into 
account the design temperature range of a 
capacitor and a safety margin, manufac- 
turers specify dc working voltage (dcwv) 
to express the maximum safe limits of йс 
voltage across a capacitor to prevent di- 
electric breakdown. | 

It is not safe to connect capacitors across 
an ac power line unless they are rated for 
such use. Capacitors with dc ratings may 
short the line. Several manufacturers make 
capacitors specifically rated for use across 
the ac power line. 

For use with other ac signals, the peak 
value of ac voltage should not exceed the 
dc working voltage, unless otherwise 
specified in component ratings. In other 
words, the RMS value of ac should be 
0.707 times the dcwv value or lower. With 
many types of capacitors, further derating 
is required as the operating frequency in- 
creases. An additional safety margin is 
good practice. 


Any two surfaces having different 
electrical potentials, and which are 
close enough to exhibit a significant 
electrostatic field, constitute a capaci- 
tor. The arrangement of circuit compo- 
nents and leads sometimes results in the 
creation of unintended capacitors. This 
is called stray capacitance: It often re- 
sults in the passage of signals in ways 
that disrupt the normal operation of a 
circuit. Good design minimizes stray 
capacitance. 

Stray capacitance may have a greater af- 
fect in a high-impedance circuit because 
the capacitive reactance may be a greater 
percentage of the circuit impedance. Also, 
because stray capacitance often appears in 
parallel with the circuit, the stray capaci- 
tor may bypass more of the desired signal 
at higher frequencies. Stray capacitance 
can often adversely affect sensitive cir- 
cuits. 

For further information of the physical 
and electrical characteristics of various 
types of capacitors in actual use, see the 
Real-World Component Characteris- 
tics chapter. 


CAPACITORS IN SERIES AND 
PARALLEL 


When a number of capacitors are con- 
nected in parallel, as in Fig 6.19A, the total 
capacitance of the group is equal to the 
sum of the individual capacitances: 


Ciota = СІ + C2 + СЗ + CA +... € C, 
(25) 


When two or more capacitors are con- 
nected in series, as in Fig 6.19B, the total 


capacitance is less than that of the small- 
est capacitor in the group. The rule for 
finding the capacitance of a number of 
series-connected capacitors is the same as 
that for finding the resistance of a number 
of parallel-connected resistors. 


Союш = 1 1 1 
+ + 


For only two capacitors in series, the for- 
mula becomes: 


Cl x C2 
Sea = Orrez от) 


The same units must be used through- 
out; that is, all capacitances must be ex- 
pressed in either uF, nF or pF. Different 
units cannot be used in the same equation. 

Capacitors are usually connected in par- 
allel to obtain a larger total capacitance 
than is available in one unit. The largest 
voltage that can be applied safely to a par- 
allel-connected group of capacitors is the 
voltage that can be applied safely to the 
one having the lowest voltage rating. 

When capacitors are connected in 
series, the applied voltage is divided be- 
tween them according to Kirchhoff’ s Volt- 
age Law: The situation is much the same 
as when resistors are in series and there is 
a voltage drop across each. The voltage 
that appears across each series-connected 
capacitor is inversely proportional to its 
capacitance, as compared with the capaci- 
tance of the whole group. (This assumes 
ideal capacitors.) 

Example: Three capacitors having ca- 
pacitances of 1, 2 and 4 uF, respectively, 
are connected in series as shown in 
Fig 6.20. The voltage across the entire 
series is 2000 V. What is the total ca- 
pacitance? (Since this is a calculation 
using theoretical values to illustrate a 
technique, we will not follow the rules 
of significant figures for the calcula- 
tions.) 


Coal = 7]——1———1-— 
dace у 
CL с? СЗ 
_ 1 
= — 1 1 
SEES SEITE Н 
1 pF uF uF 
1 4 
Coa = ——у— = ae = 0.5714 pF 


4 uF 
The voltage across each capacitor is 
proportional to the total capacitance di- 
vided by the capacitance of the capacitor 
in question. So the voltage across C1 is: 


0.5714 pF 
1 WF 


El = x 2000 V = 1143 V 


Similarly, the voltages across C2 and C3 
are: 


Е2 = 9374 UF „ 2000 v = 571V 
2 uF 

and 

ЕЗ = ©Э71ФИР „ 4000 V = 286 V 
4 uF 


The sum of these three voltages equals 
2000 V, the applied voltage. 

Capacitors may be connected in series to 
enable the group to withstand a larger volt- 
age than any individual capacitor is rated to 
withstand. The trade-off is a decrease in the 
total capacitance. As shown by the previous 
example, the applied voltage does not divide 
equally between the capacitors except when 
ali the capacitances are precisely the same. 
Use care to ensure that the voltage rating of 
any capacitor in the group is not exceeded. If 
you use capacitors in series to withstand a 
higher voltage, you should also connect an 
“equalizing resistor” across each capacitor. 
Use resistors with about 100 Q per volt of 
supply voltage, and be sure they have suffi- 
cient power-handling capability for the cir- 
cuit. With real capacitors, the leakage resis- 
tance of the capacitors may have more effect 
on the voltage division than does the capaci- 
tance. A capacitor with a high parallel resis- 
tance will have the highest voltage across it. 
Adding equalizing resistors reduces this ef- 
fect. 


RC TIME CONSTANT 


Connecting adc voltage source directly to 
the terminals of a capacitor charges the ca- 
pacitor to the full source voltage almost in- 
stantaneously. Any resistance added to the 
circuit as in Fig 6.21A limits the current, 
lengthening the time required for the volt- 
age between the capacitor plates to build up 
to the source-voltage value. During this 
charging period, the current flowing from 
the source into the capacitor gradually de- 
creases from its initial value. The increasing 
voltage stored in the capacitor’ s electric field 
offers increasing opposition to the steady 
source voltage. 
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While it is being charged, the voltage 
between the capacitor terminals is an expo- 
nential function of time, and is given by: 


t 


Ұ() = E|1- e FC 


(28) 
where: 
V(t) capacitor voltage in volts at 
time t; 
E  zpotential of charging source in 
volts; 


Source 
of EMF 


Fig 6.19 — Capacitors in parallel are 
Shown at A, and in series at B. 


Fig 6.20 — An example of capacitors 
connected in series. The text shows 
how to find the voltage drops, E1 
through E3. 


Fig 6.21 — An illustration of the time constant in an RC circuit. 
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t  =time in seconds after initiation of 
charging current; 

e  =natural logarithmic base = 2.718; 

R =circuit resistance in ohms; and 

C =сарасіїапсе in farads. 


Theoretically, the charging process is 
never really finished, but eventually the 
charging current drops to an unmeasurable 
value. For many purposes, it is convenient 
to let t = RC. Under this condition, the 
above equation becomes: 


V(RC) = E(1 - el) = 0.632 E (29) 


The product of R in ohms times C in 
farads is called the time constant of the 
circuit and is the time in seconds required 
to charge the capacitor to 63.2% of the 
supply voltage. (The lower-case Greek 
letter tau [1] is often used to represent 
the time constant in electronics circuits.) 
After two time constants (t = 21) the ca- 
pacitor charges another 63.2% of the dif- 
ference between the capacitor voltage at 
one time constant and the supply voltage, 
for a total charge of 86.5%. After three 
time constants the capacitor reaches 95% 
of the supply voltage, and so on, as illus- 
trated in the curve of Fig 6.22A. After 5 
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% Voltage Across Capacitor 


Fig 6.22 — At A, the curve shows how 
the voltage across a capacitor rises, 
with time, when charged through a 
resistor. The curve at B shows the way 
in which the voltage decreases across 
a capacitor when discharging through 
the same resistance. For practical 
purposes, a capacitor may be 
considered charged or discharged after 
5 RC periods. 
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RC time periods, a capacitor is considered 
fully charged, having reached 99.24% of 
the source voltage. 

If a charged capacitor is discharged 
through a resistor, as indicated in Fig 
6.21B, the same time constant applies 
for the decay of the capacitor voltage. A 
direct short circuit applied between the 
capacitor terminals would discharge the 
capacitor almost instantly. The resistor, 
R, limits the current, so the capacitor 
voltage decreases only as rapidly as the 
capacitor can discharge itself through R. 
A capacitor discharging through a re- 
sistance exhibits the same time-constant 
characteristics (calculated in the same 
way as above) as a charging capacitor. 
The voltage, as a function of time while 
the capacitor is being discharged, is 
given by: 


t 


V(t) =Ele AC (30) 


where t = time in seconds after initiation 
of discharge. 

Again, by letting t = RC, the time con- 
stant of a discharging capacitor represents 
a decrease in the voltage across the ca- 
pacitor of about 63.296. After 5 time-con- 
stant periods, the capacitor is considered 
fully discharged, since the voltage has 
dropped to less than 1% of the full-charge 
voltage. 

Time constant calculations have many 
uses in radio work. The following ex- 
amples are all derived from practical-cir- 
cuit applications. 

Example 1: A 100.-uF capacitor іп a 
high-voltage power supply is shunted by 
а 100.-kQ resistor. What is the mini- 
mum time before the capacitor may be 
considered fully discharged? Since full 
discharge is approximately 5 RC peri- 
ods, 


t=5xRC=5 x 100. x 103 Q x 100. x 
10-6 F = 50000 x 10-3 seconds 


t=50.0s 


(Look at the table of metric-system units 
in the Mathematics for Amateur Radio 
chapter to prove that ohms times farads 
gives units of seconds.) 

Note: Although waiting almost a 
minute for the capacitor to discharge 
seems safe in this high-voltage circuit, 
never rely solely on capacitor-discharg- 
ing resistors (often called bleeder resis- 
tors). Be certain the power source is 
removed and the capacitors are totally 
discharged before touching any circuit 
components. 

Example 2: Smooth CW keying with- 


out clicks requires approximately 5 ms 
(0.005 s) of delay in both the make and 
break edges of the waveform, relative to 
full charging and discharging of a ca- 
pacitor in the circuit. What typical val- 
ues might a builder choose for an RC 
delay circuit in a keyed voltage line? 
Since full charge and discharge require 
5 RC periods, 

t 0.005 s 
RC = – = 

5 

Any combination of resistor and capaci- 

tor whose values, multiplied together, 
equaled 0.001 would do the job. A typical 
capacitor might be 0.05 uF. In that case, 
the necessary resistor would be: 


0.001s 


0.05 x 10°°F 
= 0.02 x 106 Q = 20000 Q or 20 kQ. 


=0.001s 


In practice, a builder would likely ei- 
ther experiment with values or use a vari- 
able resistor. The final value would be 
selected after monitoring the waveform on 
an oscilloscope. 

Example 3: Many modern integrated 
circuit (IC) devices use RC circuits to 
control their timing. To match their 
internal circuitry, they may use a speci- 
fied threshold voltage as the trigger 
level. For example, a certain IC uses a 
trigger level of 0.667 of the supply volt- 
age. What value of capacitor and resis- 
tor would be required for a 4.5-second 
timing period? 

First we will solve equation 28 for the 
time constant, TC. The threshold voltage 
is 0.667 times the supply voltage, so we 
use this value for V(t). 

t 


R 
У(9=Е|1-е °S 


t 


0.667Е=Е|1-е "S 


e RC —1- 0.667 
йе 
In|e = In (0.333) 
t 
RE RT 
RC 


We want to find a capacitor and resistor 
combination that will produce a 4.5 s 
timing period, so we substitute that 
value for t. 


_ 45s 
1.10 


RC = 41s 


If we select a value of 10. uF, we can solve 
for R. 


415 


10. x 10 $E 


A 1% tolerance resistor and capacitor 
will give good precision. You could also 
use a variable resistor and an accurate 
method to measure the time to set the cir- 
cuit to a 4.5 s period. 

As the examples suggest, RC circuits 
have numerous applications in electron- 
ics. The number of applications is grow- 
ing steadily, especially with the introduc- 
tion of integrated circuits controlled by 
part or all of a capacitor charge or dis- 
charge cycle. 


ALTERNATING CURRENT IN 
CAPACITANCE 


Everything said about capacitance 
and capacitors in a dc circuit applies to 
capacitance in an ac circuit with one 
major exception. Whereas a capacitor in 
a dc circuit will appear as an open cir- 
cuit except for the brief charge and dis- 
charge periods, the same capacitor in an 
ac circuit will both pass and limit cur- 
rent. A capacitor in an ac circuit does 
not handle electrical energy like a resis- 
tor, however. Instead of converting the 
energy to heat and dissipating it, capaci- 
tors store electrical energy and return it 
to the circuit. 

In Fig 6.23 a sine-wave ac voltage hav- 
ing a maximum value of 100 is applied to 
a capacitor. In the period OA, the applied 
voltage increases from O to 38; at the end 
of this period the capacitor is charged to 
that voltage. In interval AB the voltage 
increases to 71; that is, 33 V additional. 
During this interval a smaller quantity of 
charge has been added than in OA, because 
the voltage rise during interval AB is 
smaller. Consequently the average current 
during interval AB is smaller than during 
OA. In the third interval, BC, the voltage 
rises from 71 to 92, an increase of 21 V. 
This is less than the voltage increase dur- 
ing AB, so the quantity of electricity added 
is less; in other words, the average current 
during interval BC is still smaller. In the 
fourth interval, CD, the voltage increases 
only 8 V; the charge added is smaller than 
in any preceding interval and therefore the 
current also is smaller. 

By dividing the first quarter cycle into 
a very large number of intervals, it could 
be shown that the current charging the 
capacitor has the shape of a sine wave, 
just as the applied voltage does. The 
current is largest at the beginning of the 
cycle and becomes zero at the maximum 
value of the voltage, so there is a phase 
difference of 90? between the voltage 
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Fig 6.23 — Voltage and current phase relationships when an alternating current is 


applied to a capacitor. 


and the current. During the first quarter 
cycle the current is flowing in the nor- 
mal direction through the circuit, since 
the capacitor is being charged. Hence 
the current is positive, as indicated by 
the dashed line in Fig 6.23. 

In the second quarter cycle — that is, 
in the time from D to H — the voltage 
applied to the capacitor decreases. Dur- 
ing this time the capacitor loses its 
charge. Applying the same reasoning, it 
is evident that the current is small in 
interval DE and continues to increase 
during each succeeding interval. The 
current is flowing against the applied 
voltage, however, because the capacitor 
is discharging into the circuit. The cur- 
rent flows in the negative direction dur- 
ing this quarter cycle. 

The third and fourth quarter cycles re- 
peat the events of the first and second, 
respectively, with this difference: the 
polarity of the applied voltage has re- 
versed, and the current changes to cor- 
respond. In other words, an alternating 
current flows in the circuit because of 
the alternate charging and discharging 
of the capacitance. As shown in Fig 
6.23, the current starts its cycle 90° be- 
fore the voltage, so the current in a ca- 
pacitor leads the applied voltage by 90°. 
You might find it helpful to remember 
the word “ICE” as a mnemonic because 
the current (I) in a capacitor (C) comes 
before voltage (E). We can also turn this 
statement around, to say the voltage ina 
capacitor lags the current by 90°. 


CAPACITIVE REACTANCE 


The quantity of electric charge that 
can be placed on a capacitor is propor- 
tional to the applied voltage and the 
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capacitance. This amount of charge 
moves back and forth in the circuit once 
each cycle, and so the rate of movement 
of charge (the current) is proportional 
to voltage, capacitance and frequency. 
When the effects of capacitance and fre- 
quency are considered together, they 
form a quantity that plays a part similar 
to that of resistance in Ohm’s Law. This 
quantity is called reactance. The unit 
for reactance is the ohm, just as in the 
case of resistance. The formula for cal- 
culating the reactance of a capacitor ata 
given frequency is: 


1 
2nfC 


Xc = (31) 
where: 

Xç = capacitive reactance in ohms, 

f = frequency in hertz, 

C = capacitance in farads 

п = 3.1416 


Note: In many references and texts, the 
symbol o is used to represent 2 х f. In such 
references, equation 31 would read 


1 
ac 

Although the unit of reactance is the 
ohm, there is no power dissipated in reac- 
tance. The energy stored in the capacitor 
during one portion of the cycle is simply 
returned to the circuit in the next. 

The fundamental units for frequency 
and capacitance (hertz and farads) are too 
cumbersome for practical use in radio cir- 
cuits. If the capacitance is specified in 
microfarads (uF) and the frequency is in 
megahertz (MHz), however, the reactance 
calculated from the previous formula re- 
tains the unit ohms. 


Xc = 


6.13 


Example: What is the reactance of a 
capacitor of 470. pF (0.000470 uF) at a 
frequency of 7.15 MHz? 


= Pe = 47.40 
0.0211 
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Fig 6.24 — A graph showing the 
general relationship of reactance to 
frequency for a fixed value of 
capacitance. 


Example: What is the reactance of the 
same capacitor, 470. pF (0.000470 uF), at 
a frequency of 14.30 MHz? 


2 x x 14.30 MHz x 0.000470 uF 
1Q 
0.0422 


= 23.70 


The rate of change of voltage in a sine 
wave increases directly with the fre- 
quency. Therefore, the current into the 
capacitor also increases directly with fre- 
quency. Since, for a given voltage, an in- 
crease in current is equivalent to a de- 
crease in reactance, the reactance of any 
capacitor decreases proportionally as the 
frequency increases. Fig 6.24 traces the 
decrease in reactance of an arbitrary-value 
capacitor with respect to increasing fre- 
quency. The only limitation on the appli- 
cation of the graph is the physical make- 
up of the capacitor, which may favor 
low-frequency uses or high-frequency 
applications. 


Inductance and Inductors 


A second way to store electrical energy 
is ina magnetic field. This phenomenon is 
called inductance, and the devices that 
exhibit inductance are called inductors. 
Inductance depends upon some basic un- 
derlying magnetic properties. 


MAGNETISM 


Magnetic Fields, Flux and Flux 
Density 


Magnetic fields are closed fields that 
surround a magnet, as illustrated in 
Fig 6.25. The field consists of lines of 
magnetic force or flux. It exhibits polarity, 
which is conventionally indicated as 
north-seeking and south-seeking poles, 
or north and south poles for short. Mag- 
netic flux is measured in the SI unit of the 
weber, which is a volt second (Wb = V s). 
In the centimeter gram second (cgs) met- 
ric system units, we measure magnetic 
flux in maxwells (1 Mx = 10-8 Wb). 

The field intensity, known as the flux 
density, decreases with the square of the 
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distance from the source. Flux density (B) 
is represented in gauss (G), where one 
gauss is equivalent to one line of force per 
square centimeter of area across the field 
(G = Mx / m?). The gauss is a cgs unit. In 
SI units, flux density is represented by the 
tesla (T), which is one weber per square 
meter (T = Wb / cm?). 

Magnetic fields exist around two types 
of materials. First, certain ferromagnetic 
materials contain molecules aligned so as 
to produce a magnetic field. Lodestone, 
Alnico and other materials with high re- 
tentivity form permanent magnets because 
they retain their magnetic properties for 
long periods. Other materials, such as soft 
iron, yield temporary magnets that lose 
their magnetic properties rapidly. 

The second type of magnetic material is 
an electrical conductor with a current 
through it. As shown in Fig 6.26, moving 
electrons are surrounded by a closed mag- 
netic field lying in a plane perpendicular 
to their motion. The needle of a compass 
placed near a wire carrying direct current 


Among other things, reactance is a mea- 
sure of the ability of a capacitor to limit 
the flow of ac in a circuit. For some pur- 
poses. it is important to know the ability of 
a capacitor to pass current. This ability is 
called susceptance, and it corresponds to 
conductance in resistive circuit elements. 
In an ideal capacitor with no resistive 
losses — that is, no energy lost as heat — 
susceptance is simply the reciprocal of 
reactance. Hence, 


1 


Xc (32) 


where: 
Xc is the reactance, and 
B is the susceptance. 


В = 


The unit of susceptance (and conduc- 
tance and admittance) is the siemens (ab- 
breviated S). In literature only a few years 
old, the term mho is also sometimes given 
as the unit of susceptance (as well as of 
conductance and admittance). The role of 
reactance and susceptance in current and 
other Ohm’s Law calculations will appear 
in a later section of this chapter. 


will be deflected by the magnetic field 
around the wire. This phenomenon is one 
aspect of a two-way relationship: a mov- 
ing magnetic field whose lines cut across 
a wire will induce an electrical current in 
the wire, and an electrical current will pro- 
duce a magnetic field. 

If the wire is coiled into a solenoid, the 
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Fig 6.25 — The magnetic field and 
poles of a permanent magnet. The 
magnetic field direction is from the 
North to the South Pole. 


Conductor 
Carrying Current 


Fig 6.26 — The magnetic field around a 
, conductor carrying an electrical 
current. if the thumb of your right hand 

points in the direction of the 
conventional current, your fingers curl 
^in the direction of the magnetic field 

around the wire. 


magnetic field greatly intensifies as the 
individual flux lines add together. Fig 6.27 
illustrates the principle by showing a coil 
section. Note that the resulting electro- 
magnet has magnetic properties identical 
in principle to those of a permanent mag- 
net, including poles and lines of force or 
flux. The strength of the magnetic field 
depends on several factors: the number of 


turns of the coil, the magnetic properties . 


of the materials surrounding the.coil (both 
inside and out), the length of the magnetic 
path and the amplitude of the current. 
The magnetizing or magnetomotive 
force that produces a flux or total mag- 
netic field is measured in gilberts (Gb). 
. Theforce in gilberts equals 0.4 x (approxi- 
mately 1.257) times the number of turns in 
the coil times the current in amperes. (The 
SIunit of magnetomotive force is the am- 
pere turn, abbreviated A, just like the am- 
pere.) The magnetic field strength, H, 
measured in oersteds (Oe) produced by 
any particular magnetomotive force (mea- 
sured in gilberts) is given by: - 


0.4 x NI 
f £ 
where: 
` Н = magnetic field strength in oérsteds, 
N = number of turns, 
* I = dc current in amperes, 


Кер 


п = 3.1416, and 
£ = mean magnetic path length in 
centimeters. j 


The gilbert and oersted are cgs units. 
These are given here because most ama- 
teur calculations will use. these units. You 
may also see the preferred SI units in some 
literature. The SI unit of magnetic field 
strength is the ampere (turn) per meter. . 

A force is required to produce a given 


magnetic field strength. This implies that 


‘there is a resistance, called reluctance, to 


be overcome. 


Core Properties: Permeability, 
Saturation, Reluctance, Hysteresis 
.. The nature of the material within the coil 


of an electromagnet, where the lines of force 
are most concentrated, has the greatest ef- 


fect upon the magnetic field established by 


the coil. All materials are compared to air. 


The ratio of flux density produced by a given. 


material compared to the flux density pro- 
duce by an air core is the permeability of the 


material. Suppose the coil in Fig 6.28 is . 


wound on an iron core having a cross-sec- 


tional area of 2 square inches. When a cer- ` 


tain current is sent through the coil, it is 
found that there are 80000 lines of force in 
the core. Since the area is 2 square inches, 
the magnetic flux density is 40000 lines per 
square inch. Now suppose that the iron core 


is removed and the same current is main- 
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Fig 6.27 — Cross section of an inductor 
showing its flux lines and overall 
magnetic field. с 


tained in ће coil. Also suppose the flux den- 
sity without the iron core is found to be 50 
lines per square inch. The ratio of these flux 


‘densities, iron core to air, is 40000 / 50 or 


800, the core’s permeability. 
Permeabilities as high as 106 have been 
attained. The three most common types of 
materials used in magnetic cores are these: 
A. stacks of laminated steel sheets (for 
^. power and audio applications); - 
B. various ferrite compounds (for cores 
shaped as rods, toroids, beads and 
numerous other forms); and 
.C. powdered iron (shaped as slugs, tor- 
oids and other forms for RF inductors). 
Brass has a permeability less than 1. A 
brass core inserted into a coil will decrease 
the inductance compared to an air core. 
The permeability of silicon-steel power- 
transformer cores approaches 5000 in high- 
quality units. Powdered-iron cores used in 
RF tuned circuits range in permeability from - 
3 to about 35, while ferrites of nickel-zinc 
and manganese-zinc range from 20to 15000. 
Table 6.5 lists some common magnetic 
materials, their composition and their 
permeabilities. Core materials are often fre- 


Fig 6.28 — A coil of wire wound around 
a laminated iron core. 


Table 6.5 


Properties of Some High-Permeability Materials 


Material Approximate Percent Composition Maximum Permeability 
x i Fe Ni Co Mo Other | 
iron 99.91 — , — - oS `5000` 
Purified Iron 99.95 — — — —. 180000 
4% silicon-iron 96 — — — 4 Si 7000 
45 Permalloy 54.7 . 45 — .— 0.3 Mn 25000 
Hipernik á 50 50 — 7— — 70000 
78 Permalloy 21.2 78.5 — — 0.3 Mn 100000. 
4-79 Permalloy 16.7 79 — 0.3Mn 100000 . 
Supermalloy 15.7: 797 — 5 0.3Mn 800000 
. Permendur 49.7 — 50 ' 0.3 Mn 5000 
2V Permendur 49 — 49 = 2V 4500 
Hiperco 64 — 34 — 2 Cr 10000 . 
2-81 Permalloy* 17 81 — 2: — 130 
Carbonyliron* 99.9 — — — — 132 
Ferroxcube 111**  (MnFe,0, + 2пҒе,О,) ° 1500 


Note: all materials in sheet form except * (insulated powder) and ** (sintered powder). 
(Reference: L. Ridenour, ed., Modern Physics for the Engineer, p 119.) 
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quency sensitive, exhibiting excessive 
losses outside the frequency band of in- 
tended use. 

As a measure of the ease with which a 
magnetic field may be established in a 
material as compared with air, permeabil- 
ity (и) corresponds roughly to electrical 
conductivity. Permeability is given as: 


mA 34 
pes (34) 
where: 


B is the flux density in gauss, and 
H is the magnetomotive force in oer- 
steds. 


Unlike electrical conductivity, which is 
independent of other electrical param- 
eters, the permeability of a magnetic ma- 
terial varies with the flux density. At low 
flux densities (or with an air core), increas- 
ing the current through the coil will cause 
a proportionate increase in flux. But at 
very high flux densities, increasing the 
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Fig 6.29 — A typical permeability curve 
for a magnetic core, showing the point 
where saturation begins. 


Air Core 


current beyond a certain point may cause 
no appreciable change in the flux. At this 
point, the core is said to be saturated. Satu- 
ration causes a rapid decrease in perme- 
ability, because it decreases the ratio of 
flux lines to those obtainable with the 
same current using an air core. Fig 6.29 
displays a typical permeability curve, 
showing the region of saturation. The satu- 
ration point varies with the make-up of 
different magnetic materials. Air and other 
nonmagnetic materials do not saturate and 
have a permeability of one. Reluctance, 
which is the reciprocal of permeability and 
corresponds roughly to resistance in an 
electrical circuit, is also one for air and 
other nonmagnetic cores. 

The retentivity of magnetic core mate- 
rials creates another potential set of losses 
caused by hysteresis. Fig 6.30 illustrates 
the change of flux density (B) with a 
changing magnetizing force (H). From 
starting point A, with no residual flux, the 
flux reaches point B at the maximum mag- 
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Fig 6.30 — A typica! hysteresis curve 
for a magnetic core, showing the 
additional energy needed to overcome 
residual flux. 


Variable Magnetic or 
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Fig 6.31 — Schematic symbols for representative inductors, including (from left to 
right) an air-core inductor, a variable inductor with a nonmagnetic slug, and an 
inductor with a magnetic core. 


6.16 Chapter 6 


netizing force. As the force decreases, so 
too does the flux, but it does not reach zero 
simultaneously with the force at point D. 
As the force continues in the opposite di- 
rection, it brings the flux density to point 
C. As the force decreases to zero, the flux 
once more lags behind. In effect, a reverse 
force is necessary to overcome the residual 
magnetism retained by the core material, a 
coercive force. The result is a power loss 
to the magnetic circuit, which appears as 
heat in the core material. Air cores are 
immune to hysteresis effects and losses. 


INDUCTANCE AND DIRECT 
CURRENT 


In an electrical circuit, any element 
having a magnetic field is called an induc- 
tor. Fig 6.31 shows schematic-diagram 
symbols and photographs of a few repre- 
sentative inductors: an air-core inductor, a 
slug-tuned variable inductor with a non- 
magnetic core and an inductor with a mag- 
netic (iron) core. 

The transfer of energy to the magnetic 
field of an inductor represents work per- 
formed by the source ofthe voltage. Power 
is required for doing work, and since 
power is equal to current multiplied by 
voltage, there must be a voltage drop in 
the circuit while energy is being stored in 
the field. This voltage drop, exclusive of 
any voltage drop caused by resistance in 
the circuit, is the result of an opposing 
voltage induced in the circuit while the 
field is building up to its final value. Once 
the field becomes constant, the induced 
voltage or back-voltage disappears, be- 
cause no further energy is being stored. 
The induced voltage opposes the voltage 
of the source and tends to prevent the cur- 
rent from rising rapidly when the circuit is 
closed. Fig 6.32A illustrates the situation 
of energizing an inductor or magnetic cir- 
cuit, showing the relative amplitudes of 
induced voltage and the delayed rise in 
current to its full value. 

The amplitude of the induced voltage is 
proportional to the rate at which the cur- 
rent changes (and consequently, the rate at 
which the magnetic field changes) and to 
a constant associated with the circuit it- 
self: the inductance (or self-igductance) 
of the circuit. Inductance depends on the 
physical configuration of the inductor. 
Coiling a conductor increases its induc- 
tance. In effect, the growing (or shrink- 
ing) magnetic field of each turn produces 
magnetic lines of force that — in their ex- 
pansion (or contraction) — cut across the 
other turns of the coil, inducing a voltage 
in every other turn. The mutuality of the 
effect multiplies the ability of the coiled 
conductor to store electrical energy. 

A coil of many turns will have more 


inductance than one of few turns, if both 
coils are otherwise physically similar. 
Furthermore, if an inductor is placed 
around a magnetic core, its inductance will 
increase in proportion to the permeability 
of that core, if the circuit current is below 
the point at which the core saturates. 

The polarity of an induced voltage is 
always such as to oppose any change in 
the circuit current. This means that when 
the current in the circuit is increasing, 
work is being done against the induced 
voltage by storing energy in the magnetic 
field. Likewise, if the current in the circuit 
tends to decrease, the stored energy of the 
field returns to the circuit, and adds to the 
energy being supplied by the voltage 
source. Inductors try to maintain a con- 
stant current through the circuit. This phe- 
nomenon tends to keep the current flow- 
ing even though the applied voltage may 
be decreasing or be removed entirely. Fig 
6.32B illustrates the decreasing but con- 
tinuing flow of current caused by the in- 
duced voltage after the source voltage is 
removed from the circuit. 

The energy stored in the magnetic field 
of an inductor is given by the formula: 


(35) 


where: 
W= energy in joules, 
I = current in amperes, and 
= inductance in henrys. 


This formula corresponds to the energy- 
storage formula for capacitors: energy 
storage is a function of current squared 
over time. As with capacitors, the time 
dependence of inductor current is a sig- 
nificant property; see the section on time 
constants. 

The basic unit of inductance is the henry 
(abbreviated H), which equals an induced 
voltage of one volt when the inducing cur- 
rent is varying at a rate of one ampere per 
second. In various aspects of radio work, 
inductors may take values ranging from a 
fraction of a nanohenry (nH) through mil- 
lihenrys (mH) up to about 20 H. 


MUTUAL INDUCTANCE AND 
MAGNETIC COUPLING 


Mutuai Inductance 


When two coils are arranged with 
their axes on the same line, as shown in 
Fig 6.33, current sent througli coil 1 cre- 
ates a magnetic field that cuts coil 2. Con- 
sequently, a voltage will be induced in coil 
2 whenever the field strength of coil 1 is 
changing. This induced voltage is similar 
to the voltage of self-induction, but since 
it appears in the second coil because of 
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Fig 6.32 — Inductive circuit showing and graphing the generation of induced 
voltage and the rise of current in an inductor at A, and the decay of current as 
power is removed and the coil shorted at B. 


current flowing in the first, it is a mutual 
effect and results from the mutual induc- 
tance between the two coils. 

When all the flux set up by one coil cuts 
all the turns of the other coil, the mutual 
inductance has its maximum possible 
value. If only a small part of the flux set up 
by one coil cuts the turns of the other, the 
mutual inductance is relatively small. Two 
coils having mutual inductance are said to 
be coupled. 

The ratio of actual mutual inductance to 
the maximum possible value that could 
theoretically be obtained with two given 
coils is called the coefficient of coupling 
between the coils. It is frequently ex- 
pressed as a percentage. Coils that have 
nearly the maximum possible mutual in- 
ductance (coefficient = 1 or 100%) are said 
to be closely, or tightly, coupled. If the 
mutual inductance is relatively small the 
coils are said to be loosely coupled. The 
degree of coupling depends upon the 
physical spacing between the coils and 
how they are placed with respect to each 
other. Maximum coupling exists when 
they have a common axis and are as close 
together as possible (for example, one 
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Fig 6.33 — Mutual inductance: When S 
is closed, current flows through coil 
number 1, setting up a magnetic field 
that induces a voltage in the turns of 
coil number 2. 


wound over the other). The coupling is 
least when the coils are far apart or are 
placed so their axes are at right angles. 
The maximum possible coefficient of 
coupling is closely approached when the 
two coils are wound on a closed iron core. 
The coefficient with air-core coils may 
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run as high as 0.6 or 0.7 if one coil is wound 
over the other, but will be much less if the 
two coils are separated. Although unity 
coupling is suggested by Fig 6.33, such 
coupling is possible only when the coils 
are wound on a closed magnetic core. 


Unwanted Couplings: Spikes, 
Lightning and Other Pulses 


Every conductor passing current has a 
magnetic field associated with it — and 
therefore inductance — even though the 
conductor is not formed into a coil. The 
inductance of a short length of straight 
wire is small, but it may not be negligible. 
If the current through it changes rapidly, 
the induced voltage may be appreciable. 
This is the case in even a few inches of 
wire with an alternating current having a 
frequency on the order of 100 MHz or 
higher. At much lower frequencies or at 
dc, the inductance of the same wire might 
be ignored because the induced voltage 
would seemingly be negligible. 

There are many phenomena, however, 
both natural and man-made, which cre- 
ate sufficiently strong magnetic fields 
to induce voltages into straight wires. 
Many of them are brief but intense 
pulses of energy that act like the turning 
on of the switch in a circuit containing 
self-inductance. Because the fields cre- 
ated grow to very high levels rapidly, 
they cut across wires leading into and 
out of — and wires wholly within — 
electronic equipment, inducing un- 
wanted voltages by mutual coupling. 

Short-duration, high-level voltage 
spikes occur on ac and dc power lines. 
Because the field intensity is great, 
these spikes may induce voltages upon 
conducting elements in sensitive cir- 
cuits, disrupting them and even injuring 
components. Lightning in the vicinity 
of the equipment can induce voltages on 
power lines and other conductive paths 
(even ground conductors) that lead to 
the equipment location. Lightning that 
seems a safe distance away can induce 


(А) 


large spikes on power lines that ulti- 
mately lead to the equipment. Closer at 
hand, heavy equipment with electrical 
motors can induce significant spikes 
into power lines within the equipment 
location. Even though the power lines 
are straight, the powerful magnetic field 
of a spike source can induce damaging 
voltages on equipment left “plugged in” 
during electrical storms or during the 
operation of heavy equipment that inad- 
equately filters its spikes. 

Parallel-wire cables linking elements of 
electronic equipment consist of long wires 
in close proximity to each other. Signal 
pulses can couple both magnetically and 
capacitively from one wire to another. 
Since the magnetic field of a changing 
current decreases as the square of distance, 
separating the signal-carrying lines dimin- 
ishes inductive coupling. Placing a 
grounded wire between signal-carrying 
lines reduces capacitive coupling. Unless 
they are well-shielded and filtered, how- 
ever, the lines are still susceptible to the 
inductive coupling of pulses from other 
sources. 


INDUCTORS IN RADIO WORK 


Various facets of radio work make use 
of inductors ranging from the tiny up to 
the massive. Small values of inductance, 
as illustrated by Fig 6.34A, serve mostly 
in RF circuits. They may be self-support- 
ing air-core or air-wound coils or the wind- 
ing may be supported by nonmagnetic 
strips or a form. Phenolic, certain plastics 
and ceramics are the most common coil 
forms for air-core inductors. These induc- 
tors range in value from a few hundred uH 
for medium- and high-frequency circuits 
down to tenths of a ИН for VHF and UHF 
work. The smallest values of inductance 
in radio work result from component 
leads. For VHF work and higher frequen- 
cies, component lead length is often criti- 
cal. Circuits may fail to operate properly 
because leads are a little too short or too 
long. 


(C) 


Fig 6.34 — Part A shows small-value air-wound inductors, B shows some 
inductors with values in the range of a few millihenrys and C shows large 
inductors as might be used in audio circuits or as power-supply chokes. 
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It is possible to make these solenoid 
coils variable by inserting a slug in the 
center of the coil. (Slug-tuned coils nor- 
mally have a ceramic, plastic or phe- 
nolic insulating form between the con- 
ductive slug and the coil winding.) If 
the slug material is magnetic, such as 
powdered iron, the inductance increases 
as the slug is centered along the length 
of the coil. If the slug is brass or some 
other conductive but nonmagnetic ma- 
terial, centering the slug will reduce the 
coil's inductance. This effect stems 
from the fact that brass has low electri- 
cal resistance and acts as an effective 
short-circuited one-turn secondary for 
the coil. (See more on transformer ef- 
fects later in this chapter.) 

An alternative to air-core inductors 
for RF work are toroidal coils wound on 
cores composed of powdered iron mixed 
with a binder to hold the material to- 
gether. The availability of many types 
and sizes of powdered-iron cores has 
made these inductors popular for low- 
power fixed-value service. The toroidal 
shape concentrates the inductor's field 
tightly about the coil, eliminating the 
need in many cases for other forms of 
shielding to limit the interaction of the 
inductor' s magnetic field with the fields 
of other inductors. 

Fig 6.34B shows samples of inductors 
in the millihenry range. Among these in- 
ductors are multisection RF chokes de- 
signed to keep RF currents from passing 
beyond them to other parts of circuits. 
Low-frequency radio work may also use 
inductors in this range of values, some- 
times wound with litz wire. Litz wire is a 
special version of stranded wire, with each 
strand insulated from the others. For 
audio filters, toroidal coils with values 
below 100 mH are useful. Resembling 
powdered-iron-core RF toroids, these 
coils are wound on ferrite or molybdenum- 
permalloy cores having much higher 
permeabilities. 

Audio and power-supply inductors ap- 
pear in Fig 6.34C. Lower values of these 
iron-core coils, in the range of a few hen- 
rys, are useful as audio-frequency chokes. 
Larger values up to about 20 H may be 
found in power supplies, as choke filters, 
to suppress 120-Hz ripple. Although some 
of these inductors are open frame, most 
have iron covers to confine the powerful 
magnetic fields they produce. 


INDUCTANCES IN SERIES AND 
PARALLEL 


When two or more inductors are con- 
nected in series (Fig 6.35A), the total in- 
ductance is equal to the sum of the indi- 
vidual inductances, provided that the coils 


are sufficiently separated so that coils are 
not in the magnetic field of one another. 
That is: 


Lou = 1 +12  L3...4L, (36) 


If inductors are connected in parallel 
(Fig 6.35B), and if the coils are separated 
sufficiently, the total inductance is given 
by: 


— +--+ +... 4 us 
La 

(37) 
For only two inductors in parallel, the 
` formula becomes: 


11х12 ` ; 
лл+12 (38) 

Thus, the rules for combining: induc- 
tances in series and parallel are the same 
as those for resistances, assuming that the 
coils are far enough apart so that each is 
` unaffected by another's magnetic field. 
When this is not so, the formulas given 
above will not yield correct results. 


RL TIME CONSTANT 
A comparable situation to an RC circuit 


L total 


exists when resistance and inductance are 


connected in series. In Fig 6.36, first con- 
sider L to have no resistance and also con- 


sider that R is zero. Closing S1 sends a ` 


current through the circuit. The instanta- 
neous transition from no current to a finite 
value, however small, represents a rapid 
change in current, and a reverse voltage is 
developed by the self-inductance of L. The 
‘value of reverse voltage is almost equal 
and opposite to the applied voltage. The 
resulting initial current is very small. 
The reverse voltage depends on the 
change in the value of the current and 
would cease to offer opposition if the cur- 
rent did not continue to increase. With no 
resistance in the circuit (which, by Ohm's 
Law, would lead to an infinitely large cur- 
rent), the current would increase forever, 
always growing just fast enough to keep 
the self-induced voltage equal to the ap- 
plied voltage. 
When resistance in the circuit limits the 


current, Ohm's Law defines the value that - 


the current can reach. The reverse voltage 
generated in L must only equal the differ- 
' ence between E and-the drop across R, 
because the difference is the voltage actu- 
ally applied to L. This difference becomes 
smaller as the current approaches the final 
Ohm's Law value. Theoretically, the re- 
verse voltage never quite disappears, and 
so the current never quite reaches the 
Ohm's Law value. In practical terms, the 
differences become unmeasurable after a 
time. 


^u 


The current at any time after the switch 
in Fig 6.36 has been closed, can nbe found 
from: 


~tR 


E|l-e © 


I(t) = Cy 


R 
where: 
I(t) = current in amperes at time t, 
Е = power supply potential in volts, 
t = time in seconds after initiation of 
current, 
e = natural logarithmic base = 2.718, 
R c-circuit resistance in ohms, and 
L = inductance in henrys. 


The time in seconds required for the cur- . 


rent to build up to 63.2% of the maximum 
value is called the time constant, and is equal 
to / К, where L is in henrys and R is in 
ohms. After each time interval equal to this 
constant, the circuit conducts an additional 


. 63.2% of the remaining current. This behav- 


ior is graphed in Fig 6.36. As is the case with 
capacitors, after 5 time constants the current 
is considered to have reached its maximum 
value. As with capacitors, we often use the 
lower-case Greek tau (t) to represent the 
time constant. 
Example: If a circuit has an inductor of 
5.0 mH in series with a resistor of 10. Q, how 
long will it take for the current in the circuit 
to reach full value after power is applied? 
Since achieving maximum current takes 
approximately five time constants, 


t=5L/R=(5x5.0x 10-3 Н) /10. 9 
= 2.5 х 10-3 seconds ог 2.5 ms 


(Look at the table of metric-system units 
in the Mathematics for Amateur Radio 
chapter to prove that henrys divided by 
ohms gives units of seconds.) 

Note that if the inductance is increased 
to 5.0 H, the required time increases by a 
factor of 1000 to 2.5 seconds. Since the 
circuit resistance didn’t change, the final 
current is the same for both cases in this 


example. Increasing inductance increases 


the time required to reach full current. 
Zero resistance would prevent the cir- 
cuit from ever achieving full current. All 


„inductive circuits have some resistance, 
-however, if only the resistance of the wire 


making up the inductor. 
An inductor cannot be discharged in the 
simple circuit of Fig 6.36 because the mag- 


. netic field collapses as soon as the current 


ceases. Opening S1 does not leave the in- 
ductor charged in the way that a capacitor 
would remain charged. The energy stored in 
the magnetic field returns instantly to the 
circuit when S1 is opened. The rapid col- 
lapse of the field causes a very large voltage 
to be induced in the coil. Usually the induced 
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voltage is many times larger than the applied 
voltage, because the induced voltage is pro- 
portional to the rate at which the field 
changes. The common result of opening the 
switch in such a circuit is that a spark or arc 
forms at the switch contacts during the in- 
stant the switch opens. When the inductance 
is large and the current in the circuit is high, 
large amounts of energy are released in a 
very short time. It is not at all unusual for the 
switch contacts to burn or melt under such 
circumstances. The spark or arc at the 
opened switch can be reduced or suppressed 
by connécting a suitable capacitor and resis- 
tor in series across the contacts. Such an RC 
combination is Called a snubber network. 
Transistor switches connected to and 
controlling coils, such as relay solenoids, 


Fig 6.35 — Part A shows inductances in . 
series, and Part B shows inductances 
in parallel. 


Current Amplitude, % 


Fig 6.36 — Time constant of an RL 
circuit being energized. 
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also require protection. In most cases, a 
small power diode connected in reverse 
across the relay coil will prevent field-col- 
lapse currents from harming the transis- 
tor. 

If the excitation is removed without 
breaking the circuit, as theoretically dia- 
grammed in Fig 6.37, the current will de- 
cay according to the formula: 

-tR 


ott 
R 


(40) 


where t = time in seconds after removal of 
the source voltage. 


% Current in Inductor 


Fig 6.37 — Time constant of an RL 
circuit being deenergized. This is a 
theoretical model only, since a 
mechanical switch cannot change state 
instantaneously. 
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After one time constant the current will 
lose 63.2% of its steady-state value. (It 
will decay to 36.8% of the steady-state 
value.) The graph in Fig 6.37 shows the 
current-decay waveform to be identical to 
the voltage-discharge waveform of a ca- 
pacitor. Be careful about applying the 
terms charge and discharge to an induc- 
tive circuit, however. These terms refer to 
energy storage in an electric field. An in- 
ductor stores energy in a magnetic field. 


ALTERNATING CURRENT IN 
INDUCTORS 


When an alternating voltage is applied 
to an ideal inductance (one with no resis- 
tance — all practical inductors have some 
resistance), the current is 90° out of phase 
with the applied voltage. In this case the 
current lags 90° behind the voltage; the 
opposite of the capacitor current-voltage 
relationship, as shown in Fig 6.38. (Here 
again, we can also say the voltage across 
an inductor leads the current by 90°.) 

If you have difficulty remembering the 
phase relationships between voltage and 
current with inductors and capacitors, 
you may find it helpful to think of the 
mnemonic, “ELI the ICE man.” This little 
phrase will remind you that voltage leads 
current through an inductor, because the E 
comes before the 1, with an L between 
them, as you read from left to right. (The 
letter L represents inductance.) It will also 
help you remember the capacitor condi- 
tions because | comes before E with a C 
between them. 

Interpreting Fig 6.38 begins with under- 
standing that the primary cause for current 
lag in an inductor is the reverse voltage 
generated in the inductance. The ampli- 
tude of the reverse voltage is proportional 


Fig 6.38 — Phase relationships between voltage and current when an alternating 


current is applied to an inductance. 
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to the rate at which the current changes. In 
time segment OA, when the applied volt- 
age is at its positive maximum, the reverse 
or induced voltage is also maximum, al- 
lowing the least current to flow. The rate 
at which the current is changing is the 
highest, a 38% change in the time period 
OA. In the segment AB, the current 
changes by only 33%, yielding a reduced 
level of induced voltage, which is in step 
with the decrease in the applied voltage. 
The process continues in time segments 
BC and CD, the latter producing only an 
8% rise in current as the applied and in- 
duced voltage approach zero. 

In segment DE, the applied voltage 
changes direction. The induced voltage 
also changes direction, which returns cur- 
rent to the circuit from storage in the mag- 
netic field. The direction of this current is 
now opposite to the applied voltage, which 
sustains the current in the positive direc- 
tion. As the applied voltage continues to 
increase negatively, the current — al- 
though positive — decreases in value, 
reaching zero as the applied voltage 
reaches its negative maximum. The nega- 
tive half-cycle continues just as did the 
positive half-cycle. 

Compare Fig 6.38 with Fig 6.23. 
Whereas in a pure capacitive circuit, the 
current leads the voltage by 90°, in a pure 
inductive circuit, the current lags the volt- 
age by 90°. These phenomena are espe- 
cially important in circuits that combine 
inductors and capacitors. 


INDUCTIVE REACTANCE 


The amplitude of alternating current in an 
inductor is inversely proportional to the ap- 
plied frequency. Since the reverse voltage is 
directly proportional to inductance for a 
given rate of current change, the current is 
inversely proportional to inductance for a 
given applied voltage and frequency. 

The combined effect of inductance and 
frequency is called inductive reactance, 
which — like capacitive reactance — is 
expressed in ohms. The formula for induc- 
tive reactance is: 


Ху -2nfL (41) 


where: 

Xj = inductive reactance, 

f = frequency in hertz, 

L = inductance in henrys, and 

п =3.1416. 

(If œ = 2 n f, then X; = o L.) 

Example: What is the reactance of a coil 
having an inductance of 8.00 H at a fre- 
quency of 120. Hz? 


X, -2nfL 
- 6.2832 x 120. Hz x 8.00 H 
= 6030 Q 


In RF circuits the inductance values are 
usually small and the frequencies are 
large. When the inductance is expressed 
in millihenrys and the frequency in kilo- 
hertz, the conversion factors for the two 
units cancel, and the formula for reactance 
may be used without first converting to 
fundamental units. Similarly, no conver- 
sion is necessary if the inductance is ex- 
pressed in microhenrys and the frequency 
in megahertz. 

Example: What is the reactance of a 
15.0-microhenry coil at a frequency of 
14.0 MHz? 


Xp =2nfL 
= 6.2832 x 14.0 MHz x 15.0 uH 
= 13209 


The resistance of the wire used to wind 
the coil has no effect on the reactance, but 
simply acts as a separate resistor con- 


nected in series with the coil. 
Example: What is the reactance of the 
same coil at a frequency of 7.0 MHz? 


X; =2nfL 
= 6.2832 x 7.0 MHz x 15.0 uH 
= 660 О 


Comparing the two examples suggests 
correctly that inductive reactance varies 
directly with frequency. The rate of 
change of the current varies directly with 
the frequency, and this rate of change also 
determines the amplitude of the induced 
or reverse voltage. Hence, the opposition 
to the flow of current increases propor- 
tionally to frequency. This opposition is 
called inductive reactance. The direct re- 
lationship between frequency and reac- 
tance in inductors, combined with the in- 
verse relationship between reactance and 
frequency in the case of capacitors, will be 


Quality Factor, or Q of Components 


Components that store energy, like ca- 
pacitors and inductors, may be compared 
in terms of quality or Q. The Q of any such 
componentis the ratio of its ability to store 
energy to the sum total of all energy losses 
within the component. In practical terms, 
this ratio reduces to the formula: 


R (43) 


where: 

Q = figure of merit or quality (no units), 

X = X, (inductive reactance) for induc- 
tors and Xç (capacitive reactance) 
for capacitors (in ohms), and 

R = the sum of all resistances associated 
with the energy losses in the com- 
ponent (in ohms). 

The Q of capacitors is ordinarily high. 


Good quality ceramic capacitors and mica 
capacitors may have Q values of 1200 or 
more. Small ceramic trimmer capacitors 
may have Q values too small to ignore in 
some applications. Microwave capacitors 
can have poor Q values; 10 or less at 10 
GHz and higher frequencies. 

Inductors are subject to many types of 
electrical energy losses, however: wire re- 
sistance, core losses and skin effect. All 
electrical conductors have some resistance 
through which electrical energy is lost as 
heat. Moreover, inductor wire must be 
sized to handle the anticipated current 
through the coil. Wire conductors suffer 
additional ac losses because alternating 
current tends to flow on the conductor 
surface. As the frequency increases, the 
current is confined to a thinner layer of the 
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of fundamental importance in creating 
resonant circuits. 

As a measure of the ability of an induc- 
tor to limit the flow of ac in a circuit, in- 
ductive reactance is similar to capacitive 
reactance in having a corresponding 
susceptance, or ability to pass ac current 
in a circuit. In an ideal inductor with no 
resistive losses — that is, no energy lost as 
heat — susceptance is simply the recipro- 
cal of reactance. 


1 


XL 

where: 
Хү =reactance, and 
B =susceptance. 


B = (42) 


The unit of susceptance for both induc- 
tors and capacitors is the siemens, abbre- 
viated S. 


conductor surface. This property is called 
skin effect. If the inductor’s core is a con- 
ductive material, such as iron, ferrite, or 
brass, the core will introduce additional 
losses of energy. The specific details of 
these losses are discussed in connection 
with each type of core material. 

The sum of all core losses may be de- 
picted by showing a resistor in series with 
the inductor (as in Figs 6.36 and 6.37), 
although there is no separate component 
represented by the symbol. As a result of 
inherent energy losses, inductor Q rarely, 
if ever, approaches capacitor Q in a circuit 
where both components work together. 
Although many circuits call for the high- 
est Q inductor obtainable, other circuits 
may call for a specific Q, even a very low 
one. 


6.21 


Calculating Practical Inductors 


Although builders and experimenters 
rarely construct their own capacitors, in- 
ductor fabrication is common. In fact, it is 
often necessary, since commercially avail- 
able units may be unavailable or expen- 
sive. Even if available, they may consist 
of coil stock to be trimmed to the required 
value. Core materials and wire for wind- 
ing both solenoid and toroidal inductors 
are readily available. The following infor- 
mation includes fundamental formulas 
and design examples for calculating prac- 


| 
| 


Fig 6.39 — Coil dimensions used in the 
inductance formula for air-core 
inductors. 


tical inductors, along with additional data 
on the theoretical limits in the use of some 
materials. 


AIR-CORE INDUCTORS 


Many circuits require air-core inductors 
using just one layer of wire. The approxi- 
mate inductance of a single-layer air-core 
coil may be calculated from the simplified 
formula: 


2 22 
dn 


18d + 402 


(44) 


where: 
L = inductance in microhenrys, 
d = coil diameter in inches (from wire 
center to wire center), 
é = coil length in inches, and 
n = number of turns. 


The notation is explained in Fig 6.39. 
This formula is a close approximation for 
coils having a length equal to or greater 
than 0.4 d. (Note: Inductance varies as the 
square of the turns. If the number of turns 
is doubled, the inductance is quadrupled. 
This relationship is inherent in the equa- 
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Fig 6.40 — Measured inductance of coils wound with #12 bare wire, eight turns to 
the Inch. The values include half-inch leads. 
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tion, but is often overlooked. For example, 
if you want to double the inductance, put 
on additional turns equal to 1.4 times the 
original number of turns, or 40% more 
turns.) 

Example: What is the inductance of a 
coil if the coil has 48 turns wound at 32 
turns per inch and a diameter of */4 inch? In 
this case, d=0.75, £2 55/5 = 1.5 and n = 48. 


0.75? x 48? 
L= 
(18 x 0.75) + (40 x 1.5) 
1300 
= —— = I8 uH 
74 


To calculate the number of turns of a 
single-layer coil for a required value of 
inductance, the formula becomes: 


L (18d + 40 £) 


d 
Example: Suppose an inductance of 10.0 
ЫН is required. The form on which the coil 
is to be wound has a diameter of one inch 
and is long enough to accommodate a coil 
of 1'/4 inches. Then d = 1.00 inch, £ = 1.25 
inches and L = 10.0. Substituting: 


= 10.0 [018 x m + (40 x 1.25)] 


nz 


(45) 


= 4680. = 26.1 turns 


A 26-turn coil would be close enough in 
practical work. Since the coil will be 1.25 
inches long, the number of turns per inch 
will be 26.1 / 1.25 = 20.9. Consulting the 
wire table in the References chapter, we 
find that #17 enameled wire (or anything 
smaller) can be used. The proper induc- 
tance is obtained by winding the required 
number of turns on the form and then ad- 
justing the spacing between the turns to 
make a uniformly spaced coil 1.25 inches 
long. 

Most inductance formulas lose accuracy 
when applied to small coils (such as are 
used in VHF work and in low-pass filters 
built for reducing harmonic interference 
to televisions) because the conductor 
thickness is no longer negligible in com- 
parison with the size of the coil. Fig 6.40 
shows the measured inductance of VHF 
coils and may be used as a basis for circuit 
design. Two curves are given; curve A is 
for coils wound to an inside diameter of 
1/2 inch; curve B is for coils of 3/4-inch in- 
side diameter. In both curves, the wire size 
is #12, and the winding pitch is eight turns 
to the inch ('/s inch center-to-center turn 
spacing). The inductance values given in- 
clude leads '/2-inch long. 

Machine-wound coils with the preset di- 


ameters and turns per inch are available in 
many radio stores, under the trade names 
of B&W Miniductor, Airdux and Polycoil. 
The References chapter provides infor- 
mation on using such coil stock to sim- 
plify the process of designing high-qual- 
ity inductors for most HF applications. 
Forming a wire into a solenoid increases 
its inductance, and also introduces distrib- 
uted capacitance. Since each turn is at a 
slightly different ac potential, each pair of 
turns effectively forms a parasitic capaci- 
tor. See the Real-World Components 
chapter for information on the effects of 
these complications to the “ideal” induc- 
tors under discussion in this chapter. 
Moreover, the Q of air-core inductors is, 
in part, a function of the coil shape, spe- 
cifically its ratio of length to diameter. Q 
tends to be highest when these dimensions 
are nearly equal. With wire properly sized to 
the current carried by the coil, and with high- 
caliber construction, air-core inductors can 
achieve Qs above 200. Air-core inductors 
with Qs as high as 400 are possible. 


STRAIGHT-WIRE INDUCTANCE 


At low frequencies the inductance of a 
straight, round, nonmagnetic wire in free 
space is given by: 


L = 0.00508 b L (2°) - 0.73] (46) 


where: 
L = inductance in ИН, 
a = wire radius in inches, 
b = wire length in inches, and 
In = natural logarithm = 2.303 x common 
logarithm (base 10). 


If the dimensions are expressed in mil- 
limeters instead of inches, the equation 
may still be used, except replace the 
0.00508 value with 0.0002. 

Skin effect reduces the inductance at 
VHF and above. As the frequency ap- 
proaches infinity, the 0.75 constant within 
the brackets approaches unity. As a prac- 
tical matter, skin effect will not reduce the 
inductance by more than a few percent. 

Example: What is the inductance of a wire 
that is 0.1575 inch in diameter and 3.9370 
inches long? For the calculations, a= 0.0787 
inch (radius) and b = 3.9370 inch. 


КЕЕ 


= 0.00508 (3.9370) х 


[ | 2 zu А «s 
0.0787 
L = 0.0200[1n(100.) — 0.75] 


= 0.0200(4.60 — 0.75) 
= 0.0200 x 3.85 = 0.0770H 
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where 
L=inductance in uH 
a=wire radius in inches 
b=wire length parallel to ground plane 
h in inches 
h= wire height above ground plane in 
inches - 


Fig 6.42 — Equation for determining the inductance of a wire Parallel to a ground 
plane, with one end grounded. If the dimensions are in millimeters, the numerical 
coefficients become 0.0004605 for the first term and 0.0002 for the second term. 


2b wth 
L = 0.00508 b | In +0.5 + 0.2235 


w+h b 


where 


L=inductance in microhenrys 
b=length in inches 

wzwidth in inches 
h=thickness in inches 


Fig 6.43 — Equation for determining the inductance of a flat strip inductor. 
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Fig 6.41 is a graph of the inductance for 
wires of various radii as a function of 
length. 

A УНЕ or UHF tank circuit can be fab- 
ricated from a wire parallel to a ground 
plane, with one end grounded. A formula 
for the inductance of such an arrangement 
is given in Fig 6.42. 

Example: What is the inductance of a 
wire 3.9370 inches long and 0.0787 inch 
in radius, suspended 1.5748 inch above a 
ground plane? (The inductance is mea- 
sured between the free end and the ground 
plane, and the formula includes the induc- 
tance of the 1.5748-inch grounding link.) 
To demonstrate the use of the formula in 
Fig 6.42, begin by evaluating these quan- 
tities: 


b+ Vb? + а? 


3.9370 + 3.9370? + 0.0787? 


3.9370 + 3.94 = 7.88 


b+ b? + 4 (n?) 


3.9370 + 13.9370" +4 (1.5748?) 


= 3.9370 + 15.500 + 4 (2.4800) 
= 3.9370 + 415.500 + 9.9200 


= 3.9370 + 5.0418 = 8.9788 


2h 2 х 1.5748 


22 s LITT eub 
a 0.0787 

b 3.9370 

LN - 0.98425 

4 4 


Fig 6.44 — Typical construction of an 
iron-core inductor. The small air gap 
prevents magnetic saturation of the 
iron and thus maintains the inductance 
at high currents. 
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Substituting these values into the formula 
yields: 


T: 
L = 0.0117 x 3.9370 < log), | 40.0 x | = | 
8.9788 


+ 0.00508 x 
(5.0418 — 3.94 + 0.98425 - 3.1496 + 0.0787) 
L = 0.0662 uH 


Another conductor configuration that 
is frequently used is a flat strip over a 
ground plane. This arrangement has lower 
skin-effect loss at high frequencies than 
round wire because it has a higher surface- 
area to volume ratio. The inductance of 
such a strip can be found from the formula 
in Fig 6.43. For a large collection 
of formulas useful in constructing air- 
core inductors of many configurations, 
see the “Circuit Elements” section in 
Terman’s Radio Engineers’ Handbook or 
the “Design Techniques” chapter of The 
ARRL UHF/Microwave Experimenter’s 
Manual. 


IRON-CORE INDUCTORS 


If the permeability of an iron core in an 
inductor is 800, then the inductance of any 
given air-wound coil is increased 800 
times by inserting the iron core. The in- 
ductance will be proportional to the mag- 
netic flux through the coil, other things 
being equal. The inductance of an iron- 
core inductor is highly dependent on the 
current flowing in the coil, in contrast to 
an air-core coil, where the inductance is 
independent of current because air does 
not saturate. 

Iron-core coils such as the one sketched 
in Fig 6.44 are used chiefly in power-sup- 
ply equipment. They usually have direct 
current flowing through the winding, and 
any variation in inductance with current is 
usually undesirable. Inductance variations 
may be overcome by keeping the flux 
density below the saturation point of the 
iron. Opening the core so there is a small 
air gap, indicated by the dashed lines in 
Fig 6.44, will achieve this goal. The reluc- 
tance or magnetic resistance introduced by 
such a gap is very large compared with 
that of the iron, even though the gap is 
only a small fraction of an inch. There- 
fore, the gap — rather than the iron — 
controls the flux density. Air gaps in iron 
cores reduce the inductance, but they hold 
the value practically constant regardless 
of the current magnitude. 

When alternating current flows through 
a coil wound on an iron core, a voltage is 
induced. Since iron is a conductor, a cur- 
rent also flows in the core. Such currents 
are called eddy currents. Eddy currents 
represent lost power because they flow 
through the resistance of the iron and gen- 


erate heat. Losses caused by eddy currents 
can be reduced by laminating the core (cut- 
ting the core into thin strips). These strips 
or laminations are then insulated from 
each other by painting them with some in- 
sulating material such as varnish or shel- 
lac. These losses add to hysteresis losses, 
which are also significant in iron-core in- 
ductors. 

Eddy-current and hysteresis losses in 
iron increase rapidly as the frequency of 
the alternating current increases. For this 
reason, ordinary iron cores can be used 
only at power-line and audio frequencies 
— up to approximately 15000 Hz. Even 
then, a very good grade of iron or steel is 
necessary for the core to perform well at 
the higher audio frequencies. Laminated 
iron cores become completely useless at 
radio frequencies. 


SLUG-TUNED INDUCTORS 


For RF work, the losses in iron cores 
can be reduced to a more useful level by 
grinding the iron into a powder and then 
mixing it with a "binder" of insulating 
material in such a way that the individual 
iron particles are insulated from each 
other. Using this approach, cores can be 
made that function satisfactorily even into 
the VHF range. 

Because a large part of the magnetic 
path is through a nonmagnetic material 
(the "binder"), the permeability of the iron 
is low compared with the values obtained 
at power-line frequencies. The core is usu- 
ally shaped in the form of a slug or cylin- 
der for fit inside the insulating form on 
which the coil is wound. Despite the fact 
that the major portion of the magnetic path 
for the flux is in air, the slug is quite effec- 
tive in increasing the coil inductance. By 
pushing (or screwing) the slug in and out 
of the coil, the inductance can be varied 
over a considerable range. See The ARRL 
Electronics Data Book for information on 
a wide variety of representative slug-tuned 
coils available commercially. 


POWDERED-IRON TOROIDAL 
INDUCTORS 


For fixed-value inductors intended for 
use at HF and VHF, the powdered-iron 
toroidal core has become almost the stan- 
dard core and material in low power cir- 
cuits. Fig 6.45 shows the general outlines 
of a toroidal coil on a magnetic core. 
Manufacturers offer a wide variety of core 
materials, or mixes, to provide units that 
will perform over a desired frequency 
range with a reasonable permeability. Ini- 
tial permeabilities for powdered-iron 
cores fall in the range of 3 to 35 for various 
mixes. In addition, core sizes are available 
in the range of 0.125-inch outside diam- 
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Fig 6.45 — A typical toroidal inductor 
wound on a powdered-iron or ferrite . 
core. Some key physical dimensions 
are noted. Equally important are the 
core material, its permeability, its 
intended range of operating: 
frequencies, and its A, value. This is an 
11-turn toroid. 
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éter (OD) up to 1.06-inch OD, with larger 
sizes to 5-inch OD available in certain 
mixes. The range of sizes permits the 
builder to construct single-layer inductors 
for almost any value using wire sized to 
meet the circuit current demands. While 
powdered-iron toroids are often painted 
various colors, you must know the manu- 


facturer to identify the mix. There seems : 


г to be no set standard between manufac- 
türers. Iron-powder toroids usually have 
rounded edges. 

The use of powdered iron in a binder 
reduces core losses usually associated 
with iron, while the permeability of the 
core permits a reduction in the wire length 
and associated resistance in forming a coil 
of a given inductance. Therefore, pow- 
dered-iron-core toroidal inductors can 
achieve Qs well above 100, often ap- 
proaching or exceeding 200 within the fre- 
quency range specified for a given core. 
Moreover, these coils are considered self- 
shielding since most of the flux lines are 
within the core, a fact that simplifies cir- 
cuit design and construction. 

Each powdered- -iron core has a value of 
A, determined and published by the core 
manufacturer. For powdered-iron cores, 
Aj represents the inductance index, that 
is, the inductance in uH per 100 turns of 
wire on the core, arranged in asingle layer. 


The builder must select a core size capable . 


of holding the calculated number of turns, 
of the required wire size, for the desired 


inductance. Otherwise, the coil calcula- - 


tion is straightforward. To calculate the 
inductance of a powdered-iron toroidal 


coil, when the number of turns andthecore | 
‘material are known, use the formula: 


2 
“A, XN 


М 5 "UN 


10000 


L = the inductance in uH, - 

‚Аү = the inductance index in uH per 
: 100 turns, and 

‚= the number of turns. 


Z 
[[ 


| Example: What is the inductance of a 
60-turn coil on à core with an Aj of 55? 


This Ay value was selected from manu- 
facturer’s information about a 0.8-inch 


OD core with an initial permeability of 10. · 


This particular core is intended for use in 


-the range of 2 to 30 MHz. See the Compo- 


nent Data chapter for more detailed data 


“on the range of available cores. 


© AL х М2 «55x 607 
L = ——————:2 ——— 
10000 10000 
198000 
= — = 19.8 WH 
10000 


To calculate the number of turns needed 


for a particular inductance, use ше for- ` 


mula: 


N = 100 |. - 
AL 


(48) 


Example: How many turns are needed ` 


fora 12.0-uH coil if the A, for the selected 
core is 49? ` 


N = 100 JE = 100 , 12.0 
por 49 


= 100 0.245 = 100 x 0.495 = 49.5 turns 


_ If the value is critical, experimenting . 


with 49-turn and 50-turn coils is in order, 
especially since core characteristics may 
vary slightly from batch to batch. Count 
turns by each pass of the wire through the 
center of the core. (A straight wire through 
a toroidal core amounts to a one-turn coil. ) 
Fine adjustment of the inductance may be 
possible by spreading or squeezing induc- 


: tor turns. 


The power-handling ability of toroidal 


‘cores depends on many variables, which 


include the cross-sectional area through the 
core, the core material, the numbers of turns 
in the coil, the applied voltage and the oper- 
ating frequency. Although powdered-i -iron 
cores can withstand dc flux densities up to 
5000 gauss without saturating, ac flux den- 
sities from sine waves above certain limits 
can overheat cores. Manufacturers provide 
guideline limits for ac flux densities to avoid 
overheating. The limits range from 
150 gauss at 1. MHz to 30 gauss at 28 MHz, 
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В = 


although the curve is not linear. To calculate 
the maximum anticipated flux density fora ` 
particular сой, изе the formula: 


Ерм х 108 
В = — M5 Lli 
MAX 444xA,xNxf (49) 
where: - 
B nax = the maximum n flux density in 
gauss, 


Epos = = the voltage across the coil, 
= the cross-sectional area of the 


е 
? core in square centimeters, 


М = the number of turns in the coil, 
and 
f = 


the operating frequency in Hz. 


Example: What is the maximum ac flux 
density for a coil of 15 turns if the fre- 


quency is 7.0 MHz, the RMS voltage is 
: 25 V and the cross-sectional area of the - 


core is 0.133 cm?? 


Ерм х 108, 
тах 4.44xA,xNxf 
25 x 108 
4.44 х 0.133 x 15 x 7.0 x 10° 
25 х 108 


62 x 10° — 
Since the recommended limit for cores 
operated at 7 MHz is 57 gauss, this coil i is 


= 40. gauss 


` well within guidelines. 


FERRITE TOROIDAL INDUCTORS 


, Although nearly identical in general ap- 
péarance to powdered-iron cores, ferrite 
cores differ in a number of important char- 
acteristics. They are often unpainted, unlike 
powdered-iron toroids. Ferrite toroids often 


. have sharp edges, while powdered-iron tor- 


oids usually have rounded edges. Composed 
of nickel-zinc ferrites for lower permeabil- 
ity ranges and of manganese-zinc ferrites for 
higher permeabilities, these cores span the 


permeability range from 20 to above 10000. 


Nickel-zinc cores with permeabilities from 
20 to 800 are useful in high-Q applications, 
but function more commonly in amateur ap- 
plications as. RF chokes. They are also use- 
ful in wide-band transformers (discussed 
later in this chapter). 

Because of their higher permeabilities, 
the formulas for calculating inductance 
and türns require slight modification. 
Manufacturers list ferrite Ay values in mH 
per 1000 turns. Thus, to calculate induc- 
tance, the formula is : 

Ap XN 2 


L7 “990000 (50) 


_ where: 


L = the inductance in mH, 

A, = the inductance index in mH per 
` 1000 turns, and 

N = the number of turns. 


6.25 


Example: What is the inductance of a 
60-turn coil on a core with an Ay of 523? 
(See the Component Data chapter for 
more detailed data on the range of avail- 
able cores.) 


iz Арх N? _ 523 x 60° 
1000000 1000000 
6 
1.88 x 10 
= A = 1.88 mH 
1 x 10 


To calculate the number of turns needed 
for a particular inductance, use the for- 
mula: 


N = 1000 du. 
AL 


Example: How many turns are needed 
for a 1.2-mH coil if the A, for the selected 
core is 150? 


(51) 


Ohm’s Law for Reactance 


Only ac circuits containing capaci- 
tance or inductance (or both) have reac- 
tance. Despite the fact that the voltage 
in such circuits is 90° out of phase with 
the current, circuit reactance does limit 
current in a manner that corresponds to 
resistance. Therefore, the Ohm’s Law 
equations relating voltage, current and 
resistance apply to purely reactive cir- 
cuits: 


E-IX (52) 
E 

I= = 
У (53) 
Е 

ет (54) 

where: 


E = ac voltage in RMS, 
I = ac current in amperes, and 
X = inductive or capacitive reactance. 


Example: What is the voltage across 
a capacitor of 200. pF at 7.15 MHz, if 
the current through the capacitor is 
50. mA? 

Since the reactance of the capacitor is a 
function of both frequency and capaci- 
tance, first calculate the reactance: 


_ 1] 
2nfC 


Xc 


1 


7 9% 3.1416 x 7.15 x 10° Hz x 200. x 107? F 


6 
QUUM Q 
8980 
Next, use Ohm's Law: 
E=Ix Хс = 0.050 Ax 111 Q=5.6V 
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Example: What is the current through 
an 8.00-H inductor at 120. Hz, if 420. V is 


applied? 

Xp =2nfL=2~x3.1416x 120. Hz x 
8.00 H = 6030 Q 

pe E = 20% _ 0.06074 = 69.7 mA 
X, 6000 


Fig 6.46 charts the reactances of capa- 
citors from 1 pF to 100 pF, and the 
reactances of inductors from 0.1 ИН to 
10H, for frequencies between 100 Hz and 
100 MHz. Approximate values of reac- 
tance can be read or interpolated from the 
chart. The formulas will produce more 
exact values, however. 

Although both inductive and capacitive 
reactance limit current, the two types of 
reactance differ. With capacitive reac- 
tance, the current leads the voltage by 90°, 
whereas with inductive reactance, the cur- 
rent lags the voltage by 90?. The conven- 
tion forcharting the two types of reactance 
appears in Fig 6.47. On this graph, induc- 
tive reactance is plotted along the +90° 
vertical line, while capacitive reactance is 
plotted along the —90? vertical line. This 
convention of assigning a positive value 
to inductive reactance and a negative 
value to capacitive reactance results from 
the mathematics involved in impedance 
calculations. 


REACTANCES IN SERIES AND 
PARALLEL 


If a circuit contains two reactances of 
the same type, whether in series or in 
parallel, the resultant reactance can be 
determined by applying the same rules 


N = 1000 | = 1000,22 
Ар 150 


=1000 4/0.008 = 1000 x 0.089 = 89 turns 

For inductors carrying both dc and ac 
currents, the upper saturation limit for 
most ferrites is a flux density of 2000 
gauss, with power calculations identical 
to those used for powdered-iron cores. For 
detailed information on available cores 
and their characteristics, see Jron-Powder 
and Ferrite Coil Forms, a combination 
catalog and information book from 
Amidon Associates, Inc. (See the Address 
List in the References chapter for infor- 
mation about contacting Amidon.) 


as for resistances in series and in paral- 
lel. Series reactance is given by the for- 
mula 


Хош = X1+X2+X3+...+X%, (55) 


Values of 
Inductive 
Reactance 


Values of 
Capacitive 
Reactance 


Fig 6.47 — The conventional method of 
plotting reactances on the vertical axis 
of a graph, using the upward or “plus” 
direction for inductive reactance and 
the downward or “minus” direction for 
capacitive reactance. The horizontal 
axis will be used for resistance in later 
examples. 
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Fig 6.46 — Inductive and capacitive reactance vs frequency. Heavy lines represent multiples of 10, intermediate lines 
multiples of 5. For example, the light line between 10 uH and 100 uH represents 50 HH; the light line between 0.1 uF and 1 uF 
represents 0.5 uF, and so on. Other values can be extrapolated from the chart. For example, the reactance of 10 H at 60 Hz 
can be found by taking the reactance of 10 H at 600 Hz and dividing by 10 for the 10 times decrease in frequency. 


Example: Two noninteracting induc- 
tances are in series. Each has a value of 
4.0 uH, and the operating frequency is 
3.8 MHz. What is the resulting reac- 
tance? 

The reactance of each inductor is: 


Xp =2nfL=2 x 3.1416 x 3.8 x 106 Hz 
x4x 10-6Н = 96 О 


Xota = X1 + Х2= 96 0 + 96 0 = 1920 


We might also calculate the total reac- 
tance by first adding the inductances: 
Li = L1 + L2 = 4.0 uH + 4.0 pH 
Liota = 8.0 pH 


Хоа = 2 TfL =2 x 3.1416 x 
3.8 x 106 Hz x 8.0 x 10-6 H 


Xota 7191 Q 


(The fact that the last digit differs by one 
illustrates the uncertainty of the calcula- 
tion caused by the uncertainty of the mea- 
sured values in the problem, and differ- 
ences caused by rounding off the calcu- 
lated values. This also shows why it is 
important to follow the rules for signifi- 
cant figures discussed in the Mathemat- 
ics for Amateur Radio chapter.) 
Example: Two noninteracting capacitors 
are in series. One has a value of 10.0 pF, the 
other of 20.0 pF. What is the resulting reac- 
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tance in a circuit operating at 28.0 MHz? 
1 


SAPETI. 
" 1 
2 x 3.1416 x 28.0 x 10° Hz x 10.0 x 107 F 
_ 10° Q 


= = 568 Q 
1760 


1 
2nfC 


Xe) = 


1 

2 x 3.1416 х 28.0 х10° Hz x 20.0 x 10 7 F 
BO 
3520 


= 284 О 


6.27 


Хош = Xci + X? = 568 О + 284 О = 852 Q 


Alternatively, for series capacitors, the 
total capacitance is 6.67 x 10-12 F or 
6.67 pF. Then: 

1 


2nfC 


total 7 


1 
5 6 12 
2 x 3.1416 х 28.0 x Q10 Hz х 6.67 x10 Е 


6 
10 Q 
= =855Q 
1170 


(Within the uncertainty of the measured 
values and the rounding of values in the 
calculations, this is the same result as we 
obtained with the first method.) 

This example serves to remind us that 
series capacitance is not calculated in the 
manner used by other series resistance and 
inductance, but series capacitive reac- 
tance does follow the simple addition for- 
mula. 

For reactances of the same type in par- 
allel, the general formula is: 


NUNT NM na I e. 
SES — — + — 
Xi X2 Хз X. 
(56) 
or, for exactly two reactances in parallel 
XI x X2 
X = = 
total XI + X2 (57) 


Example: Place the capacitors in the last 
example (10.0 pF and 20.0 pF) in parallel 
inthe 28.0 MHz circuit. What is the result- 
ant reactance? 


o 
o 

3 
= 
a 

E 
< 


XI x X2 


XI + X2 


568 Q x 284 Q 
„уз e tO 


568 Q + 284 Q 


total = 


Alternatively, two capacitors in paral- 
lel add their capacitances. 


Ciotal = С, + C; = 10.0 pF + 20.0 pF 
= 30.0 pF 
1 


Хе 
C 2nfC 


І 
T 2x 3.1416 х 28.0 x 106 Hz x 30.0 x 107 F 


6 
zs 189 Q 
5280 
Example: Place the series inductors 
above (4.0 uH each) in parallel in a 3.8- 
MHz circuit. What is the resultant reac- 
tance? 


Xu x X1» 


X - 
total X E X 


_ %2 x 960 
96 Q + 960 


Of course, equal reactances (or resis- 
tances) in parallel yield a reactance that is 
the value of one of them divided by the 
number (n) of equal reactances, or: 


X 96 Q 
Хош = — = p = 480 


= 48Q 


All of these calculations apply only to 
reactances of the same type; that is, all 
capacitive or all inductive. Mixing types 


Fig 6.48 — A series circuit containing both inductive and capacitive components, 
together with representative voltage and current relationships. 
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of reactances requires a different ap- 
proach. 


UNLIKE REACTANCES IN SERIES 


When combining unlike reactances — 
that is, combinations of inductive and ca- 
pacitive reactance — in series, it is neces- 
sary to take into account that the voltage- 
to-current phase relationships differ for 
the different types of reactance. Fig 6.48 
shows a series circuit with both types of 
reactance. Since the reactances are in 
series, the current must be the same in 
both. The voltage across each circuit ele- 
ment differs in phase, however. The volt- 
age E, leads the current by 90°, and the 
voltage Ec lags the current by 90°. There- 
fore, Ej, and Eç have opposite polarities 
and cancel each other in whole or in part. 
The dotted line in Fig 6.48 approximates 
the resulting voltage E, which is the differ- 
ence between E; and Ec. 

Since, for a constant current, the reac- 
tance is directly proportional to the volt- 
age, the net reactance must be the differ- 
ence between the inductive and the 
capacitive reactances, or: 


X 1= XL- Хс (58) 


For this and subsequent calculations in 
which there is a mixture of inductive and 
capacitive reactance, use the absolute 
value of each reactance. The convention 
of recording inductive reactances as posi- 
tive and capacitive reactances as negative 
is built into the mathematical operators in 
the formulas. 

Example: Using Fig 6.48 as a visual aid, 
let Xc = 20.0 Q and X, = 80.0 О. What is 
the resulting reactance? 


X = X, - Xc = 80.0 Q – 20.02 
= +60.0 Q 


Since the result is a positive value, reac- 
tance is inductive. Had the result been a 
negative number, the reactance would 
have been capacitive. 

When reactance types are mixed in a 
series circuit, the resulting reactance is 
always smaller than the larger of the two 
reactances. Likewise, the resulting volt- 
age across the series combination of reac- 
tances is always smaller than the larger of 
the two voltages across individual reac- 
tances. 

Every series circuit of mixed reac- 
tance types with more than two circuit 
elements can be reduced to the type of 
circuit covered here. If the circuit has 
more than one capacitor or more than 
one inductor in the overall series string, 
first use the formulas given earlier to 
determine the total series inductance 
alone and the total series capacitance 
alone (or their respective reactances). 


tota 


total 


Then combine the resulting single ca- 
pacitive reactance and single inductive 
reactance as shown in this section. 


UNLIKE REACTANCES IN 
PARALLEL 


The situation of parallel reactances of 
mixed type appears in Fig 6.49. Since 
the elements are in parallel, the voltage 
is common to both reactive components. 
The current through the capacitor, Ic, 
leads the voltage by 90°, and the current 
through the inductor, у, lags the volt- 
age by 90°. The two currents are 180° 
out of phase and thus cancel each other 
in whole or in part. The total current is 
the difference between the individual 
currents, as indicated by the solid, 
heavy line in Fig 6.49. 

Since reactance is the ratio of voltage to 
current, the total reactance in the circuit 
is: 


E 
It - Ic 

In the drawing, Iç is larger than I, and 
the resulting differential current retains 
the phase of Ic. Therefore, the overall re- 
actance, Xiota, is capacitive in this case. 
The total reactance of the circuit will be 
larger than the smaller of the individual 
meactances, because the total current is 
smaller than the larger of the two indi- 
vidual currents. 

In parallel circuits of this type, reac- 
tance and current are inversely propor- 
tional to each other for a constant voltage. 
Therefore, to calculate the total reactance 
directly from the individual reactances, 
use the formula: 


-XL x Xc 
Xp - Xc 


As with the series formula for mixed 
reactances, use the absolute values of 
the reactances, since the minus signs in 
the formula take into account the con- 
vention of treating capacitive reac- 
tances as negative numbers. If the solu- 
tion yields a negative number, the 
resulting reactance is capacitive, and if 
the solution is positive, then the reac- 
tance is inductive. 

Example: Using Fig 6.49 as a visual aid, 
place a capacitive reactance of 10.0 Q in 
parallel with an inductive reactance of 40.0 
Q. What is the resulting reactance? 


Хоа = (59) 


Xtotal = (60) 


-X xX 
Xtotal = 1-с 

XL -Xe 

. 40.0210.0 Q 
40.00-10.00 
-400.9 

= 90 =-13.39 
30.0 


Amplitude 


Fig 6.49 — A parallel circuit containing both inductive and capacitive 
components, together with representative voltage and current relationships. 


The reactance is capacitive, as indi- 
cated by the negative solution. More- 
over, the resultant reactance is always 
smaller than the larger of the two indi- 
vidual reactances. 

As with the case of series reactances, 
if each leg of a parallel circuit contains 
more than one reactance, first simplify 
each leg to a single reactance. If the 
reactances are of the same type in each 
leg, the series reactance formulas for 
reactances of the same type will apply. 
If the reactances are of different types, 
then use the formulas shown above for 
mixed series reactances to simplify the 
leg to a single value and type of reac- 
tance. 


APPROACHING RESONANCE 


When two unlike reactances have the 
same numerical value, any series or paral- 
lel circuit in which they occur is said to be 
resonant. For any given inductance or ca- 
pacitance, it is theoretically possible to 
find a value of the opposite reactance type 
to produce a resonant circuit for any de- 
sired frequency. 

When a series circuit like the one 
shown in Fig 6.48 is resonant, the volt- 
age Ec and E; are equal and cancel; their 
sum is zero. Since the reactance of the 


circuit is proportional to the sum of 


these voltages, the total reactance also 
goes to zero. Theoretically, the current, 
as shown in Fig 6.50, can rise without 
limit. In fact, it is limited only by power 
losses in the components and other re- 
sistances that would be in a real circuit 
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Frequency 


Relative Current 


0.5 0.6 0.7 0.8 0.9 1.0 1.1 12 1.3 1.4 1.5 
Frequency Relative to Resonant Frequency 


Fig 6.50 — The relative generator 
current with a fixed voltage in a series 
circuit containing inductive and 
capacitive reactances as the frequency 
approaches and departs from 
resonance. 


of this type. As the frequency of opera- 
tion moves slightly off resonance, the 
reactance climbs rapidly and then be- 
gins to level off. Similarly, the current 
drops rapidly off resonance and then 
levels. 

In a parallel-resonant circuit of the 
type in Fig 6.49, the current Ij, and 1с 
are equal and cancel to zero. Since the 
reactance is inversely proportional to 
the current, as the current approaches 
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Relative Current 


1.0 

0.8 

0.6 

0.4 T— 1 
0.2 H 


0 
0.50.6 0.7 0.8 091.0 1.1 1.2 1.3 1.4 1.5 
Frequency Relative to Кезопопі Frequency 


Fig 6.51 — The relative generator 
current with a fixed voltage in a parallel 
circuit containing inductive and 
capacitive reactances as the frequency 
approaches and departs from 
resonance. (The circulating current 
through the parallel inductor and 
capacitor is a maximum at resonance.) 
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X, ог Xc at Resonance 
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Frequency Relative to Resonant Frequency 


Fig 6.52 — The transition from 
capacitive to inductive reactance in a 
series-resonant circuit as the 
frequency passes resonance. 


zero, the reactance rises without limit. 
As with series circuits, component 
power losses and other resistances in the 
circuit limit the current drop to some 
point above zero. Fig 6.51 shows the 
theoretical current curve near and at 
resonance for a purely reactive parallel- 
resonant circuit. Note that in both Fig 
6.50 and Fig 6.51, the departure of cur- 
rent from the resonance value is close 
to, but not quite, symmetrical above and 
below the resonant frequency. 

Example: What is the reactance of a se- 
ries L-C circuit consisting of a 56.04-pF 
capacitor and an 8.967-uH inductor at 
7.00, 7.10 and 7.20 MHz? Using the for- 
mulas from earlier in this chapter, we cal- 
culate a table of values: 
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Fig 6.53 — The transition from 
inductive to capacitive reactance in a 
parallel-resonant circuit as the 
frequency passes resonance. 


Frequency Xi (Q) X¢(Q) Хш (Q) 


(MHz) 

7.000 394.4 405.7 -11.3 
7.100 400.0 400.0 0 
7.200 405.7 394.4 11.3 


The exercise shows the manner in 
which the reactance rises rapidly as the 
frequency moves above and below reso- 
nance. Note that in a series-resonant cir- 
cuit, the reactance at frequencies below 
resonance is capacitive, and above reso- 
nance, it is inductive. Fig 6.52 displays 
this fact graphically. In a parallel-reso- 
nant circuit, where the reactance in- 
creases without limit at resonance, the 
opposite condition exists: above reso- 
nance, the reactance is capacitive and 
below resonance it is inductive, as 
shown in Fig 6.53. Of course, all graphs 
and calculations in this section are theo- 
retical and presume a purely reactive 
circuit. Real circuits are never purely 
reactive; they contain some resistance 
that modifies their performance consid- 
erably. Real resonant circuits will be 
discussed later in this chapter. 


REACTIVE POWER 


Although purely reactive circuits, 
whether simple or complex, show a mea- 
surable ac voltage and current, we cannot 
simply multiply the two together to arrive 
at power. Power is the rate at which en- 
ergy is consumed by a circuit, and purely 
reactive circuits do not consume power. 
The charge placed on a capacitor during 
part of an ac cycle is returned to the circuit 
during the next part of a cycle. Likewise, 
the energy stored in the magnetic field of 
an inductor returns to the circuit as the 
field collapses later in the ac cycle. A re- 
active circuit simply cycles and recycles 
energy into and out of the reactive compo- 
nents. If a purely reactive circuit were 
possible in reality, it would consume no 


power at all. 

In reactive circuits, circulation of en- 
ergy accounts for seemingly odd phe- 
nomena. For example, in a series circuit 
with capacitance and inductance, the 
voltages across the components may 
exceed the supply voltage. That condi- 
tion can exist because, while energy is 
being stored by the inductor, the capaci- 
tor is returning energy to the circuit 
from its previously charged state, and 
vice versa. In a parallel circuit with in- 
ductive and capacitive branches, the 
current circulating through the compo- 
nents may exceed the current drawn 
from the source. Again, the phenom- 
enon occurs because the inductor’s col- 
lapsing field supplies current to the ca- 
pacitor, and the discharging capacitor 
provides current to the inductor. 

To distinguish between the nondissi- 
pated power in a purely reactive circuit 
and the dissipated power of a resistive 
circuit, the unit of reactive power is 
called the volt-ampere reactive, or 
VAR. The term watt is not used; some- 
times reactive power is called wattless 
power. Formulas similar to those for 
resistive power are used to calculate 
VAR: 


VAR=IE (61) 

УАВ = 2Х (62) 
2 

УАВ = 5 (63) 


These formulas have only limited use in 
radio work. 


REACTANCE AND COMPLEX 
WAVEFORMS 


All of the formulas and relationships 
shown in this section apply to alternat- 
ing current in the form of regular sine 
waves. Complex wave shapes compli- 
cate the reactive situation considerably. 
A complex or nonsinusoidal wave can 
be resolved into a fundamental fre- 
quency and a series of harmonic fre- 
quencies whose amplitudes depend on 
the original wave shape. When such a 
complex wave — or collection of sine 
waves — is applied to a reactive circuit, 
the current through the circuit will not 
have the same wave shape as the applied 
voltage. The difference results because 
the reactance of an inductor and capaci- 
tor depend in part on the applied fre- 
quency. 

For the second-harmonic component of 
the complex wave, the reactance of the 
inductor is twice and the reactance of the 
capacitor is half their respective values at 
the fundamental frequency. A third-har- 


monic component produces inductive re- 
actances that are triple and capacitive re- 
actances that are one-third those at the 
fundamental frequency. Thus, the overall 
circuit reactance is different for each har- 
monic component. 

The frequency sensitivity of a reac- 
tive circuit to various components of a 
complex wave shape creates both diffi- 
culties and opportunities. On the one 
hand, calculating the circuit reactance 
in the presence of highly variable as 
well as complex waveforms, such as 
speech, is difficult at best. On the other 
hand, the frequency sensitivity of reac- 
tive components and circuits lays the 


Impedance 


When a circuit contains both resistance 
and reactance, the combined opposition to 
current is called impedance. Symbolized by 
the letter Z, impedance is a more general 
term than either resistance or reactance. Fre- 
quently, the term is used even for circuits 
containing only resistance or reactance. 
Qualifications such as “resistive imped- 
ance" are sometimes added to indicate that a 
circuit has only resistance, however. 

The reactance and resistance comprising 
an impedance may be connected either in 
series or in parallel, as shown in Fig 6.55. In 
these circuits, the reactance is shown as a 
box to indicate that it may be either induc- 
tive or capacitive. In the series circuit at A, 
the current is the same in both elements, with 
(generally) different voltages appearing 
across the resistance and reactance. In the 
parallel circuit at B, the same voltage is ap- 
plied to both elements, but different currents 
may flow in the two branches. 

Inaresistance, the current is in phase with 
the applied voltage, while in a reactance it is 
90? out of phase with the voltage. Thus, the 
phase relationship between current and volt- 
age in the circuit as a whole may be anything 
between zero and 90°, depending on the rela- 
tive amounts of resistance and reactance. 

As shown in Fig 6.47 in the preceding 
section, reactance is graphed on the vertical 
(Y) axis to record the phase difference be- 
tween the voltage and the current. Fig 6.56 
adds resistance to the graph. Since the volt- 
age is in phase with the current, resistance is 
recorded on the horizontal axis, using the 
positive or right side of the scale. 


CALCULATING Z FROM R AND X 
IN SERIES CIRCUITS 


Impedance is the complex combination 


foundation for filtering, that is, for 
separating signals of different frequen- 
cies and passing them into different cir- 
cuits. For example, suppose a coil is in 
the series path of a signal and a capaci- 
tor is connected from the signal line to 
ground, as represented in Fig 6.54. The 
reactance of the coil to the second har- 
monic of the signal will be twice that at 
the fundamental frequency and oppose 
more effectively the flow of harmonic 
current. Likewise, the reactance of the 
capacitor to the harmonic will be half 
that to the fundamental, allowing the 
harmonic an easier current path away 
from the signal line toward ground. See 


of resistance and reactance. Since there is 
a 90° phase difference between resistance 
and reactance (whether inductive or ca- 
pacitive), simply adding the two values 
will not yield what actually happens in a 
circuit. Therefore, expressions like “Z =R 
+ Х” can be misleading, because they sug- 
gest simple addition. As a result, imped- 
ance is often expressed “Z = R jX.” 

In pure mathematics, “i” indicates an 
imaginary number. Because i represents 
current in electronics, we use the letter “j” 
for the same mathematical operator, al- 
though there is nothing imaginary about 
what it represents in electronics. With re- 


Fig 6.55 — Series and parallel circuits 
containing resistance and reactance. 
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the Filters chapter for detailed informa- 
tion on filter theory and construction. 


—— Signal Path ———> 
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ee 


Fig 6.54 — A signal path with a series 
inductor and a shunt capacitor. The 
circuit presents different reactances to 
an ac signa! and to its harmonics. 


spect to resistance and reactance, the letter j 
is normally assigned to those figures on the 
vertical scale, 90° out of phase with the hori- 
zontal scale. The actual function of j is to 
indicate that calculating impedance from 
resistance and reactance requires vector ad- 
dition. In vector addition, the result of com- 
bining two values at a 90° phase difference 
results in a new quantity for the combina- 
tion, and also ina new combined phase angle 
relative to the base line. 

Consider Fig 6.57, a series circuit con- 
sisting of an inductive reactance and a re- 
sistance. As given, the inductive reactance 
is 100. Q and the resistance is 50. Q. Using 


Inductive 
Reactance 


Resistance —— + 


Capacitive 
Reactance 


Fig 6.56 — The conventional method of 
charting impedances on a graph, using 
the vertical axis for reactance (the 
upward or “plus” direction for 
inductive reactance and the downward 
or “minus” direction for capacitive 
reactance), and using the horizontal 
axis for resistance. 
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х|=/100 0 


Z = 112 /63.4 


R= 50 0 


Fig 6.57 — А series circuit consisting 
of an inductive reactance of 100 Q and 
a resistance of 50 Q. At B, the graph 
plots the resistance, reactance, and 
impedance. 


rectangular coordinates, the impedance 
becomes 


Z=R+jX 
where: 
Z = the impedance in ohms, 


R = the resistance in ohms, and 
X = the reactance in ohms. 


(64) 


In the present example, * 
Z = 50. + j100. Q. 


As the graph shows, the combined op- 
position to current (or impedance) is rep- 
resented by a line triangulating the two 
given values. The graph will provide an 
estimate of the value. A more exact way to 
calculate the resultant impedance involves 
the formula for right triangles, where the 
square of the hypotenuse equals the sum 
of the squares of the two sides. Since im- 
pedance is the hypotenuse: 


z-Jn? «x? 
In this example: 


(65) 


2=\(5о. 0)? + аоо. о)? 


= 2500 2? + 10000 Q? 


= 12500 9? =112 Q 
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| al 
Xç = -8030 


Z = 12.0 0 /-42,0* 


Eac 


R = 8.92 9 


Fig 6.58 — A series circuit consisting 
of a capacitive reactance and a 
resistance: the impedance is given as 
12.0 О £42.0°. At B, the graph plots 
the resistance, reactance, and 
impedance. 


The impedance that results from com- 
bining 50. Q of resistance with 100. Q of 
inductive reactance is 112 Q. The phase 
angle of the resultant is neither 0° nor 
+90°. Instead, it lies somewhere between 
the two. Let Ө be the angle between the 
horizontal axis and the line representing 
the impedance. From trigonometry, the 
tangent of the angle is the side-opposite 
the angle divided by the side adjacent to 
the angle, or 
(66) 


tan 0 = Š 
R 


where: 
X = the reactance, and 
R = the resistance. 


Find the angle by taking the inverse tan- 
gent, or arctan: 


Ө = arctan 2 67 
= (67) 
In the example shown in Fig 6.57, 


Ө = arctan 


imn г. arctan 2.0 = 63.4? 
50. Q 


Combining the resultant impedance 
with the angle provides the impedance in 
polar coordinate form: 


729 (68) 


Using the information just calculated, 
the impedance is: 


Z=112 Q 763.4? 


The expressions В + jX and Z Z9 both 
provide the same information, but in 
two different forms. The procedure just 
given permits conversion from rectan- 
gular coordinates into polar coordi- 
nates. The reverse procedure is also 
important. Fig 6.58 shows an impedance 
composed of a capacitive reactance and 
a resistance. Since capacitive reactance 
appears as a negative value, the imped- 
ance will be at a negative phase angle, 
in this case, 12.0 Q at a phase angle of 
-42.0? or Z- 12.0 Q /—42.0°, 

Think of the impedance as forming a 
triangle with the values of X and R from 
the rectangular coordinates. The reac- 
tance axis forms the side opposite the 
angle Ө. 

side opposite _ X 


sin Ө = ——————— = 


hypotenuse Y (69) 


Solving this equation for reactance, we have: 
X = Z x sin Ө (ohms) (70) 


Likewise, the resistance forms the side 
adjacent to the angle. 


_ Sideadjacent _ R 


hypotenuse Z 
Solving for resistance, we have: 


R = Z x cos Ө (ohms) 


cos 8 


(71) 
Then from our example: 


X = 12.0 Q x sin (-42.0°) 
= 12.0 Q x -0.669 = -8.03 Q 


R = 12.0 Q x cos (-42.0?) 
=12.0 Qx 0.743 = 8.92 Q 


Since X is a negative value, it plots on 
the lower vertical axis, as shown in 
Fig 6.58, indicating capacitive reactance. 
In rectangular form, Z = 8.92 Q – j8.03 О. 

In performing impedance and related 
calculations with complex circuits, rect- 
angular coordinates are most useful 
when formulas require the addition or 
subtraction of values. Polar notation is 
most useful for multiplying and divid- 
ing complex numbers. The Mathemat- 
ics for Amateur Radio chapter has in- 
formation about performing addition, 
subtraction, multiplication and division 
with complex numbers. 

All of the examples shown so far in 
this section have presumed values of re- 
actance that contribute to the circuit 
impedance. Reactance is a function of 
frequency, however, and many imped- 
ance calculations may begin with a 
value of capacitance or inductance and 


an operating frequency. In terms of 
these values, the series impedance for- 
mula (Eq 65) becomes two formulas: 


Z =R? + (2 nf L)? (72) 
1 2 
= 2 
В (е) (73) 


Example: What is the impedance of a 
circuit like Fig 6.57 with a resistance of 
100. О and a 7.00-uH inductor operat- 
ing at a frequency of 7.00 MHz? Using 
equation 72, 


Z-AR +0201)? 


= (100. Q)? + (2 x 7.00 x 10% uH x 7.00 x 105 Hz)? 


Z = 10000 2? + (308 0)? 


= 410000 Q? + 94900 Q? 
24104900 Q? = 323.90 


Since 308 Q is the value of inductive 
reactance of the 7.00-uH coil at 7.00 
MHz, the phase angle calculation pro- 
ceeds as given in the earlier example 
(equation 67): 


B 308 Q 
0 = arctan | — | = arctan 
R 100. Q 


= arctan(3.08) = 72.0? 


Since the reactance is inductive, the 
phase angle is positive. 


CALCULATING Z FROM R AND X 
IN PARALLEL CIRCUITS 


In a parallel circuit containing reac- 
tance and resistance, such as shown in 
Fig 6.59, calculation of the resultant 
impedance from the values of R and X 
does not proceed by direct triangulation. 
The general formula for such parallel 
circuits is: 


RX 


үк” +x? 
where the formula uses the absolute (un- 


signed) reactance value. The phase angle 
for the parallel circuit is given by: 


0 = arctan (=) 
X 


If the parallel reactance is capacitive, 
then 8 is a negative angle, and if the paral- 
lel reactance is inductive, then @ is a posi- 
tive angle. 

Example: An inductor with a reactance 
of 30.0 Q is in parallel with as resistor of 
40.0 Q. What is the resulting impedance 
and phase angle? 


ids (74) 


(75) 


RX 30.02 x 40.02 
Z = ———— = —————————— 
{R2+x? (30.09)? «(40.00 
_ 1200 9? _ 12009? 
{900.02 +160002 42500 2? 
_ 1200.97 
50.00 
Z=24.00 


| z) 40.0.2 
Ө = arctan | — | = arctan 
X 30.00 


= arctan (1.33) 253.1? 


Sincethe parallel reactance is inductive, 
the resultant angle is positive. 

Example: A capacitor with a reactance 
of 16.0 Q is in parallel with a resistor of 
12.0 Q. What is the resulting impedance 
and phase angle? 


RX 16.00x12.0 0 


\R?+x? (16.09)? «0200? 


192 92 192 Q? 


j vase o? « 144 02 : J400. о? 


Ө = arctan (0.750) = – 36.9? 
Because the parallel reactance is capaci- 
tive, the resultant phase angle is negative. 


ADMITTANCE 


Just as the inverse of resistance is con- 
ductance (G) and the inverse of reactance 
is susceptance (B), so too impedance has 
an inverse: admittance (Y), measured in 
siemens (S). Thus, 


y=— 
Z 
Since resistance, reactance and imped- 
ance are inversely proportional to the cur- 
rent (Z = E/ I), conductance, susceptance 
and admittance are directly proportional 
to current. That is, 


(76) 


y=— 
E 
One handy use for admittance is in sim- 
plifying parallel circuit impedance calcu- 
lations. A parallel combination of reac- 
tance and resistance reduces to a vector 
addition of susceptance and conductance, 
if admittance is the desired outcome. In 
other words, for parallel circuits: 


Y = үС? + B? 


where: 
Y = admittance, 


(77) 


(78) 
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Z = 240 /53.1° 


Fig 6.59 — A parallel circuit containing 
an inductive reactance of 30.0 О anda 
resistor of 40.0 О. No graph is given, 
since parallel impedances do not 
triangulate in the simple way of series 
impedances. 


С = conductance or 1 / R, and 
В = susceptance or 1 / X. 


Example: An inductor with a reactance 
of 30.0 Q is in parallel with a resistor of 
40.0 О. What is the resulting impedance 
and phase angle? The susceptance is 
1/30.0 Q = 0.0333 S and the conductance 
is 1 / 40.0 Q = 0.0250 S. 


Y = 4/(0.0333 S)? + (0.0250 S)? 


= 40.00173 S? = 0.0417 S 


al. ia 
Y 0.04175 


The phase angle in terms of conductance 
and susceptance is: 


0 = arctan (4) 
G 


In this example, 


(79) 


0.0333 S 
0.0250 S 
` Again, since the reactive component is 
inductive, the phase angle is positive. For 
a capacitively reactive parallel circuit, the 
phase angle would have been negative. 
Compare these results with the direct cal- 
culation earlier in the section. 
Conversion from resistance, reactance 
and impedance to conductance, suscep- 
tance and admittance is perhaps most use- 
ful in complex-parallel-circuit calcula- 
tions. Many advanced facets of active- 
circuit analysis will demand familiarity 
both with the concepts and with the calcu- 
lation strategies introduced here, however. 


0 = arctan | | = arctan (1.33) = 53.1° 


More than Two Elements in Series 
or Parallel 

When a circuit contains several resis- 
tances or several reactances in series, sim- 
plify the circuit before attempting to cal- 
culate the impedance. Resistances in 
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series add, just as in a purely resistive cir- 
cuit. Series reactances of the same kind — 
that is, all capacitive or all inductive — 
also add, just as in a purely reactive cir- 
cuit. The goal is to produce a single value 
of resistance and a single value of reac- 
tance for the impedance calculation. 

Fig 6.60 illustrates a more difficult case 
in which a circuit contains two different 
reactive elements in series, along with a 
further series resistance. The series com- 
bination of Xç and X; reduce to a single 
value using the same rules of combination 
discussed in the section on purely reactive 
components. As Fig 6.60B demonstrates, 


Fig 6.60 — A series impedance 
containing mixed capacitive and 
inductive reactances can be reduced to 
a single reactance plus resistance by 
combining the reactances 
algebraically. 


Fig 6.61 — A parallel impedance 
containing mixed capacitive and 
inductive reactances can be reduced to 
a single reactance plus resistance 
using formulas shown earlier in the 
chapter. By converting reactances to 
susceptances, as shown in A, you can 
combine the susceptances 
algebraically into a single susceptance, 
as shown in B. 
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the resultant reactance is the difference 
between the two series reactances. 

For parallel circuits with multiple resis- 
tances or multiple reactances of the same 
type, use the rules of parallel combination to 
reduce the resistive and reactive components 
to single elements. Where two or more reac- 
tive components of different types appear in 
the same circuit, they can be combined using 
formulas shown earlier for pure reactances. 
As Fig 6.61 suggests, however, they can also 
be combined as susceptances. Parallel 
susceptances of different types add, with 
attention to their differing signs. The result- 
ing single susceptance can then be combined 
with the conductance to arrive at the overall 
circuit admittance. The inverse of the admit- 
tance is the final circuit impedance. 


Equivalent Series and Parallel 
Circuits 


The two circuits shown in Fig 6.55 are 
equivalent if the same current flows when 
a given voltage of the same frequency is 
applied, and if the phase angle between 
voltage and current is the same in both 
cases. It is possible, in fact, to transform 
any given series circuit into an equivalent 
parallel circuit, and vice versa. 

A series RX circuit can be converted 
into its parallel equivalent by means of the 
formulas: 


_ Rg? + Xs 
BERE (80) 
2 2 
ees (81) 
Xs 


where the subscripts P and S represent the 
parallel- and series-equivalent values, re- 
spectively. If the parallel values are 
known, the equivalent series circuit can be 
found from: 


Rp Xp? 


Rp? + Xp? (82) 


Ex, = 200 V 
VAR = 400W 


Z = 125 0 /53.1* 
VA = 500 W 


Eac= 
250 V 


ER=150V 
Pg- 300 W 


Fig 6.62 — A series circuit consisting of 
an inductive reactance of 100. 2 and a 
resistance of 75.0 О. Also shown is the 
applied voltage, voltage drops across 
the circuit elements, and the current. 


and 
Rp’ Xp 


Rp? + Xp? (83) 
Example: Let the series circuit in 
Fig 6.55 have a series reactance of —50.0 
Q (indicating a capacitive reactance) and 
a resistance of 50.0 Q. What are the values 


of the equivalent parallel circuit? 


к RS + Xs? _ (50.0 о)? + (-50.0 Q)? 
P к+-——— = ÁÁ 
Rs 50.00 
= 2 = 2 ү 2 
25000? + 250097 50000 
p QU 210.0 
50.00 50.00 
OReX (50.09) + (-50.0 2" 
ШР НШ eee 
Xs -50.0 Q 
У-Ү 2 = 2 ^ 2 
25000? +250002 50000 
сы LI --10.0 
-50.0 Q -50.0 Q 


The parallel circuit in Fig 6.55 calls for 
a capacitive reactance of 100. Q and a re- 
sistance of 100. Q to be equivalent to the 
series circuit. 


OHM'S LAW FOR IMPEDANCE 


Ohm's Law applies to circuits contain- 
ing impedance just as readily as to circuits 
having resistance or reactance only. The 
formulas are: 


E-IZ (84) 
E 
ta 
Z (85) 
E 
ZL=— (86) 
I 
where: 


E = voltage in volts, 
I = current in amperes, and 
Z = impedance in ohms. 


Fig 6.62 shows a simple circuit consist- 
ing of a resistance of 75.0 Q and a reac- 
tance of 100. Q. in series. From the series- 
impedance formula previously given, the 
impedance is 


Z= үк? +X,2 205.09) + 00.0) 


= {5630 02 + тобоо о? = 15600 Q? 
-1250 
If the applied voltage is 250. V, then 
т=Ё „70У 200A 
2 159 


This current flows through both the геѕіѕ- 
tance and reactance, so the voltage drops 
are: 


Eg =IR=2.00 A x 75.0 Q = 150. V 


Ex, = I X, = 2.00 A x 100. Q = 200. V 


The simple arithmetical sum of these 
two drops, 350. V, is greater than the ap- 
plied voltage because the two voltages are 
90? out of phase. Their actual resultant, 
when phase is taken into account, is: 


E = 4/0150. vy? + (200. У)? 


= {22500 v? + 40000 у? = |62500 v? 
= 250. V 


POWER FACTOR 


In the circuit of Fig 6.62, an applied 
voltage of 250. V results in a current of 
2.00 A, giving an apparent power of 
250. V x 2.00 A = 500. W. Only the resis- 
tance actually consumes power, however. 
The power in the resistance is: 


P = 12 R = (2.00 A)? x 75.0 V = 300. W 


The ratio of the consumed power to the 
apparent power is called the power factor 


Resonant Circuits 


A circuit containing both an inductor 
and a capacitor — and therefore, both 
inductive and capacitive reactance — is 
often called a tuned circuit. There is a 
particular frequency at which the induc- 
tive and capacitive reactances are the 
same, that is, Хү = Xç. For most pur- 
poses, this is the resonant frequency of 
the circuit. (Special considerations ap- 
ply to parallel circuits; they will emerge 
in the section devoted to such circuits.) 
At the resonant frequency — or at reso- 
nance, for short: 


1 


2nfC 


By solving for f, we can find the reso- 
nant frequency of any combination of in- 
ductor and capacitor from the formula: 

1 


2n4LC 


Xp 22nfL-Xc- 


(88) 


where: 
f = frequency in hertz (Hz), 
L = inductance in henrys (H), 
C = capacitance in farads (F), and 
л = 3.1416. 


For most high-frequency (HF) radio 
work, smaller units of inductance and ca- 
pacitance and larger units of frequency are 
more convenient. The basic formula be- 
comes: 


of the circuit. 
P R 


PF= consumed _ _* 
Р 7. 


In this example the power factor would 
be 300. W / 500. W = 0.600. Power factor 
is frequently expressed as a percentage; in 
this case, 60%. An equivalent definition 
of power factor is: 


PF = cos 0 


Where 6 is the phase angle. Since the phase 
angle equals: 


— садаи = ta 
Ө = arctan ( ) = ae af 5. 2) 


= arctan (1.33) = 53.1° 
Then the power factor is: 


PF = cos 53.1° = 0.600 


as the earlier calculation confirms. 

Real, or dissipated, power is measured 
in watts. Apparent power, to distinguish it 
from real power, is measured in volt- 


(87) 


apparent 


10° 


2n JLC 
where: 
f = frequency in megahertz (MHz), 
L = inductance in microhenrys (ИН), 
C = capacitance in picofarads (pF), and 
п = 3.1416. 


(89) 


Example: What is the resonant fre- 
quency of a circuit containing an inductor 
of 5.0 ИН and a capacitor of 35 pF? 


pl 10° 
2nJLC 6.2832 x 5.0 x35 
3 

10 

= —— =12 МН2 


83 


To find the matching component (in- 
ductor or capacitor) when the frequency 
and one component is known (capacitor or 
inductor) for general HF work, use the 
formula: 


2 _ 1 
4r LC 

where Е, L and C are in basic units. For HF 

work in terms of MHz, ИН and pF, the 


basic relationship rearranges to these 
handy formulas: 


25330 
L= 5 
f C 


: (90) 


(91) 
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amperes (VA). It is simply the product of 
the voltage across and the current through 
an overall impedance. It has no direct re- 
lationship to the power actually dissipated 
unless the power factor of the circuit is 
known. The power factor of a purely resis- 
tive circuit is 100% or 1, while the power 
factor of a pure reactance is zero. In this 
illustration, the reactive power is: 


VAR = P X, = (2.00 A)? x 100. Q 
= 400. VA 


Since power factor is always rendered 
as a positive number, the value must be 
followed by the words “leading” or “lag- 
ging” to identify the phase of the voltage 
with respect to the current. Specifying the 
numerical power factor is not always suf- 
ficient. For example, many dc-to-ac power 
inverters can safely operate loads having a 
large net reactance of one sign but only a 
small reactance of the opposite sign. 
Hence, the final calculation of the power 
factor in this example yields the value 
0.600, leading. 


25330 
CS 2 

f^L (92) 
where: 


f = frequency in MHz, 
L = inductance in ИН, and 
C = capacitance in pF. 


Example: What value of capacitance is 
needed to create a resonant circuit at 
21.1 MHz, if the inductor is 2.00 WH? 


c = 25330 _ 25330 
?L (2112 x 2.00) 
25330 
zT = 28.5 pF 
890. 


For most radio work, these formulas 
will permit calculations of frequency and 
component values well within the limits 
of component tolerances. Resonant cir- 
cuits have other properties of importance, 
in addition to the resonant frequency, how- 
ever. These include impedance, voltage 
drop across components in series-resonant 
circuits, circulating current in parallel- 
resonant circuits, and bandwidth. These 
properties determine such factors as the 
selectivity of a tuned circuit and the com- 
ponent ratings for circuits handling con- 
siderable power. Although the basic de- 
termination of the tuned-circuit resonant 
frequency ignored any resistance in the 
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circuit, that resistance will play a vital role 
in the circuit’s other characteristics. 


SERIES-RESONANT CIRCUITS 


Fig 6.63 presents a basic schematic dia- 
gram of a series-resonant circuit. Although 
most schematic diagrams of radio circuits 
would show only the inductor and the ca- 
pacitor, resistance is always present in such 
circuits. The most notable resistance is asso- 
ciated with losses in the inductor at HF; re- 
sistive losses in the capacitor are low enough 
at those frequencies to be ignored. The cur- 
rent meter shown in the circuit is a reminder 
that in series circuits, the same current flows 
through all elements. 

At resonance, the reactance of the capaci- 
tor cancels the reactance of the inductor. The 
voltage and current are in phase with each 
other, and the impedance of the circuit is 
determined solely by the resistance. The 
actual current through the circuit at reso- 
nance, and for frequencies near resonance, 
is determined by the formula: 


E E 


7 А. 
|к°+|2лгь- . 
\ (2nfC) 


where all values are in basic units. 

At resonance, the reactive factor in the 
formula is zero. As the frequency is shifted 
above or below the resonant frequency with- 
out altering component values, however, the 
reactive factor becomes significant, and the 
value of the current becomes smaller than at 
resonance. At frequencies far from reso- 
nance, the reactive components become 
dominant, and the resistance no longer sig- 
nificantly affects the current amplitude. 

The exact curve created by recording the 
current as the frequency changes depends on 
the ratio of reactance to resistance. When 
the reactance of either the coil or capacitor is 
of the same order of magnitude as the resis- 
tance, the current decreases rather slowly as 
the frequency is moved in either direction 
away from resonance. Such a curve is said to 
be broad. Conversely, when the reactance is 
considerably larger than the resistance, the 
current decreases rapidly as the frequency 
moves away from resonance, and the circuit 
is said to be sharp. A sharp circuit will re- 
spond a great deal more readily to the reso- 
nant frequency than to frequencies quite 
close to resonance; a broad circuit will re- 
spond almost equally well to a group or band 
of frequencies centered around the resonant 
frequency. 

Both types of resonance curves are use- 
ful. A sharp circuit gives good selectivity — 
the ability to respond strongly (in terms of 
current amplitude) at one desired frequency 
and to discriminate against others. A broad 
circuit is used when the apparatus must give 


(93) 
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Fig 6.63 — A series circuit containing 
L, C, and R is resonant at the applied 
frequency when the reactance of C is 
equal to the reactance of L. The I in the 
circle is the schematic symbol for an 
ammeter. 


about the same response over a band of fre- 
quencies, rather than at a single frequency 
alone. 

Fig 6.64 presents a family of curves, show- 
ing the decrease in current as the frequency 
deviates from resonance. In each case, the 
reactance is assumed to be 1000 Q. The maxi- 
mum current, shown as a relative value on the 
graph, occurs with the lowest resistance, 
while the lowest peak current occurs with the 
highest resistance. Equally important, the 
rate at which the current decreases from its 
maximum value also changes with the ratio 
of reactance to resistance. It decreases most 
rapidly when the ratio is high and most slowly 
when the ratio is low. 


Q 


As noted in earlier sections of this chap- 
ter, the ratio of reactance or stored energy to 
resistance or consumed energy is Q. Since 
both terms of the ratio are measured in ohms, 
Q has no units and is variously known as the 
quality factor, the figure of merit or the 
multiplying factor. Since the resistive losses 
of the coil dominate the energy consump- 
tion in HF series-resonant circuits, the in- 
ductor Q largely determines the resonant- 
circuit Q. Since this value of Q is 
independent of any external load to which 
the circuit might transfer power, it is called 
the unloaded Q or Qu of the circuit. 


Example: What is the unloaded Q of a 
series-resonant circuit with a loss resistance 
of 5 Q and inductive and capacitive compo- 
nents having a reactance of 500 Q each? 
With a reactance of 50 Q each? 


X, _ 5000 
ipecLg c 400 
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Resonant Frequency 


Fig 6.64 — Current in series-resonant 
circuits with various values of series 
resistance and Q. The current values 
are relative to an arbitrary maximum 

of 1.0. The reactance for all curves is 
1000 О. Note that the current is hardly 
affected by the resistance in the circuit 
at frequencies more than 10% away 
from the resonant frequency. 
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Fig 6.65 — Current in series-resonant 
circuits having different values of Qy. 
The current at resonance is set at the 
same level for all curves in order to 
show the rate of change of decrease in 
current for each value of Qu. The half- 
power points are shown to indicate 
relative bandwidth of the response for 
each curve. The bandwidth is indicated 
for a circuit with a Qy of 10. 


Bandwidth 


Fig 6.65 is an alternative way of drawing 
the family of curves that relate current to 
frequency for a series-resonant circuit. By 
assuming that the peak current of each curve 


Table 6.6 
The Selectivity of Resonant Circuits 


Approximate percentage 
of current at resonance’ or 


95 f/3Q 
90 f/2Q 
70.7 f/Q 

44.7 2f/Q 
24.2 4f/Q 
12.4 8f/Q 


1For a series resonant circuit 
2For a parallel resonant circuit 


Bandwidth (between 
half-power ог —3 dB 
of impedance at resonance? points on response curve) 


Series circuit current 
phase angle 
(degrees) 


18.5 


(Reference: F. E. Terman, Radio Engineers' Handbook, Table 1, p 138, modified.) 


is the same, the rate of change of current for 
various values of Qy and the associated ra- 
tios of reactance to resistance are more eas- 
ily compared. From the curves, it is evident 
that the lower Qy circuits pass frequencies 
over a greater bandwidth of frequencies than 
the circuits with a higher Qy. For the pur- 
pose of comparing tuned circuits, bandwidth 
is often defined as the frequency spread 
between the two frequencies at which the 
current amplitude decreases to 0.707 (or 
1/2 ) times the maximum value. Since the 
power consumed by the resistance, R, is pro- 
portional to the square of the current, the 
power at these points is half the maximum 
power at resonance, assuming that R is con- 
stant for the calculations. The half-power, 
ог —3 dB, points are marked оп Fig 6.65. 

For Q values of 10 or greater, the curves 
shown in Fig 6.65 are approximately sym- 
metrical. On this assumption, bandwidth 
(BW) can be easily calculated: 


f 
BW = Qu (94) 


where BW and f are in the same units, that 
is, in Hz, kHz or MHz. 


Example: What is the bandwidth of a 
series-resonant circuit operating at 14 
MHz with a Qy of 100.? 


pw - £ 14. MHz 


Qu 100. 

The relationship between Qy, f and BW 
provides a means of determining the value 
of circuit Q when inductor losses may be 
difficult to measure. By constructing the 
series-resonant circuit and measuring the 
current as the frequency varies above and 
below resonance, the half-power points 
can be determined. Then: 


= 0.14 MHz = 140 kHz 


f 
Qu = BW 
Example: What is the Оңу of a series- 


resonant Circuit operating at 3.75 MHz, if 


(95) 


the bandwidth is 375 kHz? 


ot 375 МНЕ iyo 
BW 0.375 MHz 
Table 6.6 provides some simple formu- 
las for estimating the maximum current 
and phase angle for various bandwidths, if 
both f and Qy are known. 


Qu 


Voltage Drop Across Components 


The voltage drop across the coil and 
across the capacitor in a series-resonant cir- 
cuit are each proportional to the reactance of 
the component for a given current (since 
E =I X). These voltages may be many times 
the source voltage for a high-Q circuit. In 
fact, at resonance, the voltage drop is: 


Ex = Оп Е (96) 


Ex = the voltage across the reactive 
component, 

Qy = the circuit unloaded Q, and 

E = the source voltage. 


(Note that the voltage drop across the 
inductor is the vector sum of the voltages 
across the resistance and the reactance; 
however, for Qs greater than 10, the error 
created by using equation 96 is not ordi- 
narily significant.) Since the calculated 
value of Ех is the RMS voltage, the peak 
voltage will be higher by a factor of 1.414. 
Antenna couplers and other high-Q cir- 
cuits handling significant power may ex- 
perience arcing from high values of Ey, 
even though the source voltage to the cir- 
cuit is well within component ratings. 


Capacitor Losses 


Although capacitor energy losses tend to 
be insignificant compared to inductor losses 
up to about 30 MHz, the losses may affect 
circuit Q in the VHF range. Leakage resis- 
tance, principally in the solid dielectric that 
forms the insulating support for the capaci- 


_tor plates, is not exactly like the wire resis- 
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tance losses in a coil. Instead of forming a 
series resistance, capacitor leakage usually 
forms a parallel resistance with the capaci- 
tive reactance. If the leakage resistance of a 
capacitor is significant enough to affect the 
Q of a series-resonant circuit, the parallel 
resistance must be converted to an equiva- 
lent series resistance before adding it to the 
inductor’s resistance. 


хс? 1 
Rs = = ET 
Rp Rp x(2nfC) 

Example: A 10.0 pF capacitor has a leak- 
age resistance of 10000 Q at 50.0 MHz. 


What is the equivalent series resistance? 
1 


RpxQzxf C) 


(97) 


К; = 


1 
1.00 x 10° x (6.283 x 50.0 x 10° x 10.0 x 1072? 


1 


Rg = — 
1.00 x 10* x 9.87 x 10° 
1 
E =10.1Q 
0.0987 


In calculating the impedance, current and 
bandwidth for a series-resonant circuit in 
which this capacitor might be used, the se- 
ries-equivalent resistance of the unit is added 
to the loss resistance of the coil. Since induc- 
tor losses tend to increase with frequency 
because of skin effect, the combined losses 
in the capacitor and the inductor can seri- 
ously reduce circuit Q, without special com- 
ponent- and circuit-construction techniques. 


PARALLEL-RESONANT CIRCUITS 


Although series-resonant circuits are 
common, the vast majority of resonant 
circuits used in radio work are parallel- 
resonant circuits. Fig 6.66 represents a 
typical HF parallel-resonant circuit. As is 


Fig 6.66 — A typicai parallel-resonant 
circuit, with the resistance shown in 
series with the inductive leg of the 
circuit. Below a Q, of 10, resonance 
definitions may lead to three separate 
frequencies which converge at higher 
Qy levels. See text. 
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the case for series-resonant circuits, the 
inductor is the chief source of resistive 
losses, and these losses appear in series 
with the coil. Because current through 
parallel-resonant circuits is lowest at reso- 
nance, and impedance is highest, they are 
sometimes called antiresonant circuits. 
Likewise, the names acceptor and rejec- 
tor are occasionally applied to series- and 
parallel-resonant circuits, respectively. 

Because the conditions in the two legs 
of the parallel circuit in Fig 6.66 are not 
the same —- the resistance is in only one of 
the legs — all of the conditions by which 
series resonance is determined do not oc- 
cur simultaneously in a parallel-resonant 
circuit. Fig 6.67 graphically illustrates the 
situation by showing the currents through 
the two components. When the inductive 
and capacitive reactances are identical, the 
condition defined for series resonance is 
met as shown in line (a). The impedance of 
the inductive leg is composed of both Ҳу 
and R, which yields an impedance that is 
greater than Xç and that is not 180? out of 
phase with Xç. The resultant current is 
greater than its minimum possible value 
and not in phase with the voltage. 

By altering the value of the inductor 
slightly (and holding the Q constant), a 
new frequency can be obtained at which 
the current reaches its minimum. When 
parallel circuits are tuned using a current 
meter as an indicator, this point (b) is or- 
dinarily used as an indication of reso- 
nance. The current “dip” indicates a con- 
dition of maximum impedance and is 
sometimes called the antiresonant point 
or maximum impedance resonance to dis- 
tinguish it from the condition where Xç = 
X,. Maximum impedance is achieved by 
vector addition of Xç, Xy and К, however, 
and the result is a current somewhat out of 
phase with the voltage. 

Point (c) on the curve represents the 
unity-power-factor resonant point. Ad- 
justing the inductor value and hence its 
reactance (while holding Q constant) pro- 
duces a new resonant frequency at which 
the resultant current is in phase with the 
voltage. The inductor's new value of reac- 
tance is the value required for a parallel- 
equivalent inductor and its parallel- 
equivalent resistor (calculated according 
to the formulas in the last section) to just 
cancel the capacitive reactance. The value 
of the parallel-equivalent inductor is al- 
ways smaller than the actual inductor in 
series with the resistor and has a propor- 
tionally smaller reactance. (The parallel- 
equivalent resistor, conversely, will al- 
ways be larger than the coil-loss resistor 
shown in series with the inductor.) The 
result is a resonant frequency slightly dif- 
ferent from the one for minimum current 
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Current Through 
Capacitor 


Phase Angle of 
Current Through 
Inductor 


IL 
Current Through 
Inductor 


XL 
Q= m Constant 


(B) 14 Minimum (Хт = Maximum) 


(А) Іт When XL = Хс 


(C) Іт When Power Factor = 1 


= Voltage Across Circuit 


| 
| 
| 
| 
| 
| in Fig 6.66 
| 
| 
| 
| 
| 


Fig 6.67 — Resonant conditions for a low-Q, parallel circuit. Resonance may be 
defined as (a) X, = Xc, (b) minimum current flow and maximum Impedance or (c) 
voltage and current in phase with each other. With the circuit of Fig 6.66 and a О, 
of less than 10, these three definitions may represent three distinct frequencies. 


and the one for X, = Xc. 

The points shown in the graph in 
Fig 6.67 represent only one of many pos- 
sible situations, and the relative positions 
of the three resonant points do not hold for 
all possible cases. Moreover, specific cir- 
cuit designs can draw some of the resonant 
points together, for example, compensat- 
ing for the resistance of the coil by retun- 
ing the capacitor. The differences among 
these resonances are significant for circuit 
Qs below 10, where the inductor’s series 
resistance is a significant percentage of the 
reactance. Above a Q of 10, the three 
points converge to within a percent of the 
frequency and can be ignored for practical 
calculations. Tuning for minimum current 
will not introduce a sufficiently large 
phase angle between voltage and current 
to create circuit difficulties. 


Parallel Circuits of Moderate to 
High Q 

The resonant frequencies defined above 
converge in parallel-resonant circuits with 
Qs higher than about 10. Therefore, a 
single set of formulas will sufficiently 
approximate circuit performance for ac- 
curate predictions. Indeed, above a Q of 
10, the performance of a parallel circuit 
appears in many ways to be simply the 
inverse of the performance of a series- 


(A) (8) 


Fig 6.68 — Series and parallel 
equivalents when both circuits are 
resonant. The series resistance, Rg in 
A, is replaced by the parallel 
resistance, Rp in B, and vice versa. 
Rp z X,?/ Rs. 


resonant circuit using the same compo- 
nents. 

Accurate analysis of a parallel-resonant 
circuit requires the substitution of a paral- 
lel-equivalent resistor for the actual in- 
ductor-loss series resistor, as shown in 
Fig 6.68. Sometimes called the dynamic 
resistance of the parallel-resonant circuit, 
the parallel-equivalent resistor value will 


increase with circuit Q, that is, as the se- 
ries resistance value decreases. To calcu- 
late the approximate parallel-equivalent 
resistance, use the formula: 


X? QntLY 
Rs Rs 

Example: What is the parallel-equiva- 

lent resistance for a coil with an inductive 


reactance of 350 Q and a series resistance 
of 5.0 Q at resonance? 


X,? (3500y 


Кр = = Qu Xp (98) 


Rp = 
Rs 500 
2 
120000 Q 
= ————— = 24000 0 
500 


Since the coil Qu remains the inductor’ s 
reactance divided by its series resistance, 
the coil Qy is 70. Multiplying Qy by the 
reactance also provides the approximate 
parallel-equivalent resistance of the coil 
series resistance. 

At resonance, where X, = Xç, Rp de- 
fines the impedance of the parallel-reso- 
nant circuit. The reactances just equal 
each other, leaving the voltage and cur- 
rent in phase with each other. In other 
words, the circuit shows only the paral- 
lel resistance. Therefore, equation 98 


Resonance 


Іт Lagging 


Current ————» 


Current at 
Resonance 


can be rewritten as: 
X? QntLy 
Rs Rs 

In this example, the circuit impedance 
at resonance is 24000 Q. 

Atfrequencies below resonance the cur- 
rentthrough the inductor is larger than that 
through the capacitor, because the reac- 
tance of the coil is smaller and that of the 
capacitor is larger than at resonance. There 
is only partial cancellation of the two re- 
active currents, and the line current there- 
fore is larger than the current taken by the 
resistance alone. At frequencies above 
resonance the situation is reversed and 
more current flows through the capacitor 
than through the inductor, so the line cur- 
rent again increases. The current at reso- 
nance, being determined wholly by Rp, 
will be small if Rp is large, and large if Rp 
is small. Fig 6.69 illustrates the relative 
current flows through a parallel-tuned cir- 
cuit as the frequency is moved from below 
resonance to above resonance. The base 
line represents the minimum current level 
for the particular circuit. The actual cur- 
rent at any frequency off resonance is sim- 
ply the vector sum of the currents through 
the parallel equivalent resistance and 


= Qy Xr (99) 


Іт Leading 


Curre, 
nt i 
n Iducto, 1 ( 
L (La 
59) 


Frequency —————* 


Fig 6.69 — The currents іп а parallel-resonant circuit as the frequency moves 
through resonance. Below resonance, the current lags the voltage; above 
resonance the current leads the voltage. The base line represents the current 
level at resonance, which depends on the impedance of the circuit at that 


frequency. 
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through the reactive components. 

To obtain the impedance of a parallel- 
tuned circuit either at or off the resonant 
frequency, apply the general formula: 
Z= 2с ZL 

Zs 
where: 

Z = overall circuit impedance 

Zc= impedance of the capacitive leg 
(usually, the reactance of the 
capacitor), 

Z, = impedance of the inductive leg 
(the vector sum of the coil's reac- 
tance and resistance), and 

Zs = series impedance of the capacitor- 
inductor combination as derived 
from the denominator of 
equation 93. 


(100) 


After using vector calculations to ob- 
tain Z, and Zs, converting all the values to 
polar form — as described earlier in this 
chapter — will ease the final calculation. 
Of course, each impedance may be derived 


. from the resistance and the application of 


the basic reactance formulas on the values 
of the inductor and capacitor at the fre- 
quency of interest. 

Since the current rises off resonance, the 
parallel-resonant-circuit impedance must 
fall. It also becomes complex, resulting in 
an ever greater phase difference between 
the voltage and the current. The rate at 
which the impedance falls is a function of 
Qu. Fig 6.70 presents a family of curves 
showing the impedance drop from reso- 
nance for circuit Qs ranging from 10 to 
100. The curve family for parallel-circuit 
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Percent Deviation From 
Resonant Frequency 


Fig 6.70 — Relative impedance of 
parallel-resonant circuits with different 
values of Qu. The curves are similar to 
the series-resonant circuit current level 
curves of Fig 6.64. The effect of О, on 
impedance is most pronounced within 
10% of the resonance frequency. 
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impedance is essentially the same as the 
curve family for series-circuit current. 

As with series tuned circuits, the higher 
the Q of a parallel-tuned circuit, the 
sharper the response peak. Likewise, the 
lower the Q, the wider the band of fre- 
quencies to which the circuit responds. 
Using the half-power (-3 dB) points as a 
comparative measure of circuit perfor- 
mance, equations 94 and 95 apply equally 
to parallel-tuned circuits. That is, BW = f 
/ Qu and Qy = f / BW, where the resonant 
frequency and the bandwidth are in the 
same units. As a handy reminder, 
Table 6.7 summarizes the performance of 
parallel-resonant circuits at high and low 
Qs and above and below resonant fre- 
quency. 

It is possible to use either series or 
parallel-resonant circuits do the same 
work in many circuits, thus giving the 
designer considerable flexibility. 
Fig 6.71 illustrates this general prin- 
ciple by showing a series-resonant cir- 
cuit in the signal path and a parallel- 
resonant circuit shunted from the signal 
path to ground. Assume both circuits are 
resonant at the same frequency, f, and 
have the same Q. The series tuned cir- 
cuit at À has its lowest impedance at f, 
permitting the maximum possible cur- 
rent to flow along the signal path. At all 
other frequencies, the impedance is 
greater and the current at those frequen- 
cies is less. The circuit passes the de- 
sired signal and tends to impede signals 
at undesired frequencies. The parallel 
circuit at B provides the highest imped- 
ance at resonance, f, making the signal 
path the lowest impedance path for the 
signal. At frequencies off resonance, the 
parallel-resonant circuit presents a 
lower impedance, thus presenting sig- 
nals with a path to ground and away 
from the signal path. In theory, the ef- 
fects will be the same relative to a sig- 
nal current on the signal path. In actual 
circuit design exercises, of course, 
many other variables will enter the de- 
sign picture to make one circuit prefer- 
able to the other. 


Circulating Current 


In a parallel-resonant circuit, the 
source voltage is the same for all the 
circuit elements. The current in each 
element, however, is a function of the 
element's reactance. Fig 6.72 redraws 
the parallel-tuned circuit to indicate the 
line current and the current circulating 
between the coil and the capacitor. The 
current drawn from the source may be 
low, because the overall circuit imped- 
ance is high. The current through the 
individual elements may be high, how- 
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Table 6.7 


The Performance of Parallel-Resonant Circuits 


A. High and Low Q Circuits (in relative terms) 


Characteristic High Q Circuit 
Selectivity high 
Bandwidth narrow 
Impedance high 

Line current low 
Circulating current high 


Low Q Circuit 


low 
wide 
low 
high 
low 


B. Off-Resonance Performance for Constant Values of Іпаис- 


tance and Capacitance 


Characteristic Above Resonance 
Inductive reactance increases 
Capacitive reactance decreases 

Circuit resistance unchanged" 
Circuit impedance decreases 

Line current increases 
Circulating current decreases 

Circuit behavior capacitive 


Below Hesonance 


decreases 
increases 
unchanged" 
decreases 
increases 
decreases 
inductive 


*This is true for frequencies near resonance. At distant frequencies, skin 
effect may alter the resistive losses of the inductor. 
(Reference: A. Shure, ed., Resonant Circuits, pp 63-64, modified.) 


Signal 
Path 


(A) Series Circuit 


Signal Path 


(B) Parallel 
Circuit 


Fig 6.71 — Series- and parallel- 
resonant circuits configured to perform 
the same theoretical task: passing 
signals in a narrow band of frequencies 
along the signal path. A real design 
example would consider many other 
factors. 


ever, because there is little resistive loss 
as the current circulates through the in- 
ductor and capacitor. For parallel-reso- 
nant circuits with an unloaded Q of 10 
or greater, this circulating currentis ap- 
proximately: 


lc = Qu Ir (101) 
= circulating current in A, mA or A, 
unloaded circuit Q, and 

Ir - line current in the same units as 


Ic. 


© 
c 
i 


Line Current 


Circulating 
Current 


Іс= QuxIr 


Fig 6.72 — A parallel-resonant circuit 
redrawn to illustrate both the line 
current and the circulating current. 


Example: A parallel-resonant circuit 
permits an ac or RF line current of 30 mA 
and has a Q of 100. What is the circulating 
current through the elements? 


Ix = Ор I = 100 x 30 mA = 3000 mA 
=3A 


Circulating currents in high-Q parallel- 
tuned circuits can reach a level that causes 
component heating and power loss. 
Therefore, components should be rated 
for the anticipated circulating currents, 
and not just the line current. 


The Q of Loaded Circuits 


In many resonant-circuit applications, 


the only power lost is that dissipated in the 
resistance of the circuit itself. At frequen- 
cies below 30 MHz, most of this resistance 
is in the coil. Within limits, increasing the 
number of turns in the coil increases the 
reactance faster than it raises the resis- 
tance, so coils for circuits in which the Q 
must be high are made with relatively large 
inductances for the frequency. 
When the circuit delivers energy to a 
load (as in the case of the resonant circuits 
used in transmitters), the energy con- 
sumed in the circuit itself is usually negli- 
gible compared with that consumed by the 
load. The equivalent of such a circuit is 
shown in Fig 6.73, where the parallel re- 
sistor, Кү, represents the load to which 
power is delivered. If the power dissipated 
in the load is at least 10 times as great as 
the power lost in the inductor and capaci- 
tor, the parallel impedance of the resonant 
' circuit itself will be so high compared with 

the resistance of the load that for all prac- 
_ tical purposes the impedance of the com- 
bined circuit is equal to the load imped- 


Fig 6.73 — A loaded parallel-resonant 
circuit, showing both the inductor-loss 
resistance and the load, R,. If smaller 
than thé inductor resistance, R, will © 
control the loaded Q of the circuit (О, ). 


Fig 6.74 — A parallel-resonant circuit 
with a tapped coil to effect an 
impedance match. Although the 
impedance presented by the entire 
circuit is very high, the impedance 
"seen" by the load, R,, is lower. 


ance. Under these conditions, the load re- 


sistance replaces the circuit impedance in - 


calculating Q. The Q of a parallel-reso- 
nant circuit loaded by a resistive imped- 
ance is: 


(102) 


where: 
Q = circuit loaded О, 
. Кү = parallel load resistance in ohms, 
and 
X = геасіапсе in ohms of either the in- 
ductor or the capacitor. 


Example: A resistive load of 3000 Q is 
connected across a resonant circuit in 


. which the inductive and capacitive reac- 


tances are each 250 О. What is the circuit 

Q? 

Q, = e _ 3000 Q 
L X 2500 
The effective Q of a circuit loaded by a 


=12 


‚parallel resistance increases when the re- 


actances are decreased. A circuit loaded 
with a relatively low resistance (a few 
thousand ohms) must have low-reactance 


elements (large capacitance and small in- 


ductance) to have reasonably high Q. 
Many power-handling circuits, such as the 
output networks of transmitters, are de- 
signed by first choosing a loaded Q for the 
circuit and then determining component 
values. See the euler chapter for 
more details. 

Parallel load resistors are sometimes 
added to parallel-resonant circuits to 
lower the circuit Q and increase the circuit 
bandwidth. By using a high-Q circuit and 
adding a parallel resistor, designers can 
tailor the circuit response to their needs. 
Since the parallel resistor consumes 
power, such techniques ordinarily apply 
to receiver and similar low-power circuits, 
however. 

, Example: Specifications call for a par- 
allel-resonant circuit with a bandwidth of 
400. kHz at 14.0 MHz. The circuit at hand 
has a Qy of 70.0 and its components have 
reactances of 350. Q each. What is the par- 
allel loád resistor that will increase the 


Ё bandwidth to the specified value? The 
bandwidth of the existing circuit is: 


BW= pn. = соми = 0.200 MHz = 200. kHz 

Qu 70.0 | | 
The desired bandwidth, 400. kHz, requires 
a circuit with a Q of: 


f 14.0 MHz 


0 = — = = 35.0 


` BW 0.400 MHz 


Since the desired Q is half the original 
value, halving the resonant impedance or 
parallel-resistance value of the circuit-is 
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in order. The present impedance of the cir- 
cuit is: 


Z = Qy X, = 70.0 x 350. О = 24500 О 

The desired impedance is: 

Z = Qy Хү = 35.0 x 350. Q = 12300 Q 
= 12.3 kQ 


or half the present impedance. 

: A parallel resistor of 24500 Q , or the 
nearest lower value (to guarantee suffi- 
cient bandwidth), will produce the re- 
quired reduction in Q and bandwidth in- 
crease. Although this example simplifies 
the situation encountered in real design 


cases by ignoring such factors as the shape 


of the band-pass curve, it illustrates the 
interaction of the ingredients that deter- 
mine the perforniance of parallel-resonant 
circuits. 


Impedance Transformation 


An important application of the paral- 
lel-resonant circuit is as an impedance 
matching device in the output circuit of an 
RF power amplifier. There is an optimum 
value of load resistance for each type of 
tube or transistor and each set of required 
operating conditions. The resistance of the 
load to which the active device delivers 
power may be considerably lower than the 
value required for proper device opera- 
tion, or the load impedance may be con- 
siderably higher than the amplifier output 
impedance. 

To transform the actual load resistance 
to the desired value, the load may be 


‚ tapped across part of the coil, as shown in 


Fig 6.74. This is equivalent to connecting 
a higher value of load resistance across the 
whole circuit, and is similar in principle to 
impedance transformation with an iron- 
core transformer (described in the next 
section of this chapter). In high-frequency 
resonant circuits, the impedance ratio does 
not vary exactly as the square of the turns 
ratio, because all the magnetic flux lines 
do not cut every turn of the coil. A desired 
impedance ratio usually must be obtained 


- by experimental adjustment. 


When the load resistance has a very low 
value (say below 100 Q) it may be con- 
nected in series in the resonant circuit (Rg 
in Fig 6.68A, for example), in which case 
it is transformed to an equivalent parallel 
impedance as previously described. If the 
Qis at least 10, the equivalent parallel i im- 
pedance i is: 


х2 
ZR = Re (103) 
where: 
Zg = resistive parallel impedance at reso- 
nance, 
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X = reactance (in ohms) of either the 
coil or the capacitor, and 
Ву = load resistance inserted in series. 


If the Q is lower than 10, the reactance 
will have to be adjusted somewhat — for 
the reasons given in the discussion of low- 
Q circuits — to obtain a resistive imped- 
ance of the desired value. 


Transformers 


When the ac source current flows 
through every turn of an inductor, the gen- 
eration of a counter-voltage and the stor- 
age of energy during each half cycle is said 
to be by virtue of self-inductance. If an- 
other inductor — not connected to the 
source of the original current — is posi- 
tioned so the expanding and contracting 
magnetic field of the first inductor cuts 
across its turns, a current will be induced 
into the second coil. A load such as a resis- 
tor may be connected across the second 
coil to consume the energy transferred 
magnetically from the first inductor. This 
phenomenon is called mutual inductance. 

Two inductors positioned so that the mag- 
netic field of one (the primary inductor) in- 
duces a current in the other (the secondary 
inductor) are coupled. Fig 6.75 illustrates a 
pair of coupled inductors, showing an ac 
energy source connected to one and a load 
connected to the other. If the coils are wound 
tightly on an iron core so that nearly all the 
lines of force or magnetic flux from the first 
coil link with the turns of the second coil, the 
pair is said to be tightly coupled. Coils with 
air cores separated by a distance would be 
loosely coupled. The signal source for the 
primary inductor may be household ac 
power lines, audio or other waveforms at 
lower frequencies, or RF currents. The load 
may be a device needing power, a speaker 
converting electrical energy into sonic en- 
ergy, an antenna using RF energy for com- 
munications or a particular circuit set up to 
process a signal from a preceding circuit. 
The uses of magnetically-coupled energy in 
electronics are innumerable. 

Mutual inductance (M) between coils is 
measured in henrys. Two coils have a mu- 
tual inductance of 1 H under the following 
conditions: as the primary inductor current 
changes at a rate of 1 A/s, the voltage across 
the secondary inductor is 1 V. The level of 
mutual inductance varies with many factors: 
the size and shape of the inductors, their rela- 
tive positions and distance from each other, 
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Networks like the one in Fig 6.74 have 
some serious disadvantages for some ap- 
plications. For instance, the common con- 
nection between the input and the output 
provides no dc isolation. Also, the com- 
mon ground is sometimes troublesome 
with regard to ground-loop currents. Con- 
sequently, a network with only mutual 


and the permeability of the inductor core 
material and of the space between them. 

If the self-inductance values of two coils 
are known, it is possible to derive the 
mutual inductance by way of a simple ex- 
periment schematically represented in 
Fig 6.76. Without altering the physical 
setting or position of two coils, measure 
the inductance of the series-connected 
coils with their windings complementing 
each other and again with their windings 
opposing each other. Since, for the two 
coils, Lc = L1 + L2 + 2M, in the comple- 
mentary case, and Lg = L1 + L2 - 2M for 
the opposing case, 
Lc -Lo 

4 

The ratio of magnetic flux set up by the 
secondary coil to the flux set up by the 
primary coil is a measure of the extent to 
which two coils are coupled, compared to 
the maximum possible coupling between 
them. This ratio is the coefficient of cou- 


M= (104) 


magnetic coupling is often preferable. 
With the advent of ferrites, constructing 
impedance transformers that are both 
broadband and permit operation well up 
into the VHF portion of the spectrum has 
become relatively easy. The basic prin- 
ciples of broadband impedance transform- 
ers appear in the following section. 


pling (k) and is always less than 1. If k 
were to equal 1, the two coils would have 
the maximum possible mutual coupling. 
Thus: 


M=k (105) 


where: 
M = mutual inductance in henrys, 
L1 and L2 = individual coupled induc- 
tors, each in henrys, and 
k = the coefficient of coupling. 


Я a 


Fig 6.75 — A basic transformer: two 
inductors — one connected to an ac 
energy source, the other to a load — 
with coupled magnetic fields. 


Li L2 


Lo = L4 L2 + 2M 
Lo = L4 L2 ~ 2M 


Lew Lo 
4 


М = 


М = куц Lo 


(к = coefficient of coupling) 


Fig 6.76 — An experimental setup for determining mutual inductance. Measure the 
inductance with the switch in each position and use the formula in the text to 


determine the mutual inductance. 


LE ЗЕ 
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Fig 6.77 — A transformer. Ais a pictorial diagram. Power is transferred from the 
primary coil to the secondary by means of the magnetic field. B is a schematic 
diagram of an iron-core transformer, and C is an air-core transformer. 


Fig 6.78 — Ttie conditions for 
transformer action: two coils that 
exhibit mutual inductance, an ac power 
source, and a load. The magnetic field 
set up by the energy in the primary 
circuit transfers energy to the 
secondary for use by the load, 
resulting in a secondary voltage and | 
current. p | 


Using the experiment above, it is pos- 
sible to solve equation 105 for k with rea- 
‘sonable accuracy. 

Any two coils having mutual induc- 
tance comprise a transformer having a 
primary winding or inductor and a sec- 
ondary winding or inductor. Fig 6.77 
provides a pictorial representation of a 
typical iron-core transformer, along 
with the schematic symbols for both 
iron-core and air-core transformers. 
Conventionally, the term transformer is 
most commonly applied to coupled in- 
ductors having a magnetic core mate- 
rial, while coupled air-wound inductors 
are not called by that name. They are 
' still transformers, however. 

We normally think of transformers as 
ac devices, since mutual inductance 
` only occurs when magnetic fields are 
expanding or contracting. A transformer 
connected to a dc source will exhibit 


mutual inductance only at the instants. 


of closing and opening the primary cir- 
cuit, or on the rising and falling edges 
of dc pulses, because only then does the 
primary winding have a changing field. 
The principle uses of transformers are 
three: tó physically isolate the primary 
circuit from the secondary circuit, to 
transform voltages and currents from 
one level to another, and to transform 
circuit impedances from one level to an- 


other. These functions are not mutually 
exclusive and have many variations. 


IRON-CORE TRANSFORMERS 


The primary and secondary coils of a : 
transformer may be wound on a core of 


magnetic material. The permeability of the 
mágnetic material increases the induc- 
tance ofthe coils so a relatively small num- 
ber.of turns may be used to induce a given 
voltage value with a small current. A 
closed core having a continuous magnetic 


.path, such as that shown,in Fig 6.77, also 


tends to ensure that practically all of the 
field set up by the current in the primary 


coil will cut the turns ofthe secondary coil. ' 
` For power transformers and impedance- 
` matching transformers used in audio work, 


cores of iron strips are most common and 
generally very efficient. 


The following principles presume a co- : 


efficient of coupling (k) of 1, that is, a 
perfect transformer: The value, k = 1, in- 
dicates that all the turns of both coils link 
with all the magnetic flux lines, so that the 
voltage induced per turn is the same with 
both coils. This condition makes the in- 


duced voltage independent of the induc- , 


tance of the primary and secondary induc- 
tors. Iron-core transformers for low 
frequencies most closely approach this 
ideal condition. Fig 6.78 illustrates the 
conditions for transformer action. 


Voltage Ratio ` 

For a given varying magnetic field, the 
voltage induced in a coil within the field is 
proportional to the number of turns in the 
coil. When the two coils of a transformer 


аге in the same field (which is the case; 


when both are wound on the same closed 


' core), it follows that the induced voltages 


will be proportional to the number of turns 


in each coil. In the primary, the induced ` 


voltage practically equals, and opposes, 
the applied voltage, as described earlier. 
Hence: 


(106) 


Е; = secondary voltage, 

Ep = primary applied voltage, 

Ng = number of turns on secondary, and 
Np = number of turns on primary. 


Example: A transformer has a primary 
of 400 turns and a secondary of 2800 turns, 
and a voltage of 120 V is applied to the 
primary. What voltage appears across the 


secondary winding? 


Bs = 120 v (2899) - 120 v x7 = 840 v 
400 


(Notice that the number of turns is taken 
as a known value rather than a measured 
quantity, so they do not limit the signifi- ` 
cant figures in the calculation.) Also, if 
840 V is applied to the 2800-turn winding 
(which then becomes the primary), the 
output voltage from the 400-turn winding 
will be 120 V. 

Either winding of a transformer can be , 
used as the primary, provided the winding ' 
has enough turns (enough inductance) to 
induce a voltage equal to the applied volt- 
age without requiring an excessive cur- 
rent. The windings must also have insula- 
tion with a voltage rating sufficient for the 
voltage present. ` 


Current or Ampere-Turns Ratio 


The current in the primary when no cur- 
rent is taken from the secondary is called 
the magnetizing current of the trans- 
former. An ideal transformer, with no in- 
ternal losses, would consume no power, 


` since the current through the primary in- 


ductor would be 90? out of phase with the 
voltage. In any properly designed trans- 
former, the power consumed by the trans- 
former when the secondary is open (not 
delivering power) is only the amount nec- 
essary to overcome the losses in the iron 


: core and in the resistance of the wire with 


which the primary is wound. 

When power is taken from the second- 
ary winding by a load, the secondary cur-' 
rent sets up a magnetic field that opposes 
the field set up by the primary current. For 
the induced voltage in the primary to equal 
the applied voltage, the original field must 
be maintained. The primary must draw 
enough additional current to set up a field 
exactly equal and opposite to the field set 
up by the secondary current. 

In practical transformer calculations it 
may be assumed that the entire primary 
current is caused by the secondary load. 
This is justifiable because the magnetiz- 
ing current should be very small in com- ` 
parison with the primary load current at 


- rated power output. 


If the magnetic fields set up by the pri- 


mary and secondary currents are to be 


equal, the primary current multiplied by 
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the primary turns must equal the second- 
ary current multiplied by the secondary 
turns. 


N 
te = 15 (s) 


where: 
Ip = primary current, 
I, = secondary current, 
Np = number of turns on primary, and 
Ns = number of turns on secondary. 


(107) 


Example: Suppose the secondary of the 
transformer in the previous example is 
delivering a current of 0.20 A to a load. 
What will be the primary current? 


= 0.20 A x (= 
400 


)=0.20Ax7=14A 


Although the secondary voltage is 
higher than the primary voltage, the sec- 
ondary current is lower than the primary 
current, and by the same ratio. The sec- 
ondary current in an ideal transformer is 
180° out of phase with the primary cur- 
rent, since the field in the secondary just 
offsets the field in the primary. The phase 
relationship between the currents in the 
windings holds true no matter what the 
phase difference between the current and 
the voltage of the secondary. In fact, the 
phase difference, if any, between voltage 
and current in the secondary winding will 
be reflected back to the primary as an iden- 
tical phase difference. 


Power Ratio 


A transformer cannot create power; it 
can only transfer it and change the voltage 
level. Hence, the power taken from the 
secondary cannot exceed that taken by the 
primary from the applied voltage source. 
There is always some power loss in the 
resistance of the coils and in the iron core, 
so in all practical cases the power taken 
from the source will exceed that taken 
from the secondary. 


Po =n P] (108) 


where: 
Po = power output from secondary, 
= power input to primary, and 
n = efficiency factor. 


The efficiency, n, is always less than 1. 
It is usually expressed as a percentage: if 
n is 0.65, for instance, the efficiency is 
65%. 

Example: A transformer has an effi- 
ciency of 85.0% at its full-load output of 
150. W. What is the power input to the 
primary at full secondary load? 


р = РО = 10. W go wy 
n 0.850 
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A transformer is usually designed to 
have the highest efficiency at the power 
output for which it is rated. The efficiency 
decreases with either lower or higher out- 
puts. On the other hand, the losses in the 
transformer are relatively small at low 
output but increase as more power is taken. 
The amount of power that the transformer 
can handle is determined by its own losses, 
because these losses heat the wire and 
core. There is a limit to the temperature 
rise that can be tolerated, because too high 
a temperature can either melt the wire or 
cause the insulation to break down. A 
transformer can be operated at reduced 
output, even though the efficiency is low, 
because the actual loss will be low under 
such conditions. The full-load efficiency 
of small power transformers such as are 
used in radio receivers and transmitters 
usually lies between about 60 and 90%, 
depending on the size and design. 


IMPEDANCE RATIO 


In an ideal transformer — one without 
losses or leakage reactance — the follow- 
ing relationship is true: 


(109) 


where: 
Zp = impedance looking into the primary 
terminals from the power source, 
Zs = impedance of load connected to sec- 
ondary, and 
Np, Ng = turns ratio, primary to second- 
ary. 


A load of any given impedance con- 
nected to the transformer secondary will 
be transformed to a different value look- 
ing into the primary from the power 
source. The impedance transformation is 
proportional to the square of the primary- 
to-secondary turns ratio. 


Example: A transformer has a primary- 
to-secondary turns ratio of 0.6 (the pri- 
mary has six-tenths as many turns as the 
secondary) and a load of 3000. Q is con- 
nected to the secondary. What is the im- 
pedance at the primary of the transformer? 


= 3000. Q x (0.6)? = 3000. Q x 0.36 
Zp = 1080. Q 


By choosing the proper turns ratio, the 
impedance of a fixed load can be trans- 
formed to any desired value, within prac- 
tical limits. If transformer losses can be 
neglected, the transformed (reflected) im- 
pedance has the same phase angle as the 
actual load impedance. Thus, if the load is 
a pure resistance, the load presented by the 
primary to the power source will also be a 
pure resistance. If the load impedance is 


complex, that is, if the load current and 
voltage are out of phase with each other, 
then the primary voltage and current will 
show the same phase angle. 

Many devices or circuits require a 
specific value of load resistance (or im- 
pedance) for optimum operation. The 
impedance of the actual load that is to 
dissipate the power may differ widely 
from the impedance of the source de- 
vice or circuit, so a transformer is used 
to change the actual load into an imped- 
ance of the desired value. This is called 
impedance matching. 


Np _ [Ze 
Ns E | Zs (110) 
where: 
Np/ № = required turns ratio, primary to 
secondary, 


Zp = primary impedance required, and 
Zs = impedance of load connected to sec- 
ondary. 


Example: A transistor audio amplifier 
requires a load of 150. Q for optimum per- 
formance, and is to be connected to a loud- 
speaker having an impedance of 4.0 Q. 
What is the turns ratio, primary to second- 
ary, required in the coupling transformer? 


Np _ [Zp 150. Q 
s ДЕМ = 138 = 6.2 
"e rs RAE yas 


The primary mM must have 6.2 times 
as many turns as the secondary. 

These relationships may be used in 
practical work even though they are 
based on an ideal transformer. Aside 
from the normal design requirements of 
reasonably low internal losses and low 
leakage reactance, the only other re- 
quirement is that the primary have 
enough inductance to operate with low 
magnetizing current at the voltage ap- 
plied to the primary. 

The primary terminal impedance of an 
iron-core transformer is determined 
wholly by the load connected to the sec- 
ondary and by the turns ratio. If the char- 
acteristics of the transformer have an 
appreciable effect on the impedance pre- 
sented to the power source, the trans- 
former is either poorly designed or is not 
suited to the voltage and frequency at 
which it is being used. Most transformers 
will operate quite well at voltages from 
slightly above to well below the design 
figure. 


Transformer Losses 


In practice, none of the formulas given 
so far provides truly exact results, al- 
though they afford reasonable approxima- 
tions. Transformers in reality are not sim- 
ply two coupled inductors, but a network 


Fig 6.79 — A transformer as a network of resistances, inductances and 
capacitances. Only L1 and L2 contribute to the transfer of energy. 


First‘ Layer Second Layer 


Fig 6.80 — A typical transformer iron 

. core. The E and I pieces alternate : 
direction in successive layers to 
improve the magnetic path while 
attenuating eddy currents in the core. 


of resistances and reactances, most of 
which appear in Fig 6.79. Since only the 
terminals numbered 1 through 4 are acces- 
sible to the user, transformer ratings and 
specifications take into account the addi- 


tional losses created by these complexi- 


ties. 


In a practical.transformer not all of’ 


the magnetic flux is common to both 
windings, although in well designed 
transformers the amount of flux that 


cuts one coil and not the other is only a: 


small percentage of the total flux. This 
leakage flux causes'a' voltage of self- 
induction. Consequently, there are 
small amounts of leakage inductance 
associated with both windings of the 
transformer. Leakage inductance acts in 
exactly the same way as an equivalent 
amount of ordinary inductance inserted 
in series with the circuit. It has, there- 
fore, a certain reactance, depending on 
the amount of leakage inductance and 
the frequency. This reactance is called 


Fig 6.81 — Two common transformer 4 
constructions: shell and core. 


leakage reactance. shown as.X,, and Xo 
in Fig 6.79. 


Current flowing through the leakage 


reactance causes a voltage drop. This volt- 


` age drop increases with increasing current; 


hence, it increases as more power is taken 
from the secondary. Thus, the greater the 
secondary current, the smaller the second- 
ary terminal voltage becomes. The resis- 
tances of the transformer windings, К1 and 
R2, also cause voltage drops when there is 
current. Although these voltage drops are 
not in phase with those caused by leakage 
reactance, together they result in a lower 
secondary voltage under load than is indi- 


. cated by the transformer turns ratio. 


Thus, the voltage regulation in a real 
transformer is not perfect. At power fre- 
quencies (60 Hz), the voltage at the sec- 


: ondary, with a reasonably well-designed 
transformer, should not drop more than . 


about 10% from open-circuit conditions 
to full load. The voltage drop may be con- 
siderably more than this in a transformer 
operating at voice and music frequencies, 
because the leakage reactance increases 
directly with the frequency. 

In addition to wire resistances and 
leakage reactances, certain stray capaci- 


tances occur in transformers. An elec- 
tric field exists between any two points 


having a different voltage. When cur- 


rent flows through a coil, each turn has 
a slightly different voltage than its ad- 
jacent turns,.creating a capacitance be- 
tween turns. This distributed capaci- 
tance.appears in Fig 6.79 as C1 and C2. 


: Another capacitance, Cy, appears be- 


tween the two windings for the same 


'reason. Moreover, transformer wind- . 


ings can exhibit capacitance relative to 
neárby metal, for example, the chassis, 
the shield and even the core. 
7 Although these stray capacitances are 

of little concern with power and audio 
transformers, they become important as 
the frequency increases. In transform- 
ers for RF use, the stray capacitance can ` 
resonate with either the, leakage reac- 
tance or, at lower frequencies, with the 
winding reactances, L1 or L2, espe- 
cially under very light or zero loads. In 
the frequency region around resonance, 


‘transformers no longer exhibit the prop- 


erties formulated above or the imped- 
ance properties to be described below. 

‘Iron-core transformers also experi- 
ence losses within the core itself. Hys- 
teresis losses include the energy re- 
quired to overcome the retentivity of the 
core's magnetic material. Circulating 
currents through the core's resistance 


are eddy currents, which form part of 
` the total core losses. These losses, 


which add to the required magnetizing 
current, are equivalent to adding a re- 
sistance in parallel with L1 in Fig 6.79. 


Core Construction 

Audio and power transformers usually 
employ one or another grade of silicon 
steel as the core material. With perm- 
eabilities of 5000 or greater, these cores 
saturate at flux densities approaching 105 


` lines per square inch of cross section. The 


cores consist of thin insulated laminations 

to break up potential eddy current paths. 
Each core layer consists of an E and an 

I piece butted together, as represented in 


Fig 6.80. The butt point leaves a small gap. 


Since the pieces in adjacent layers have a 
continuous magnetic path, however, the 


.. flux density per unit of applied magnetic : 


force is increased and flux leakage re- 
duced. 

Two core shapes are in common use, as 
shown in Fig 6.81. In the shell type, both - 
windings are placed on the inner leg, while 
inthe core type the primary and secondary 
windings may be placed on separate legs, 
if desired. This is sometimes done when it 


' is necessary to minimize capacitive effects 


between the primary and secondary, or 
when one of the windings must operate at 
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very high voltage. 

The number of turns required in the pri- 
mary for a given applied voltage is deter- 
mined by the size, shape and type of core 
material used, as well as the frequency. 
The number of turns required is inversely 
proportional to the cross-sectional area of 
the core. As a rough indication, windings 
of small power transformers frequently 
have about six to eight turns per volt ona 
core of ]-square-inch cross section and 
have a magnetic path 10 or 12 inches in 
length. A longer path or smaller cross sec- 
tion requires more turns per volt, and vice 
versa. 

In most transformers the coils are 
wound in layers, with a thin sheet of 
treated-paper insulation between each 
layer. Thicker insulation is used between 
adjacent coils and between the first coil 
and the core. 


Shielding 


Because magnetic lines of force are con- 
tinuous and closed upon themselves, 
shielding requires a path for the lines of 
force of the leakage flux. The high-perme- 
ability of iron cores tends to concentrate 
the field, but additional shielding is often 
needed. As depicted in Fig 6.82, enclos- 
ing the transformer in a good magnetic 
material can restrict virtually all of the 
magnetic field in the outer case. The non- 
magnetic material between the case and 
the core creates a region of high reluc- 
tance, attenuating the field before it 
reaches the case. 


AUTOTRANSFORMERS 


The transformer principle can be used 
with only one winding instead of two, as 
shown in Fig 6.83A. The principles that 
relate voltage, current and impedance to 
the turns ratio also apply equally well. 
A one-winding transformer is called an 
autotransformer. The current in the 
common section (A) of the winding is 
the difference between the line (pri- 
mary) and the load (secondary) currents, 
since these currents are out of phase. 
Hence, if the line and load currents are 
nearly equal, the common section of the 
winding may be wound with compara- 
tively small wire. The line and load cur- 
rents will be equal only when the pri- 
mary (line) and secondary (load) 
voltages are not very different. 

Autotransformers are used chiefly for 
boosting or reducing the power-line 
voltage by relatively small amounts. Fig 
6.83B illustrates the principle schemati- 
cally with a switched, stepped au- 
totransformer. Continuously variable 
autotransformers are commercially 
available under a variety of trade names; 
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Space Occupied 
by Coil or Coils 


WEN 


Magnetic Material 


XX 


ALLY 


Nonmagnetic Material 


SSS 


Р 


VE 
MA 


ГЕ 


Fig 6.82 — A shielded transformer: the 
core plus an outer shield of magnetic 
material contain nearly all of the 
magnetic field. 


Variac and Powerstat are typical ex- 
amples. 

Technically, tapped air-core induc- 
tors, such as the one in the network in 
Fig 6.74 at the close of the discussion of 
resonant circuits, are also autotrans- 
formers. The voltage from the tap to the 
bottom of the coil is less than the volt- 
age across the entire coil. Likewise, the 
impedance of the tapped part of the 
winding is less than the impedance of 
the entire winding. Because leakage re- 
actances are great and the coefficient of 
coupling is quite low, the relationships 
true of a perfect transformer grow quite 
unreliable in predicting the exact val- 
ues. For this reason, tapped inductors 
are rarely referred to as transformers. 
The stepped-down situation in Fig 6.74 
is better approximated — at or close to 
resonance — by the formula 


2 
Rp = къ Хсом (111) 
X, 
where: 
Rp = tuned-circuit parallel-resonant im- 
pedance, 


R, = load resistance tapped across part 
of the coil, 

Xcom = reactance of the portion of the 
coil common to both the resonant 
circuit and the load tap, and 

X, = reactance of the entire coil. 


The result is approximate and applies only 
to circuits with a Q of 10 or greater. 


AIR-CORE RF TRANSFORMERS 


Air-core transformers often function as 
mutually coupled inductors for RF appli- 
cations. They consist of a primary wind- 
ing and a secondary winding in close prox- 


E Step down 
E INPUT LE 


E OUTPUT 


Fig 6.83 — The autotransformer is 
based on the transformer, but uses 
only one winding. The pictorial diagram 
at À shows the typical construction of 
an autotransformer. The schematic 
diagram at B demonstrates the use of 
an autotransformer to step up or step 
down ac voltage, usually to 
compensate for excessive or deficient 
line voltage. 


imity. Leakage reactances are ordinarily 
high, however, and the coefficient of cou- 
pling between the primary and secondary 
windings is low. Consequently, unlike 
transformers having a magnetic core, the 
turns ratio does not have as much signifi- 
cance. Instead, the voltage induced in the 
secondary depends on the mutual induc- 
tance. 


Nonresonant RF Transformers 


In a very basic transformer circuit 
operating at radio frequencies, such as in 
Fig 6.84A, the source voltage is applied to 
L1. Rg is the series resistance inherent in 
the source. By virtue of the mutual induc- 
tance, M, a voltage is induced in L2. A 
current flows in the secondary circuit 
through the reactance of L2 and the load 
resistance of Кү. Let X, 5 be the reactance 
of L2 independent of L1, that is, indepen- 
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Fig 6.84 — The coupling of a complex impedance back into the primary circuit of 
a transformer composed of nonresonant air-core inductors. 


Source 


Fig 6.85 — An air-core transformer circuit consisting of a resonant primary circuit 
and an untuned secondary. Rs and C, are functions of the source, while R, and C, 


are functions of the load circuit. 


dent of the effects of mutual inductance. 
The impedance of the secondary circuit is 
then: 


Zs = VR)? + Xiz? 


where: 
Zs = the impedance of the secondary 
circuit in ohms, 
Кү = the load resistance in ohms, and 
Xj = the reactance of the secondary in- 
ductance in ohms. 


(112) 


The effect of Za upon the primary circuit 
is the same as a coupled impedance in series 
with L1. Fig 6.84B displays the coupled 
impedance (Zp) in a dashed enclosure to 
indicate that it is not a new physical compo- 
nent. It has the same absolute value of phase 


angle as in the secondary impedance, but the 
sign of the reactance is reversed; it appears 
as a capacitive reactance. The value of Zp is: 


(2 mf м)? 
Zp = 27-1 
Р 75 (113) 
where: 
Zp = the impedance introduced into the 
primary, 


Zs = the impedance of the secondary cir- 
cuit in ohms, and 

2 n f M =the mutual reactance between 
the reactances of the primary and 
secondary coils (also designated as 
Xy). 


Resonant RF Transformers 


The use of at least one resonant circuit 
in place of a pair of simple reactances 
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eliminates the reactance from the trans- 
formed impedance in the primary. For 
loaded or operating Qs of at least 10, the 
resistances of individual components is 
negligible. Fig 6.85 represents just one of 
many configurations in which at least one 
of the inductors is in a resonant circuit. 
The reactance coupled into the primary 
circuit is cancelled if the circuit is tuned to 
resonance while the load is connected. If 
the reactance of the load capacitance, Cj, 
is at least 10 times any stray capacitance in 
the circuit, as is the case for low imped- 
ance loads, the value of resistance coupled 
to the primary is 
Xu R 
oer eas (114) 
X2° +R, 
where: 

R1 = series resistance coupled into the 

primary circuit, 

Хм = mutual reactance, 

Кү, = load resistance, and 

X2 = reactance of the secondary induc- 

tance. : 


The parallel impedance of the resonant 
circuit is just R1 transformed from a series 
to a parallel value by the usual formula, 
Rp = X? / RI. 

The higher the loaded or operating Q of 
the circuit, the smaller the mutual induc- 
tance required for the same power trans- 
fer. If both the primary and secondary cir- 
cuits consist of resonant circuits, they can 
be more loosely coupled than with a single 
tuned circuit for the same power transfer. 
At the usual loaded Q of 10 or greater, 
these circuits are quite selective, and con- 
sequently narrowband. 

Although coupling networks have to a 
large measure replaced RF transformer 
coupling that uses air-core transformers, 
these circuits are still useful in antenna 
tuning units and other circuits. For RF 
work, powdered-iron toroidal cores have 
generally replaced air-core inductors for 
almost all applications except where the 
circuit handles very high power or the coil 
must be very temperature stable. Slug- 
tuned solenoid coils for low-power cir- 
cuits offer the ability to tune the circuit 
precisely to resonance. For either type of 
core, reasonably accurate calculation of 
impedance transformation is possible. It 
is often easier to experiment to find the 
correct values for maximum power trans- 
fer, however. For further information on 
coupled circuits, see the section on Match- 
ing Networks in the Transceivers chap- 
ter. 


BROADBAND FERRITE RF 
TRANSFORMERS 


The design concepts and general theory 
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of ideal transformers presented earlier in 
this chapter apply also to transformers 
wound on ferromagnetic-core materials 
(ferrite and powdered iron). As is the case 
with stacked cores made of laminations in 
the classic I and E shapes, the core mate- 
rial has a specific permeability factor that 
determines the inductance of the windings 
versus the number of wire turns used. 

Toroidal cores are useful from a few 
hundred hertz well into the UHF spectrum. 
The principal advantage of this type of 
core is the self-shielding characteristic. 
Another feature is the compactness of a 
transformer or inductor. Therefore, toroi- 
dal-core transformers are excellent for use 
not only in dc-to-dc converters, where 
tape-wound steel cores are employed, but 
at frequencies up to at least 1000 MHz with 
the selection of the proper core material 
for the range of operating frequencies. 
Toroidal cores are available from micro- 
miniature sizes up to several inches in di- 
ameter. The latter can be used, as one ex- 
ample, to build a 20-kW balun for use in 
antenna systems. 

One of the most common ferromagnetic 
transformers used in Amateur Radio work 
is the conventional broadband trans- 
former. Broadband transformers with 
losses of less than 1 dB are employed in 
circuits that must have a uniform response 
over a substantial frequency range, such 
as a 2- to 30- MHz broadband amplifier. In 
applications of this sort, the reactance of 
the windings should be at least four times 
the impedance that the winding is designed 
to look into at the lowest design frequency. 

Example: What should be the winding 
reactances of a transformer that has a 
300.-Q primary and a 50.-Q secondary 
load? Relative to the 50.-Q secondary 
load: 


Xs = 475 = 4 x 50.0 = 200 Q. 
The primary winding reactance (Xp) is: 
Xp = 4 Zp = 4 x 300.0 = 1200 Q. 


The core-material permeability plays a 
vital role in designing a good broadband 
transformer. The effective permeability of 
the core must be high enough to provide 
ample winding reactance at the low end of 
the operating range. As the operating fre- 
quency is increased, the effects of the core 
tend to disappear until there are scarcely 
any core effects at the upper limit of the 
operating range. The limiting factors for 
high frequency response are distributed 
capacity and leakage inductance due to 
uncoupled flux. A high-permeability core 
minimizes the number of turns needed for 
a given reactance and therefore also mini- 
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mizes the distributed capacitance at high 
frequencies. 

Ferrite cores with a permeability of 850 
are common choices for transformers used 
between 2 and 30 MHz. Lower frequency 
ranges, for example, 1 kHz to 1 MHz, may 
require cores with permeabilities up to 
2000. Permeabilities from 40 to 125 are 
useful for VHF transformers. Conven- 
tional broadband transformers require re- 
sistive loads. Loads with reactive compo- 
nents should use appropriate networks to 
cancel the reactance. 

Conventional transformers are wound 
in the same manner as a power trans- 
former. Each winding is made from a 
separate length of wire, with one wind- 
ing placed over the previous one with 
suitable insulation between. Unlike 
some transmission-line transformer de- 
signs, conventional broadband trans- 
formers provide dc isolation between 
the primary and secondary circuits. The 
high voltages encountered in high-im- 
pedance-ratio step-up transformers may 
require that the core be wrapped with 
glass electrical tape before adding the 
windings (as an additional protection 
from arcing and voltage breakdown), 
especially with ferrite cores that tend to 
have rougher edges. In addition, high 
voltage applications should also use 
wire with high-voltage insulation and a 
high temperature rating. 

Fig 6.86 illustrates one method of 
transformer construction using a single 
toroid as the core. The primary of a step- 
down impedance transformer is wound 
to occupy the entire core, with the sec- 
ondary wound over the primary. The 
first step in planning the winding is to 
select a core of the desired permeabil- 
ity. Convert the required reactances de- 
termined earlier into inductance values 
for the lowest frequency of use. To find 
the number of turns for each winding, 
use the A, value for the selected core 
and equation 51 from the section on fer- 
rite toroidal inductors earlier in this 
chapter. Be certain the core can handle 
the power by calculating the maximum 
flux using equation 49, given earlier in 
the chapter, and comparing the result 
with the manufacturer’s guidelines. 

Example: Design a small broadband 
transformer having an impedance ratio of 
16:1 for a frequency range of 2.0 to 20.0 
MHz to match the output of a small-signal 
stage (impedance = 500 О) to the input 
(impedance = 32 ©) of an amplifier. 

1. Since the impedance of the smallest 
winding should be at least 4 times 
the lower impedance to be matched 
at the lowest frequency, X; = 4 х 
32 Q = 128 Q. 


Conventional Broadband 
Transformer 


(A) 


L1 — To Occupy Entire Core 
L2 — Wound Over L1 Winding 


(B) 


Fig 6.86 — Schematic and pictorial 
representation of a conventional 
broadband transformer wound on a 
ferrite toroidal core. The secondary 
winding (L2) is wound over the primary 
winding (L1). 


2. The inductance of the secondary 
winding should be Lg = X, /2 nf 
= 128 / (6.2832 x 2.0 x 106 Hz) = 
0.010 mH 

3. Select a suitable core. For this low- 
power application, a ?/s-inch ferrite 
core with a permeability of 850 is 
suitable. The core has an A, value 
of 420. Calculate the number of 
turns for the secondary. 


Ns = 1000. |-L- = 1000, 9-019 
m 420 


= 1000 x 0.0049 = 4.9 turns 


4. A 5-turn secondary winding should 
suffice. The primary winding de- 
rives from the impedance ratio: 


Z [16 
NP = №; | =5,|— =5 x 4 = 20 turns 
Zs 1 


This low power application will not ap- 
proach the maximum flux density limits 
for the core, and #28 enamel wire should 
both fit the core and handle the currents 
involved. 

A second style of broadband trans- 
former construction appears in Fig 6.87. 
The key elements in this transformer are 
the stacks of ferrite cores aligned with 
tubes soldered to pc-board end plates. This 
style of transformer is suited to high power 
applications, for example, at the input and 
output ports of transistor RF power ampli- 
fiers. Low-power versions of this trans- 
former can be wound on “binocular” cores 


dicar s 


having pairs of parallel holes through 
them. 

. Forfurtherinformation on conventional 
transformer matching using ferromagnetic 
materials, see the Matching Networks sec- 
tion in the Amplifiers chapter. Refer to 
the Component Data chapter for more 
detailed information on available ferrite 
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Toroids 


Brass Tube 


Brass Tube PC Boards 


` 


10-2 End 


Remove Copper’ . 


4 
(L2 ct) (both sides of PC board) | 


Solder all tube ends to copper foils. 


: Fig 6.87 — Schematic and pictorial 


representation of a “binocular” style of 


_ conventional broadband transformer. : 


This style is used frequently at the 
input and output ports of transistor RF 
amplifiers. It consists of two rows of 
high-permeability toroidal cores, with 
the winding passed through the center 
holes of the resulting stacks. 


Source 


МИЫ 


cores. A standard reference оп conven- 
tional broadband transformers using ferro- 
magnetic materials is Ferromagnetic Core 
Design and Applications Handbook by 
Doug -_DeMaw, WIFB, published by 
Prentice Hall. 


TRANSMISSION-LINE : 
TRANSFORMERS 


Conventional transformers use flux 


linkages to deliver energy to the output 


circuit. Transmission line transformers 
use transmission line modes of energy 
transfer between the input and the output 
terminals of the devices. Although toroi- 


, dal versions of these transformers physi- 


cally resemble toroidal conventional 
broadband transformers, the principles of - 


operations differ significantly. Stray in- 
ductances and interwinding capacitances 


form part of the characteristic impedance 
of the transmission line, largely eliminat- 
ing resonances that limit high frequency 
response. The limiting factors for trans- 
mission line transformers include line 
length,.deviations in the constructed line 
from the design value of characteristic 
impedance, and parasitic capacitances and 


inductances that are independent of the : 


characteristic impedance of the line. 

The losses in conventional transform- 
ers depend on current and include wire, 
eddy-current and hysteresis losses. In con- 
trast, transmission, line trarisformers ex- 
hibit voltage-dependent losses, which 
make higher impedances and higher 
VSWR values limiting factors in design. 
Within design limits, the cancellation of 
flux in the cores of transmission line trans- 
formers permits very high efficiencies 
across their passbands. Losses may be: 
lower than 0.1 dB with the proper core 
choice. \ | 

Transmission-line transformers сап be 


_configured for several modes of operation, 


but the chief amateur use is in baluns (bal- 
anced-to-unbalanced transformers) and in 


Fig 6.88 — Schematic representation of the basic Guanella “choke” balun or 1:1 
transmission line transformer. The inductors are a length of two-wire 
transmission line. Rs is the source impedance and R, is the load impedance. 


ununs (unbalanced-to-unbalanced trans- 
formers). The basic principle behind a 
balun appears in Fig 6.88, a representa- 
tion of the classic Guanella 1:1 balun. The 
input and output impedances аге ће same, 
but the output is balanced about a real'or ` 
virtual center point (terminal 5). If the 
characteristic impedance of the transmis- 
sion line forming the inductors with num- 


Бегей terminals equals the load imped- 


ance, then E2 will equal E1. With respect 
to terminal 5, the voltage at terminal 4 is 
E1 / 2, while the voltage at terminal 2 is 
-E1 / 2, resulting in a balanced output. 
The small losses in properly designed 
baluns of this order stem from the poten- 
tial gradient that exists along the length of 
transmission line forming the transformer. 
The value of this potential is -E1 / 2, and 
it forms: a dielectric loss that can't be 
eliminated. Although the loss is very small 
in well-constructed 1:1 baluns at low im- 
pedances, the losses climb as impedances 
climb (as in 4:1 baluns) and as the VSWR 


‚ climbs. Both conditions yield higher volt- 


age gradients. s 

The inductors in the.transmission-line 
transformer are equivalent to — and may 
be — coiled transmission line with a char- 
acteristic impedance equal to the load. 
They form a choke isolating the input from 
the output and attenuating undesirable 


.currents, such as antenna current, from the 


remainder of the transmission line to the 


energy source. The result is a current or 


choke balun. Such baluns may take many 


. forms: coiled transmission line, ferrite 


beads placed over a length of transmission 
line, windings on linear ferrite cores or 
windings on ferrite toroids. 
` Reconfiguring the windings of Fig 6.88 . 
can alter the transformer operation. For 
example, if terminal 2 is connected to ter- 
minal 3, a positive potential gradient ap- 
pears across the lengths of line, resulting 
in a terminal 4 potential of 2 E1 with re- 
spectto ground. If the load is disconnected 
from terminal 2 and reconnected to 
ground, 2 El appears across the load — 
instead of XE1 /-2. The product of this ex- 
periment is a 4:1 impedance ratio, form- 
ing an unun. The bootstrapping effect of 
the new connection is applicable to many 
other design configurations involving 
multiple windings to achieve custom im- 
pedance ratios from 1:1 up to 9:1. 

Balun and unun construction for the 
impedances of most concern to amateurs 
requires careful selection of the feed line 


‘used to wind the balun. Building transmis- 


sion line transformers on ferrite toroids 
may require careful attention to wire size 
and spacing to approximate a 50-Q line. 
Wrapping wire with polyimide tape (one 
or two coatings, depending upon the wire 
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size) and then glass taping the wires to- 
gether periodically produces a reasonable 
50-transmission line. Ferrite cores in the- 
permeability range of 125 to 250 are gen- 
erally optimal for transformer windings, 
with 1.25-inch cores suitable to 300-W 
power levels and 2.4-inch cores usable to 
the 5 kW level. Special designs may alter 
the power-handling capabilities of the core 
sizes. For the 1:1 balun shown in Fig 6.88, 
10 bifilar turns (#16 wire for the smaller 
core and #12 wire for the larger, both 
Thermaleze wire) yields a transformer 
operable from 160 to 10 m. 
Transmission-line transformers have 
their most obvious application to anten- 
nas, since they isolate the antenna currents 
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from the feed line, especially where a co- 
axial feed line is not exactly perpendicular 
to the antenna. The balun prevents antenna 
currents from flowing on the outer surface 
of the coax shielding, back to the trans- 
mitting equipment. Such currents would 
distort the antenna radiation pattern. Ap- 
propriately designed baluns can also trans- 
form impedance values at the same time. 
For example, one might use a 4:1 balun to 
match a 12.5-Q Yagi antenna impedance 
to a 50-0 feed line. A 4:1 balun might also 
be used to match a 75-Q TV antenna to 
300-Q feed line. 

Interstage coupling within solid-state 
transmitters represents another potential 
for transmission-line transformers. Broad- 


band coupling between low-impedance, 
but mismatched stages can benefit from 
the low losses of transmission-line trans- 
formers. Depending upon the losses that 
can be tolerated and the bandwidth 
needed, it is often a matter of designer 
choice between a transmission-line trans- 
former and a conventional broadband 
transformer as the coupling device. 

For further information on transmis- 
sion-line transformers and their applica- 
tions, see the Amplifiers chapter. Another 
reference on the subject is Transmission 
Line Transformers, second edition, by 
Jerry Sevick, W2FMI, published by the 
ARRL. : 


Digital Sig 
and 


Digital Fundamentals 


igital signal theory is an impor- 
tant aspect of Amateur Radio. 
With a knowledge of digital 
theory, there are many new worlds for the 
radio amateur to explore. Applications of 
digital signal theory include digital com- 
munications, code conversion, signal pro- 
cessing, station control, frequency synthe- 
sis, amateur satellite telemetry, message 
handling, word processing and other in- 
formation handling operations. 

This chapter, written by Christine 
Montgomery, KGOGN, presents digital- 
theory fundamentals and some applica- 
tions of that theory in Amateur Radio. The 
fundamentals introduce digital mathemat- 
ics, including number systems, logic de- 
vices and simple digital circuits. Next, the 
implementation of these simple circuits is 
explored in integrated circuits, their fami- 
lies and interfacing. Integrated circuits 
continue with memory chips and micro- 
processors, culminating in a synthesis of 
these components in the modern digital 
computer. Where possible, this chapter 
mentions Amateur Radio applications as- 
sociated with the technologies being dis- 
cussed, as well as pointers to other chap- 
ters that discuss such applications in 
greater depth. 


DIGITAL VS ANALOG 


An essential first step in understanding 
digital theory is to understand the differ- 


ence between a digital and an analog sig- 
nal. An analog value, a real number, has 
no end; for example, the number 1/3 is 
0.333... where the 3 can be repeated for- 
ever, or 3/4 equals 0.7500... with infinite 
repeated Os. A digital approximation of an 
analog number breaks the real number line 
into discrete steps, for example the inte- 
gers. This process of approximating a 
value with discrete steps either truncates 
or rounds an analog value to some number 
of decimal places. For example, rounding 
1/3 to an integer gives 0 and rounding 3/4 
gives 1. 

For a simple physical example, look at 
your wristwatch. A watch with a face — 
with the hands of the watch rotating in a 
continuous, smooth motion — is an ana- 
log display. Here, the displayed time has a 
continuous range of values, such as from 


‚ 12:00 exactly to 12:00 and 1/3 second or 


any values in between. In contrast, a watch 
with a digital display is limited to discrete 
states. Here the displayed time jumps from 
12:00 and 0 seconds to 12:00 and 1 sec- 
ond, without showing the time in between. 
(A watch with a second hand that jerks 
from one second to another could also fit 
the digital analogy.) 

In the digital watch example, time is 
represented by ten distinct states (0, 1, 2, 
3, 4, 5, 6, 7, 8 and 9). Digital electronic 
signals, however, will usually be much 
more limited in the number of states al- 
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Analog Signal 


Digital 
Approximations 


Fig 7.1 — An analog signal and its 
digital approximation. Note that the 
analog waveform has continuously 
varying voltage while the digital 
waveform is composed of discrete 
steps. 


lowed. Binary, the most common system, 
has only two states: 0 and 1. Ternary (3 
states), quaternary (4 states) and other 
digital systems also exist. Fig 7.1 illus- 
trates the contrast of an analog signal (in 
this case a sine wave) and its digital ap- 
proximation. 

While the focus in this chapter will be 
on digital theory, many circuits and sys- 
tems involve borh digital and analog com- 
ponents. Often, a designer may choose 
between using digital technology, analog 
technology or a combination. 


7.1 


Number Systems 


In order to understand digital electron- 
ics, you must first understand the digital 
numbering system. Any number system 
has two distinct characteristics: a set of 
symbols (digits or numerals) and a base or 
radix. A number is a collection of these 
digits, where the left-most digit is the most 
significant digit (MSD) and the right-most 
digit is the least significant digit (LSD). 
The value of this number is a weighted 
sum of its digits. The weights are deter- 
mined by the system’s base and the digit’s 
position relative to the decimal point. 

While these definitions may seem 
strange with all the technical terms, they 
will be more familiar when seen in a deci- 
mal system example. This is the “tradi- 
tional” number system we are all familiar 
with. 


DECIMAL 


The decimal system is a base-10 sys- 
tem, with ten symbols: (0, 1, 2, 3, 4, 5, 6, 
7, 8, 9). In the decimal number, 548.21, 
the digits are 5, 4, 8, 2 and 1, where 5 is the 
most significant digit since it is positioned 
to the far left and 1 is the least significant 
digit since it is positioned to the far right. 
The value of this number is a weighted 
sum of its digits, as shown in Table 7.1. 

The weight of a position is the system’s 
base raised to a power, 10Р with the power 
determined by the position relative to the 
decimal. For example, digit 8, immedi- 


ately to the left of the decimal, is at posi- 
tion 0; therefore, its weight factor is 100 = 
1. Similarly, digit 5 is 2 positions to the 
left of the decimal and has a weight factor 
102 =100. The value of the number is the 
sum of each digit times its weight. 


BINARY 


Binary is a base-2 number system that is 
limited to two symbols: {0, 1}. The weight 
factors are now powers of 2, like 2°, 2! and 
22, For example, the decimal number, 163 
and its equivalent binary number, 
10100011, are shown in Table 7.2. 

The digits of a binary number are now 
bits (short for binary digit). The MSD is 
the most significant bit (MSB) andthe LSD 
is the least significant bit (LSB). Four bits 
make a nibble and two nibbles, or eight 
bits, make a byte. A word can consist of 
two or four bytes, and two words (a most 
significant word, MSW, and a least sig- 
nificant word, LSW) is sometimes called a 
longword. These groupings are useful 
when converting to hexadecimal notation, 
which is explained later. 


OCTAL 


Octal is a base-8 number system, using 
the symbols (0,1,2,3,4,5,6,7). The weight 
factors are now powers of 8, such as 8°, 8! 
and 82. For example, the decimal number 
163 is equivalent to octal 243. 

Since 23 =8, itis easy to switch between 
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Table 7.1 
Decimal Numbers 
Digit Weight Position 


548.21 = 5(102) + 4(101) +  8(100 + 2(10-1) +  1(102) 
= 5(100) + 4(10 + 8(1) + 2(0.1) + 1(0.01) 
= 500 + 40 + 8 + 0.2 + 0.01 
=" D 4 8 * 2 1 
MSD decimal LSD 
—————— —————'»"-—-—-—————— G.€ 
I 
Table 7.2 
Decimal and Binary Number Equivalents 
163 = 128 + 0 + 32 +0 + 0 + 0 + 2 + 1 
= 1(128) + 0(64) + 1(32) + 0(16) + 0(8) + 0(4) + 1(2) + 1(1) 
= 1(27) + 0(26) + 1(25) + 0(24) + 0(23) + 0(22) + 1(21) + 1(29) 
10100011 = 1 0 1 0 0 0 1 1 
MSB LSB 
| Es | | 
Nibble Nibble 
| M | 
Вуїе 
______ _—_-——————-——————————— 
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binary and octal just by viewing the binary 
number in groups of 3. (Add a leading Ооп 
the left most group, if the number of digits 
doesn't divide evenly into groups of 
three.) 


HEXADECIMAL 


The hexadecimal, or hex, base-16 num- 
ber system uses both numbers and charac- 
ters in its set of sixteen symbols: 
(0,1,2,3,4,5,6,7,8,9, A, B, C,D,E,F). Here, 
the letters A to F have the decimal equiva- 
lents of 10 to 15 respectively: A210, B=11, 
C=12, D=13, E=14 and F=15. Again, the 
weights are powers of the base, such as 
16°, 16! and 162. The decimal number 163 
is equivalent to hex A3. 


CONVERSION TECHNIQUES 


An easy way to convert a number from 
decimal to another number system is to do 
repeated division, recording the remain- 
ders in a tower just to the right. The con- 
verted number, then, is the remainders, 
reading up the tower. This technique is 
illustrated in Table 7.3 for hexadecimal, 
octal and binary conversions of the deci- 
mal number 163. 

For example, to convert decimal 163 to 
hex, repeated divisions by 16 are per- 
formed. The first division gives 163/16 = 
10 remainder 3. The remainder 3 is written 
in a column to the right. The second divi- 
sion gives 10 / 16 = 0 remainder 10. Since 
10 decimal = A hex, A is written in the 
remainder column to the right. This divi- 
sion gave a divisor of 0 so the process is 
complete. Reading up the remainders col- 
umn, the result is A3. The most common 
mistake in this technique is to forget that 
the Most Significant Digit ends up at the 
bottom. 

Using the repeated division for binary 
is rather cumbersome, since the tower 
quickly grows large. Combining this tech- 
nique with the grouping technique dis- 
cussed earlier should make conversions 
fairly easy. Simply perform the tower di- 


decimal 


binary 


vision on one of the larger numbers, such 
as hexadecimal 16, then use grouping to 
put the result into binary form. 

Another technique that should be briefly 
mentioned can be even easier: get a calcu- 
lator with a binary and/or hex mode op- 
tion. One warning for this technique: this 
chapter doesn’t discuss negative binary 
numbers. If your calculator does not give 
you the answer you expected, it may have 
interpreted the number as negative. This 
would happen when the number’s binary 
form has a 1 in its MSB, such as the high- 
est (leftmost) bit for the binary mode's 
default size. To avoid learning about nega- 
tive binary numbers, always use a leading 
0 when you enter a number in binary or 
hex into your calculator. 


BINARY CODED DECIMAL (BCD) 


Scientists have experimented with 
many devices out of a desire for fast com- 
putations. The first generation computers 
were born when J. Vincent Atanasoff de- 
cided to use binary numbers instead of 
decimal to do his computations. A binary 
number system representation is the most 
appropriate form for internal computa- 
tions since there is a direct mathematical 
relationship for every bit in the number. 
To interface with a user — who usually 
wants to see I/O in terms of decimal num- 
bers — other codes are more useful. The 
Binary Coded Decimal (BCD) system is 
the simplest and most widely used form 
for inputs and outputs of user-oriented 
digital systems. | | 

In the Binary Coded Decimal (BCD) 
system, each decimal digit is expressed as 
a corresponding 4-bit binary number. In 
other words, the decimal digits 0 to 9 are 
encoded as the bit strings 0000 to 1001. To 


Table 7.3 
Number System Conversions 
Hex Remainder Octal Remainder Binary Remainder 
16 1163 8 1163 2 1163 
10 3 120 3 181 1 LSB 
10 A 12 4 140 1 
10 2 120 0 
110 0 
15 0 
12 1 
11 0 
10 1 MSB 
A3 hex 243 octal 1010 0011 binary 


ey 
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Table 7.4 


Binary Coded Decimal Number Conversion 


0 0 0 1 0 1 1 0 0 0 1 1 BCD 
| | | | | | 
Е 1(20) 1(22) + 1(21) 1(21)+ 1(29) 
= (1) (4 + 2) (2 + 1) 
163 = 1 6 3 decimal 


———————————————————— 


make the number easier to read, a space is 
left between each 4-bit group. For ex- 
ample, the decimal number 163 is equiva- 
lent to the BCD number 0001 0110 0011, 
as shown in Table 7.4. 

A generic code could use any n-bit 
string to represent a piece of information. 
BCD uses 4 bits because that is the mini- 
mum needed to represent a 9. All four bits 
are always written; even a decimal 0 is 
written as 0000 in BCD. 

The important difference between BCD 
and the previous number systems is that, 
starting with decimal 10, BCD loses the 


standard mathematical relationship of a 
weighted sum. Instead of using the 4-bit 
code strings 1010 to 1111 for decimal 10 
to 15, BCD uses 0001 0000 to 0001 0101. 
There are other n-bit decimal codes in use 
and, even for specifically 4 bits, there are 
millions of combinations to represent the 
decimal digits 0-9. BCD is the simplest 
way to convert between decimal and a bi- 
nary code, thus it is the ideal form for I/O 
interfacing. The binary number system, 
since it maintains the mathematical rela- 
tionship between bits, is the ideal form for 
the computer's internal computations. 


Physical Representation Of Binary States 


STATE LEVELS 


Most digital systems use the binary 
number system because many simple 
physical systems are most easily described 
by two state levels (0 and 1). For example, 
the two states may represent “on” and 
"off," a punched hole or the absence of a 
hole in paper tape or a card, or a “mark” 
and “space” in a communications trans- 
mission. In electronic systems, state lev- 
els are physically represented by voltages. 
A typical choice is 


stateO=0V 
state 1=5 V 


Since it is unrealistic to obtain these 


exact voltage values, a more practical 
choice is a range of values, such as 


state 0 = 0.0 to 0.4 V 
state 1 2 2.4 to 5.0 V 


Fig 7.2 illustrates this representation of 
states by voltage levels. The undefined 
region between the two binary states is 
also known as the transition region or 
noise margin. 


Transition Time 


The gap in Fig 7.2, between binary 0 
and binary 1, shows that a change in state 
does not occur instantly. There is a transi- 
tion time between states. This transition 
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Undefined 


Fig 7.2 — Representation of binary 
States 1 and 0 by a selected range of 
voltage levels. 


time is a result of the time it takes to charge 
or discharge the stray capacitance in wires 
and other components because voltage 
cannot change instantaneously across a 
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capacitor. (Stray inductance in the wires 
also has an affect because the current 
through an inductor can’t change instanta- 
neously.) The transition from a 0 to a 1 
state is called the rise time. Similarly, the 
transition from a 1 to a 0 state is called the 
fall time. Note that these times need not be 
the same. Fig 7.3A shows an ideal signal, 
or pulse, with zero-time switching. Fig 
7.3B shows a typical pulse, as it changes 
between states in a smooth curve. 

Rise and fall times vary with the logic 
family used and the location in a circuit. 
Typical values of transition time are in the 
microsecond to nanosecond range. In a 
circuit, distributed inductances and ca- 
pacitances in wires or PC-board traces 
may cause rise and fall times to increase as 
the pulse moves away from the source. 


Propagation Delay 


Rise and fall times only describe a rela- 
tionship within a pulse. For a circuit, a 
pulse input into the circuit must propagate 
through the circuit; in other words it must 
pass through each component in the cir- 
cuit until eventually it arrives at the circuit 
output. The time delay between providing 
an input to a circuit and to seeing a re- 
sponse at the output is the propagation 


Time——> 


(A) 


Rise Time Fail Time 


NES 


Fig 7.3 — (A) An ideal digital pulse and 
(B) a typical actual pulse, showing the 
gradual transition between states. 


delay, and is illustrated by Fig 7.4. 

For modern switching logic, typical 
propagation delay values are in the 1 to 15 
nanosecond range. (It is useful to remem- 
ber that the propagation delay along a wire 


Combinational Logic 


Having defined a way to use voltage 
levels to physically represent digital 
numbers, we can apply digital signal 
theory to design useful circuits. Digital 
circuits combine binary inputs to produce 
a desired binary output or combination of 
outputs. This simple combination of Os 
and 1s can become very powerful, imple- 
menting everything from simple switches 
to powerful computers. 

A digital circuit falls into one of two 
types: combinational logic or sequential 
logic. In a combinational logic circuit, the 
output depends only on the present inputs. 
(If we ignore propagation delay.) In con- 
trast, in a sequential logic circuit, the out- 
put depends on the present inputs, the pre- 
vious sequence of inputs and often a clock 
signal. John F. Wakerly, on page 147 of 
Digital Design Principles and Practices, 
described this difference as follows: "The 
rotary channel selector knob on an inex- 
pensive TV is like a combinational circuit 
— its ‘output’ selects a channel based only 
on the current position of the knob ('in- 
put’). In contrast, the channel selector 
controlled by the up [+] and down [-] 
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pushbuttons on a fancy TV or VCR is a 
sequential circuit — the channel selection 
depends on the past sequence of up/down 
pushes...as far back as when you first 
powered-up the device." 

The next section discusses combina- 
tional logic circuits. Later, we will build 
sequential logic circuits from the basics 
established here. 


BOOLEAN ALGEBRA AND THE 
BASIC LOGICAL OPERATORS 


Combinational circuits are composed of 
logic gates, which perform binary opera- 
tions. Logic gates manipulate binary num- 
bers, so you need an understanding of the 
algebra of binary numbers to understand 
how logic gates operate. Boolean algebra 
is the mathematical system to describe and 
design binary digital circuits. It is named 
after George Boole, the mathematician 
who developed the system. Standard alge- 
bra has a set of basic operations: addition, 
subtraction, multiplication and division. 
Similarly, Boolean algebra has a set of 
basic operations, called logical opera- 
tions: NOT, AND and OR. 
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Fig 7.4 — Propagation delay in a digital 
circuit. 


or printed-circuit-board trace is about 1.0 
to 1.5 ns per inch.) Propagation delay is 
the result of cumulative transition times as 
well as transistor switching delays, reac- 
tive element charging times and the time 
for signals to travel through wires. In com- 
plex circuits, different propagation delays 
through different paths can cause prob- 
lems when pulses must arrive somewhere 
at exactly the same time. Solutions to this 
timing problem include adding a buffer 
amplifier to the circuit and synchroniza- 
tion of circuits. These are discussed in 
later sections. 


The function of these operators can be 
described by either (A) a Boolean equa- 
tion or (B) a truth table. A Boolean equa- 
tion describes an operator’s function by 
representing the inputs and the operations 
performed on them. An equation is of the 
form “B = A,” while an expression is of 
the form “A.” In an assignment equation, 
the inputs and operations appear on the 
right and the result, or output, is assigned 
to the variable on the left. 

A truth table describes an operator’s 
function by listing all possible inputs and 
the corresponding outputs. Truth tables 
are sometimes written with Ts and Fs (for 
true and false) or with their respective 
equivalents, 1s and 05. In company 
databooks (catalogs of logic devices a 
company manufactures), truth tables are 
usually written with Hs and Ls (for high 
and low). In the figures, 1 will mean high 
and 0 will mean low. This representation 
is called positive logic. The meaning of 
different logic types and why they are use- 
ful is discussed in a later section. 

Each Boolean operator also has two cir- 
cuit symbols associated with it. The tradi- 


tional symbol — used by ARRL and other 
US publications — appears on top in each 
of the figures; for example, the triangle 
and bubble for the NOT function in 
Fig 7.5. In the traditional symbols, a small 
circle, or bubble, always represents 
“NOT.” (This bubble is called a state indi- 
cator.) Appearing just below the tradi- 
tional symbol is the newer ANSI/IEEE 
Standard symbol. This symbol is always a 
square box with notations inside it. In 
these newer symbols, a small flag repre- 
sents “NOT.” The new notation is an at- 
tempt to replace the detailed logic draw- 
ing of a complex function with a simpler 
block symbol. 

Figs 7.5, 7.6 and 7.7 show the truth 
tables, Boolean algebra equations and cir- 
cuit symbols for the three basic Boolean 
operations: NOT, AND and OR. All combi- 
national logic functions, no matter how 
complex, can be described in terms of 
these three operators. 

The NOT operation is also called inver- 
sion, negation or complement. The circuit 
that implements this function is called an 
inverter or inverting buffer. The most 
common notation for NOT is a bar over a 
variable or expression. For example, NOT 
Ais denoted A. This is read as either “Not 
A” or as “A bar.” A less common notation 
is to denote Not A by A’, which is read as 
“A prime.” 

While the inverting buffer and the 
noninverting buffer covered later have 
only one input and output, many combina- 
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Fig 7.6 — Two-input AND gate. 


tional logic elements can have multiple 
inputs. When a combinational logic ele- 
ment has two or more inputs and one out- 
put, it is called a gate. (The term “gate” 
has many different but specific technical 
uses. For a clarification of the many defi- 
nitions of gate, see the section on 
Synchronicity and Control Signals, later 
in this chapter.) For simplicity, the figures 
and truth tables for multiple-input ele- 
ments will show the operations for only 
two inputs, the minimum number. 

The output of an ann function is 1 only 
if all of the inputs are 1. Therefore, if any 
of the inputs are 0, then the output is 0. The 
notation for an AND is either a dot (e) be- 
tween the inputs, as in C = AeB, or nothing 
between the inputs, as in C = AB. Read 
these equations as “С equals A AND B." 

The oR gate detects if one or more in- 
puts are 1. In other words, if any of the 
inputs are 1, then the output of the OR gate 
is 1. Since this includes the case where 
more than one input may be 1, the or op- 
eration is also known as an INCLUSIVE OR. 
The OR operation detects if at least one 
input is 1. Only if all the inputs are 0, then 
the output is 0. The notation for an OR is a 
plus sign (+) between the inputs, as in C = 
A + В. Read this equation as “С equals A 
OR B." 


Other Common Gates 


More complex logical functions are 
derived from combinations of the basic 
logical operators. These operations — 
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Fig 7.8 — Two-input NAND gate. 


Digital Signal Theory and Components 


NAND, NOR, ХОК, XNOR and the 
noninverter — are illustrated in Figs 7.8 
through 7.12 respectively. As before, each 
is described by a truth table, Boolean alge- 
bra equation and circuit symbols. Also as 
before, except for the noninverter, each 
could have more inputs than the two illus- 
trated. 
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Fig 7.10 — Two-input XOR gate. 
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Fig 7.11 — Two-input XNOR gate. 
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Fig 7.12 — Noninverting buffer 
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The NAND gate (short for NOT AND) is 
equivalent to an AND gate followed by a 
NOT gate. Thus, its output is the comple- 
ment of the AND output: The output is a 0 
only if all the inputs are 1. If any of the 
inputs is O, then the output is a 1. 

The NOR gate (short for NOT OR) is 
equivalent to an OR gate followed by a 
NOT gate. Thus, its output is the comple- 
ment of the OR output: If any of the inputs 
are 1, then the output is a 0. Only if all the 
inputs are 0, then the output is a 1. 

The operations so far enable a designer 
to determine two general cases: (1) if all 
inputs have a desired state or (2) if at least 
one input has a desired state. The XOR and 
XNOR gates enable a designer to determine 
if one and only one input of a desired state 
is present. 

The XOR gate (read as EXCLUSIVE OR) 
has an output of 1 if one and only one of 
the inputs is a 1 state. The output is 0 
otherwise. The symbol for XOR is ®. This 
is easy to remember if you think of the “+” 


uses of a noninverter include (A) provid- 
ing sufficient current to drive a number of 
gates, (B) interfacing between two logic 
families, (C) obtaining a desired pulse rise 
time and (D) providing a slight delay to 
make pulses arrive at the proper time. 


BOOLEAN THEOREMS 


The analysis of a circuit starts with a 
logic diagram and then derives a circuit 
description. In digital circuits, this de- 
scription is in the form of a truth table or 
logical equation. The synthesis, or design, 
of a circuit goes in the reverse: starting 
with an informal description, determining 
an equation or truth table and then expand- 
ing the truth table to components that will 
implement the desired response. In both 
of these processes, we need to either sim- 


plify or expand a complex logical equa- 
tion. 

To manipulate an equation, we use 
mathematical theorems. Theorems are 
statements that have been proven to be 
true. The theorems of Boolean algebra are 
very similar to those of standard algebra, 
such as commutativity and associativity. 
Proofs of the Boolean algebra theorems 
can be found in an introductory digital 
design textbook. 


Basic Theorems 


Table 7.5 lists the theorems for a single 
variable and Table 7.6 lists the theorems 
for two or more variables. These tables 
illustrate the principle of duality exhibited 
by the Boolean theorems: Each theorem 
has a dual in which, after swapping all 


Table 7.5 


Boolean Algebra Single Variable Theorems 


OR symbol enclosed in an “О” for only Identities: A*1-A A+0=A 
one. Null elements: A*0z0 A+1=1 
The XOR gate is also known as a “half !детроїепсе: A*A=A A+A=A 
adder,” because in binary arithmetic it репе: ine " А + А= 1 
does everything but the “carry” operation. Ne: Al = 
The following examples show the possible 
binary additions for a two-input XOR. 
E О: | Table 7.6 
0 т 1 0 Boolean Algebra Multivariable Theorems 
The XNOR gate (read as EXCLUSIVE  Commutativity; А •В = В•А 
NOR) is the complement of the XOR gate. A+B=B+A 
The output is 0 if one and only one of the Associativity: (A • B) ° C = A e (B ° С) 
inputs is a 1. The output is 1 either if all (A+B)+C=A+(B+C) 
inputs are 0 or more than one input is 1. —Distributivity; (A+B)*(A+C)=A+BeC 
А°В+А•С=А°• (В + С) 
Noninverter Covering: А • (А + В) = А 
А noninverter, also known as а buffer, A*A*B-A 
amplifier от driver, at first glance does not | Combining: (A+B)*(A+B)=A 
seem to do anything. It simply receives an А'В+А*В=А » 
input and produces the same output. In Consensus: AeB+A2C+BeC=AeB+AeC 
reality, it is changing other properties of (А + В) * (A + C) * (B + C) 
the signal in a useful fashion, such as = (A+B)*(A+C) 
amplifying the current level. The practical 
Table 7.7 
DeMorgan’s Theorem 
(A) AeB=A+B 
(B) А+В=А*В 
(С) 
0 (23) (9 (4) (5) (6) (7) (8) (9) _ _(10) 
А B A B A*B AeB A+B A+B A*B A+B 
0 0 1 1 0 1 0 1 1 1 
0 1 1 0 0 1 1 0 0 1 
1 0 0 1 0 1 1 0 0 1 
1 1 0 0 1 0 1 0 0 0 


(A) and (B) are statements of DeMorgan’s Theorem. The truth table at (C) is proof of these statements: (A) is proven by the 
equivalence of columns 6 and 10 and (B) by columns 8 and 9. 
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ANDS with ORs and all 1s with Os, the state- 
ment is still true. 

The tables also illustrate the precedence 
of the Boolean operations: the order in 
which operations are performed when not 
specified by parenthesis. From highest to 
lowest, the precedence is NOT, AND then 
OR. For example, the distributive law in- 


cludes the expression “A + BeC." This is . 


equivalent to “A + (BeC)." The parenthe- 
sis around (BeC) can be left out since an 
AND operation has higher priority than an 
OR operation. Precedence for Boolean al- 
gebra is similar to the convention of stan- 
dard algebra: raising to a power, then 
multiplication, then addition. 


DeMorgan's Theorem 


One of the most useful theorems in 
Boolean algebra is DeMorgan's Theorem: 


A *B-4A +В and its dual A+ B-A B. The 
truth table in Table 7.7 proves these state- 
ments. DeMorgan's Theorem provides a 
way to simplify the complement of a large 
expression. It also enables a designer to 
interchange a number of equivalent gates, 
as shown by Fig 7.13. 

The equivalent gates show that the du- 
ality principle works with symbols the 
same as it does for Boolean equations: just 
Swap ANDs with. ORs and switch the 
bubbles. For example, the NAND gate — 
an AND gate followed by an inverter 
bubble — becomes an OR gate preceded 
by two inverter bubbles. DeMorgan's 
Theorem is important because it means 
` any logical function can be implemented 
. using either inverters and AND gates or 
inverters and OR gates. Also, the ability to 
change placement of the bubbles using 
DeMorgan's theorem is useful in dealing 
with mixed logic, to be discussed next. 


POSITIVE AND NEGATIVE LOGIC 


Thé truth tables shown in the figures in 
this chapter are drawn for positive logic. 
In positive logic, or high true, a higher 
voltage means true (logic 1) while a lower 
voltage means false (logic 0). This is also 
referred to as active high: a signal per- 
forms a named action or denotes a condi- 
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Fig 7.13 — Equivalent gates from 
DeMorgan’s Theorem: Each gate in 
column A is equivalent to the opposite 
gate in column B. The Boolean 
equations in column C formally state 
the equivalencies. ' 


tion when it is “high” or 1. In negative 


- logic, or low true, a lower voltage means 


true (1) and a hiġher voltage means false 
(0). An active low signal performs an ac- 
tionor denotes a condition when itis “low” 
or 0. 

In both logic types, true = 1 and false = 
0; but whether true means high or low dif- 
fers. Company databooks are drawn for 


- general truth tables: an “Н” for high and 


an “Г” for low. (Some tables also have an 
“X” for a “don’t care” state.) The function 
of the table can differ depending on 
whether it is interpreted for positive logic 
or negative logic. Fig 7.14 shows how а 
general truth table differs when inter- 
preted for different logic types. The same 
truth table gives two equivalent gates: 
positive logic gives the function of aNAND 
gate while negative logic gives the func- 


: tion of a NOR gate. 


Note that these gates correspond to the 
equivalent gates from DeMorgan's theo- 
rem. A bubble on an input or output termi- 
nal indicates an active low device. The 


ГА 
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(C) 
True=1=High True=1=Low 


Fig 7.14 — (A) A general truth table, (B) 


- a truth table and NAND symbol for 


positive logic and (C) a truth table and 


'NoR Symbol for negative logic . 


absence of bubbles indicates an active 
high device. 

Like the bubbles, signal names can be 
used to indicate logic states. These names 
can aid the understanding of a circuit by 
indicating control of an action (GO, /EN- 
ABLE) or detection of a condition 
(READY, /ERROR). The action or condi- 
tion occurs when the signal is in its active 
state. When a signal is in its active state, it 
is called asserted; a signal not in its active 
state is called negated or deasserted. A 
prefix can easily indicate a signal's active 
state: active low signals are preceded by a 
"/," like /READY, while active high sig- 
nals have no prefix. Standard practice is 
that the signal name and input pin match 
(have the same active level). For example, 
an input with a bubble (active low) may be 
called /READY while an input with no 
bubble (active high) is called READY. 
Output signal names should always match 
the device output pin. 

In this chapter, positive logic is used 
unless indicated otherwise. Although us- 
ing mixed logic can be confusing, it does. 
have some advantages. Mixed logic com- 
bined with DeMorgan’s Theorem can pro- 
mote more effective use of available gates. 
Also, well-chosen signal names and place- 
ment of bubbles can promote more under- 
standable logic diagrams. 
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Sequential Logic 


The previous section discussed combi- 
national logic, whose outputs depend only 
on the present inputs. In contrast, in 
sequential logic circuits, the new output 
depends not only on the present inputs but 
also on the present outputs. The present 
outputs depended on the previous inputs 
and outputs and those earlier outputs de- 
pended on even earlier inputs and outputs 
and so on. Thus, the present outputs de- 
pend on the previous sequence of inputs 
and the system has memory. Having the 
outputs become part of the new inputs is 
known as feedback. 

This section first introduces a number 
of terms necessary to understand sequen- 
tial logic: types of synchronicity, types of 
control signals and ways to illustrate cir- 
cuit function. Numerous sequential logic 
circuits are then introduced. These circuits 
provide an overview of the basic sequen- 
tial circuits that are commercially avail- 
able. Depending on your approach to 
learning, you may choose to either (1) read 
the material in the order presented, defini- 
tions then examples, or (2) start with the 
example circuits, which begin with the 
flip-flop, referring back to the definitions 
as needed. 


SYNCHRONICITY AND CONTROL 
SIGNALS 


When acombinational circuit is givena 
set of inputs, the outputs take on the ex- 
pected values after a propagation delay 
during which the inputs travel through the 
circuit to the output. In a sequential cir- 
cuit, however, the travel through the cir- 
cuit is more complicated. After applica- 
tion of the first inputs and one propagation 
delay, the outputs take on the resulting 
state; but then the outputs start trickling 
back through and, after a second propaga- 
tion delay, new outputs appear. The same 
happens after a third propagation delay. 
With propagation delays in the nanosec- 
ond range, this cycle around the circuit is 
rapidly and continually generating new 
outputs. A user needs to know when the 
outputs are valid. 

There are two types of sequential cir- 
cuits: synchronous circuits and asynchro- 
nous circuits, which are analyzed differ- 
ently for valid outputs. In asynchronous 
operation, the outputs respond to the in- 
puts immediately after the propagation 
delay. To work properly, this type of cir- 
cuit must eventually reach a stable state: 
the inputs and the fed back outputs result 
in the new outputs staying the same. When 
the nonfeedback inputs are changed, the 
feedback cycle needs to eventually reach a 
new stable state. 
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In synchronous operation, the outputs 
change state only at specific times. These 
times are determined by the presence of a 
particular input signal: a clock, toggle, 
latch or enable. Synchronicity is impor- 
tant because it ensures proper timing: all 
the inputs are present where needed when 
the control signal causes a change of state. 

Some authors vary the meanings 
slightly for the different control signals. 
The following is a brief illustration of 
common uses, as well as showing uses for 
noun, verb and adjective. Enabling a cir- 
cuit generally means the control signal 
goes to its asserted level, allowing the cir- 
cuit to change state. Latch implies 
memory: (noun) a circuit that stores a bit 
of information or (verb) to hold at the same 
output state. Gate has many meanings, 
some unrelated to synchronous control: 
(A) a signal used to trigger the passage of 
other signals through a circuit (for ex- 
ample, “A gate circuit passes a signal only 
when a gating pulse is present."), (B) any 
logic circuit with two or more inputs and 
one output (used earlier in this chapter) or 
(C) one of the electrodes of an FET (as 
described in the Analog Signals and 
Components chapter). To toggle means a 
signal changes state, from 1 to 0 or vice 
versa. A clock signal is one that toggles at 
a regular rate. 

Clock control is the most common 
method, so it has some additional terms, 
illustrated by Fig 7.15. The clock period is 
the time between successive transitions in 
the same direction; the clock frequency is 
the reciprocal of the period. A pulse or 
clock tick is the first edge in a clock pe- 
riod, or sometimes the period itself or the 
first half of the period. The duty cycle is 
the percentage of time that the clock sig- 
nal is at its asserted level. 

The reaction of a synchronous circuit to 
its control signal is static or dynamic. 
Static, gated or level-triggered control 
allows the circuit to change state when- 
ever the control signal is at its active or 
asserted level. Dynamic, or edge-trig- 
gered, control allows the circuit to change 
state only when the control signal changes 
from unasserted to asserted. By conven- 
tion, a control signal is active high if state 
changes occur when the signal is high or at 
the rising edge and active low in the oppo- 
site case. Thus, for positive logic, the con- 
vention is enable = | or enable goes from 
О to 1. This transition from 0 to 1 is called 
positive edge-triggered and is indicated by 
a small triangle inside the circuit box. A 
circuit responding to the opposite transi- 
tion, from 1 to 0, is called negative edge- 
triggered, indicated by a bubble with the 


triangle. Whether a circuit is level-trig- 
gered or edge-triggered can affect its out- 
put, as shown by Fig 7.16. Input D in- 
cludes a very brief pulse, called a glitch, 
which may be caused by noise. The differ- 
ing results at the output illustrate how 
noise can cause errors. 


ILLUSTRATING CIRCUIT 
FUNCTION 


Since the action of sequential circuits is 
more complex, many ways have been de- 
veloped to examine circuit function. 
Fig 7.17 shows an example for each type 
of table or diagram. Each type has advan- 
tages and disadvantages. 


State Transition Tables 
Describing a sequential circuit with the 


ty or te= tactive 
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period 


Fig 7.15 — Clock signal terms. The 
duty cycle would be t, / tperion for an 
active high signal and t, / tperion for an 
active low signal. 


Q (Output) 
for Gated FF 


(D) 
Q (Output) 
for Edge— 
Triggered FF 


Fig 7.16 — Level-triggered vs edge- 
triggered for a D flip-flop: (A) input D, 
(B) clock input, (C) output Q for level- 
triggered: circuit responds whenever 
clock is 1. (D) output Q for edge- 
triggered: circuit responds only at 
rising edge of clock. Notice that the 
short negative pulse on the input D is 
not reproduced by the edge-triggered 
flip-flop. 


conventional truth table would require an 
. infinite number of previous events as the 
possible inputs. Instead, the sequential 
logic form of the truth tableis called a state 
transition table. A state transition (or ex- 
citation) table lists all combinations of 
present inputs and feedback outputs — the 
current State, represented by small q, and 
the resulting outputs, both feedback and 
nonfeedback and the next state, repre- 
sented by capital Q. The state transition 
table is the most common way to describe 
sequential circuit function, since it lists all 
possibilities. 


Characteristic Equation 


An equivalent equation for a state tran- 
sition table or excitation table can be writ- 
ten in terms of the state variables, a sym- 
bol for each input and output. Although 
the number of state variables can be very 
large for.a complex system, there is al- 
ways a limited number of inputs and out- 
puts; thus, the combinations of inputs and 
' outputs is also limited. A circuit with n 
binary state variables has 2^ possible 
states. Since the possible states, 2", are 
always finite, sequential circuits are also 
known as finite-state machines. Each of 
the sequential logic circuits in this section 
includes a state table to illustrate the cir- 
cuit functions. As before, these tables are 
for positive logic, so 1s and Qs are already 
substituted for Highs and Lows. 


Excitation Table 


An excitation table is derived.from the 
truth table. Its usefulness is to show, for 
each possible output Q, what inputs are 
needed to obtain a desired output Ол. For 
some outputs, one or more of. the input 
variables may not have an effect. In this 
case, the input variable corresponds to a 
don’t care state, represented by an “X” or 
dash. 


Timing Diagram 

When a clock is the controlling signal, 
a timing diagram can describe the circuit 
operation. A timing diagram draws a 
circuit’s signals as a function of time. This 
form emphasizes the cause-and-effect de- 
lays between critical signals. It is espe- 
cially useful in detecting errors, as will be 
shown in the flip-flop implementations to 
be presented. There are software packages 
available to simulate a circuit. The simu- 
lation produces the timing diagram for a 
given set of inputs, allowing the designer 
to examine the timing diagram for ex- 
pected results. 


State Diagram 


A state diagram depicts output changes 
in terms of a flow chart. Each possible 
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‘Fig 7.17 — Sequential circuit function for a clocked S-R flip-flop: (A) state 


transition table or truth table, (B) characteristic equation, including its derivation 
from the state table, (C) excitation table, (D) partial timing diagram, (E) state 


diagram. 


State is listed inside a circle with arrows 
between the circles to indicate possible 


-next states. State diagrams are especially 


useful for studying a sequence of inputs 
and the corresponding result. 


FLIP-FLOPS 


` Flip-flops are the basic building blocks 
of sequential circuits. A flip-flop is a de- 
vice with two stable states: the set state (1) 
or the reset state (0). (The reset state is 
also called the cleared state.) The flip-flop 
can be placed in one or the other of the two 
states by applying the appropriate input. 
(Since a common use of flip-flops is to 
store one bit of information, some use the 
term latch interchangeably with flip-flop. 
A set of latches, or flip-flops holding an 
n-bit number is called a register.) While 
gates have special symbols, the schematic 
symbol for most components is a rectan- 
gular box with the circuit name or abbre- 
viation, the signal names and assertion 
bubbles. For flip-flops, the circuit name is 
usually omitted since the signal names are 
enough to indicate a flip-flop and its type. 
The four basic types of flip-flops are the 
S-R, D, T and J-K. The first section exam- 
ines the S-R flip-flop for each of the vari- 
ous control. methods. The next section in- 
troduces each of the other basic flip-flops 
and their uses. | 


S-R Flip-Flop 
The S-R flip-flop is one of the simplest 
circuits for storing a bit of information. It 
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has two inputs, represented by S (set) and 
R (reset). These inputs, naturally, cause 
the two possible output states: if S = 1 and 
К = 0, then output Q is set to 1; if S = 0 and 
К = 1, then output Q is reset to 0; if both 
inputs are 0, then the output remains un- 
changed; and if both inputs are 1, then the 


: output cannot be determined. The S-R flip- 


flop can illustrate each of the types of con- 
trol signals: unclocked (asynchronous, no 
control signal), clocked or gated, master- 
Slave and edge-triggered. 


Unclocked/Sequential 


The unclocked S-R flip-flop, shown in 
Fig 7.18, is an asynchronous device; its 
outputs change immediately to reflect 
changes on its inputs. The circuit consists 
of two NOR gates. The sequential nature of. 
the circuit is a result of the output of each 
NOR gate being fed back as an input to the 
opposite gate. The state transition table 
shows the expected set/reset pattern of 
inputs to outputs. The table shows an un- 


. predictable result for inputs S = 1 and R = 


1. In actual circuits, the results vary and 
are usually either Q= Q = 1 orQ= 0 =0. 
While Q = Q is a logical impossibility, 
real flip-flops may present this output. The 
designer should avoid the R =S = 1 input 
and make no assumptions about the result- 
ing output. The flip-flop is not predictable 
if both inputs go to 0 at exactly the same 


time. 


Fig 7.18C shows an alternate implemen- 
tation of the S-R flip-flop, with two NAND 
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Alternate circuit 


(C) 


Fig 7.18 — Unclocked S-R Flip-Flop. (A) 
alternate circuit. (D) state table. 


gates and two inverters. Since a NAND gate 
can become an inverter by having its two 
inputs receive the same signal, the S-R 
flip-flop can be implemented with four 
NAND gates. This alternate version is im- 
portant because a 4-NAND gate chip is one 
of the most readily available commercial 
integrated circuits; thus, the 4-NAND gate 
S-R flip-flop can be implemented on a 
single IC. 


Gated or Level-triggered 


The gated S-R flip-flop, or gated latch, 
has a controlling input in addition to its S 
and R inputs. The inputs S and R produce 
the same results as those on an unclocked 
S-R flip-flop, but a change in output will 
only occur when the control input is high. 
A gated S-R flip-flop is illustrated in 
Fig 7.19 along with a timing diagram for 
a clock input. This flip-flop is also called 
the R-S-T flip-flop, where "T," for toggle, 
is the clock input. Although not often used, 
the R-S-T flip-flop is important because it 
illustrates a step between the R-S flip-flop 
and the J-K flip-flop. 

A problem with the level-triggered flip- 
flop is that the Q output can change more 
than once while the clock is asserted. We 
would prefer the output to change only 
once per clock period for easier timing 
design. A second problem can occur when 
flip-flops are connected in series and trig- 
gered by the same clock pulse or, simi- 
larly, when a flip-flop is in series with it- 
self, using its own output as an input. Since 
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Circuit 


State Table 


(D) 


schematic symbol. (B) circuit diagram. (C) 


the series-connected flip-flop feeds back 
to itself, its output will be changing at 
about the same time as it receives new 
input. This can result in an erroneous out- 
put. 


Master/Slave Flip-Flop 


A solution to the problems of the level- 
triggered method is a circuit that samples 
and stores its inputs before changing its out- 
puts. Such a circuit is built by placing two 
flip-flops in series; both flip-flops are trig- 
gered by acommon clock but an inverter on 
the second flip-flop's clock causes it to be 
asserted only when the first flip-flop is not 
asserted. The action for a given clock pulse 
is as follows: The first, or master, flip-flop is 
active when the clock is high, sampling and 
storing the inputs. The second, or slave, flip- 
flop gets its input from the master and acts 
when the clock is low. Hence, when the clock 
is 1, the input is sampled; then when the 
clock becomes 0, the output is generated. A 
master/slave flip-flop is built with either two 
S-R flip-flops, as shown by Fig 7.20, or with 
two J-K flip-flops. Note that a bubble ap- 
pears on the schematic symbol's clock in- 
put, reminding us that the output appears 
when the clock is asserted low. This is con- 
ventional for TTL-style J-K flip-flops, but it 
can be different for CMOS devices. 

The master/slave method isolates out- 
put changes from input changes, eliminat- 
ing the problem of series-fed circuits. It 
also ensures only one new output per clock 
period, since the slave flip-flop responds 


Circuit 
(B) 


Timing Diagram 
(D) 


Fig 7.19 — Clocked S-R Flip-Flop. (A) 
schematic symbol. (B) circuit. (C) truth 
table. (D) timing diagram. 


to only the single sampled input. A prob- 
lem can still occur, however, because the 
master flip-flop can change more than 
once while it is asserted; thus, there is the 
potential for the master to sample at the 
wrong time. There is also the potential that 
either flip-flop can be affected by noise. 


Edge-Triggered Flip-Flop 


The edge-triggered flip-flop solves the 
problem of noise. An example of noise is 
the glitch shown earlier in Fig 7.16. The 
different outputs for the level and edge- 
triggered methods in this figure show how 
a glitch can cause an output error. Edge- 
triggering avoids the problem of noise by 
minimizing the time during which a cir- 
cuit responds to its inputs: the chance of a 
glitch occurring during the nanosecond 
transition of a clock pulse is remote. A 
side benefit of edge-triggering is that only 
one new output is produced per clock 


M/S Flip-Flop Made of R-S 
Flip~Flops and an Inverter 


Truth Table 
(c) 


IN | 
ROJ 


| 
olo 
(? Assumed last stotes. 
Q) Master is set to 1. Slave follows on 
Clocks Falling Edge. 
@ No Change Since Clock is 0 
@ Master is reset to O. Slave follows on 
clocks falling edge. 
© Note how master only responds while 
clock is high. Slave only responds on 
falling edge. 


Unkown state since both R and S are 1. 


Timing Diagram 
(D) 


Fig 7.20 — Master/Slave S-R Flip-Flop. 
(A) schematic symbol. (B) circuit. (C) 
truth table. (D) timing diagram. 


period. Edge-triggering is denoted by a 
small rising-edge or falling-edge symbol 
such as J ог L ; sometimes an arrow is 
included such as _f or 1. This symbol 
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Summary of Standard Flip—Flops 


q= current state 


appears in the circuit’s truth table and can 
also appear, instead of the clock triangle, 
inside the schematic symbol. 


Other Flip-flops 


Table 7.8 provides a summary of the 
four basic flip-flops: the S-R (Set-Reset), 
D (Data or Delay), T (Toggle) and J-K. 
Each is briefly explained below, including 
its particular applications. The internal 
circuitry of each of these flip-flops is simi- 
lar to the components and complexity of 
the S-R flip-flop. Readers may be inter- 
ested in trying to design their own circuit 
implementation for a flip-flop type and 
control method; however, in practical use, 
a commercially available integrated cir- 
cuit chip would probably be used. Com- 
pany databooks include the individual cir- 
cuit implementation for each IC. Digital 
design textbooks will also show sample 
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О = next state 


X 2 don't care 


Excitation 
Table 


Characteristic 
Equation 


а= (s+R-q)- ex 


with S-R=0 


Q=D-CLK 


circuit implementations for each of the 
flip-flops. 


D Flip-Flop 


In a D (data) flip-flop, the data input is 
transferred to the outputs when the flip- 
flop is enabled: The logic level at input D 
is transferred to Q when the clock is posi- 
tive; the Q output retains this logic level 
until the next positive clock pulse (see 
Fig 7.21). The flip-flop is also called a 
delay flip-flop because, once enabled, it 
passes D after a propagation delay. A D 
flip-flop is useful to store one bit of infor- 
mation. A collection of D flip-flops forms 
a register. 


Toggle Flip-Flop 


In a T flip-flop, the output toggles 
(changes state) with each positive clock 
pulse. The T flop-flop is also called a 
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R-S-T Flip—Fiop 
and Inverter 
(A) 


Prewired О Flip—flop 


Truth Table 
(8) (с) 


Fig 7.21 — (A) The D flip-flop. When T = 0, О and О states don’t change. When T = 
1, the output states change to reflect the D input. (C) A truth table for the D flip- 


flop. 


R-S-T Flip-Flop 
Wired as T Flip—Flop 


(A) 


D Flip-Flop Wired 
as T Flip-Flop 


(8) 


Timing Diagram 


(c) 


Fig 7.22 — (A) A clocked S-R-T flip-flop wired as a T flip-flop. (B) A D flip-flop 
wired as a T flip-flop. (C) Timing diagram. Notice that the output frequency is half 


the input frequency. 


complementing flip-flop. Fig 7.22 shows 
how a T flip-flop can be created from ei- 
ther an S-R or D flip-flop. The timing dia- 
gram in Fig 7.22 shows an important re- 
sult of the T-flip-flop: the output 
frequency is one half of the input fre- 
quency. Thus, a T flip-flop is a 2:1 (also 
called modulo-2 or radix-2) frequency di- 
vider. Two T flip-flops connected in se- 
ries form a 4:1 divider and so on. 


J-K Flip-Flop 

It’s somewhat ironic that the most 
readily available flip-flop, the J-K flip- 
flop, is discussed last and so briefly. The 
discussion is short because the J-K flip- 
flop acts the same as the S-R flip-flop 
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(where J = S and K = R) with only one 
difference: The S-R flip-flop had the dis- 
advantage of invalid results for the inputs 
1,1. For the J-K flip-flop, simultaneous 1,1 
inputs cause Q to change state after the 
clock transition. 


Summary 


Only the D and J-K flip-flops are gener- 
ally available as commercial integrated 
circuit chips. Since memory and tempo- 
rary storage are so often desirable, the D 
flip-flop is manufactured as the simplest 
way to provide memory. When more func- 
tionality is needed, the J-K flip-flop is 
available. The J-K flip-flop can substitute 
for an S-R flip-flop and a T flip-flop can 


be created from either the D or J-K flip- 
flop. 


COUNTERS 


Groups of flip-flops can be combined 
to make counters. Toggle flip-flops are 
the most common for implementing a 
counter. Intuitively, a counter is a cir- 
cuit that starts at state 0 and sequences 
up through states 1, 2, 3, ... to m, where 
m is the maximum number of states 
available. From state m, the next state 
will return the counter to 0. This de- 
scribes the most common counter: the 
n-bit binary counter, with n outputs 
corresponding to 2^ = m states. Such a 
counter can be made from n flip-flops, 
as shown in Fig 7.23. This figure shows 
implementations for each of the types 
of synchronicity. Both circuits pass the 
data count from stage to stage. In the 
asynchronous counter, Fig 7.23A, the 
clock is also passed from stage to stage 
and the circuit is called ripple or ripple- 
carry. In the synchronous counter, Fig 
7.23B, each stage is controlled by a 
common clock signal. 

There are numerous variations on this 
first example of a counter. Most counters 
have the ability to clear the count to 0. 
Some counters can also preset to a desired 
count. The clear and preset control inputs 
are often asynchronous — they change the 
output state without being clocked. 
Counters may either count up (increment) 
or down (decrement). Up/down counters 
can be controlled to count in either direc- 
tion. Counters can have sequences other 
than the standard numbers, for example a 
BCD counter. 

Counters are also not restricted to 
changing state on every clock cycle. An n- 
bit counter that changes state only after m 
clock pulses is called a divider or divide- 
by-m counter. There are still 2" = m states, 
however, the output after p clock pulses is 
now p / m. Combining different divide- 
by-m counters can result in almost any 
desired count. For example, a base 12 
counter can be made from a divide-by-2 
and a divide-by-6 counter; a base 10 (de- 
cade) counter consists of a divide-by-2 and 
a BCD divide-by-5 counter. 

The outputs of these counters are binary. 
To produce output in decimal form, the 
output of a counter would be provided to a 
binary-to-decimal decoder chip and/or an 
LED display. 


REGISTERS 


Groups of flip-flops can be combined to 
make registers, usually implemented with 
D flip-flops. A register stores n bits of 
information, delivering that information 
in response to a clock pulse. Registers 


usually have asynchronous set to 1 and 
clear to 0 capabilities. 


Storage Register 


A storage register simply stores tempo- 
rary information, for example incoming in- 
formation or intermediate results. The size 
is related to the basic size of information 
handled by a computer: 8 flip-flops for an 8- 
bit or byte register or 16 bits for a word reg- 
ister. Fig 7.24 shows a typical circuit and 
schematic symbols for an 8-bit storage reg- 
ister. In (C), although the bits are passed on 
8 separate lines (from 8 flip-flops), a slash 
and number, “/8,” is used to simplify the 
symbol. Storage registers are important to 
computer architecture; this topic is discussed 
in depth later in the chapter. 


Shift Register 


Shift registers also store information 
and provide it in response to a clock sig- 
nal, but they handle their information dif- 
ferently: When a clock pulse occurs, in- 
stead of each flip-flop passing its result to 
the output, the flip-flops pass their data to 
each other, up and down the row. For ex- 
ample, in up mode, each flip-flop receives 
the output of the preceding flip-flop. A 
data bit starting in flip-flop DO in a left 
shifter would move to D1, then D2 and so 
on until it is shifted out of the register. If 
a 0 was input to the least significant bit, 
DO, on each clock pulse then, when the 
last data bit has been shifted out, the reg- 
ister contains all Os. 

Shift registers can be left shifters, right 
shifters or controlled to shift in either di- 
rection. The most general form, a univer- 
sal shift register, has two control inputs 
for four states: Hold, Shift right, Shift left 
and Load. Most also have asynchronous 
inputs for preset, clear and parallel load. 
The primary use of shift registers is to 
convert parallel information to serial or 
vice versa. This is useful in interfacing 
between devices, and is discussed in detail 
in the Digital Interfacing section. 

Additional uses for a shift register are to 
(1) delay or synchronize data, (2) multiply 
or divide a number by a factor 2" or (3) pro- 
vide random data. Data can be delayed sim- 
ply by taking advantage of the Hold feature 
of the register control inputs. Multiplication 
and division with shift registers is best ex- 
plained by example: Suppose a 4-bit shift 
register currently has the value 1000 = 8. A 
right shift results in the new parallel output 
0100 = 4 = 8/2. A second right shift results 
in 0010 =2 = (8/2)/2. Together the 2 right 
shifts performed a division by 22. In general, 
shifting right n times is equivalent to divid- 
ing by 2. Similarly, shifting left multiplies 
by 2". This can be useful to compiler writers 
to make a computer program run faster. 


Asynchronous "Ripple" Counter 


Synchronous Counter 


(The output of each flip—flop: toggles whenever T is high and clock is high) 
stays the same whenever T is low 


Fig 7.23 — Three-bit binary counter: (A) asynchronous or ripple counter, (B) 


synchronous counter. 


8—-bit Storage Register 


Fig 7.24 — An eight-bit storage register: (A) circuit, (B) and (C) schematic 
symbols. 


Random data is provided via a ring counter. 
A ring counter is a shift register with its 
output fed back to its input. At each clock 
pulse, the register is shifted up or down and 
some ofthe flip-flops feedback to other flip- 
flops, generating a random binary number. 
Shift registers with several feedback paths 
can be used as apseudorandom number gen- 
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erator, where the sequence of bits output by 
the generator meets one or more mathemati- 
cal criteria for randomness. 


MULTIVIBRATORS 


A multivibrator is widely used as a 
switch and comes in three basic forms: 
bistable, monostable and astable. It is 
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(B) T211RC 


Fig 7.25 — (A) A 555 timer connected as a monostable 
multivibrator. (B) The equation to calculate values for R (in 
ohms) and C (in farads), where T is the pulse duration (in 


seconds). 


broadly defined as a closed-loop, regen- 
erative circuit that alternates between two 
stable or quasi-stable states. The flip-flop 
is a bistable multivibrator: both of its two 
states are stable; it can be triggered from 
one stable state to the other by an external 
signal. To create quasi-stable or unstable 
states, energy-storing devices (capacitors) 
are added in the feedback loops of the 
multivibrator; the instability is a result of 
the exponential decay of the stored energy. 
A monostable multivibrator is the result 
of adding one energy-storing element into 
a feedback loop. An astable multivibrator 
is the result of adding two energy-storing 
elements, one in each feedback loop. 


Monostable Multivibrator 


A monostable or one-shot multivibrator 
has one energy-storing element in its feed- 
back paths, resulting in one stable and one 
quasi-stable state. It can be switched, or trig- 
gered, to its quasi-stable state; then returns 
to the stable state after a time delay. Thus, 
the one-shot multivibrator puts out a pulse 
of some duration, T. (Note that T is not the 
period, but the duration of the quasi-stable 
state.) Triggering during the stable state re- 
sults in the pulse, as expected. Triggering 
during the unstable state has two possibili- 
ties: A nonretriggerable multivibrator is not 
affected. A retriggerable multivibrator will 
start counting its pulse duration from the 
most recent trigger pulse. Both types of one- 
shots are common. 

Fig 7.25 shows a 555 timer IC connected 
as a one-shot multivibrator. The one-shot is 
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activated by a negative-going pulse between 
the trigger input and ground. The trigger 
pulse causes the output (Q) to go positive 
and capacitor C to charge through resistor R. 
When the voltage across C reaches two- 
thirds of Vcc, the capacitor is quickly dis- 
charged to ground and the output returns to 
0. The output remains at logic 1 for a time 
determined by T = 1.1 RC, where R is the 
resistance in ohms and C is the capacitance 
in farads. 


Astable Multivibrator 


An astable or free-running multivibrator 
has two energy-storing elements in its feed- 
back paths, resulting in two quasi-stable 
states. It continuously switches between 
these two states without external excitation. 
Thus, the astable multivibrator puts out a 
sequence of pulses. By properly selecting 
circuit components, these pulses can be of a 
desired frequency and width. 

Fig 7.26 shows a 555 timer IC con- 
nected as an astable multivibrator. The 
capacitor C charges to two-thirds Vcc 
through R1 and R2 and discharges to one- 
third Vcc through R2. The ratio R1 : R2 
sets the asserted high duty cycle of the 
pulse: tHIGH / tpERIOp. The output fre- 
quency is determined by: 


f= 1.46/(R1+2R2)C 


where: 
Ri and R2 are in ohms, 
C in farads and 
f in hertz. 
It may be difficult to produce a 50% 
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Fig 7.26 — (A) A 555 timer connected as an astable 
multivibrator. (B) The equations to calculate values for R1, 
R2 (in ohms) and C (in farads), where f is the clock 
frequency (in Hertz). 


duty cycle, due to manufacturing tolerance 
for the resistors R1 and R2. One way to 
ensure a 50% duty cycle is to run the 
astable multivibrator at 2f and then divide 
by 2 with a toggle flip-flop. 


Applications 


An astable multivibrator is useful in 
generating clock pulses. When triggered 
by a clock pulse, the one-shot multivi- 
brator acts to lengthen or "stretch" the 
pulse, which is useful to delay digital 
events. Either of these pulse signals, when 
input to the bistable multivibrator (flip- 
flop), can be the control of a sequential 
circuit. The three types of multivibrators 
can ensure synchronicity, so that a sequen- 
tial circuit will execute correctly. 


SUMMARY 


Digital logic plays an increasingly impor- 
tant role in Amateur Radio. Most of this logic 
is binary and can be described and designed 
using Boolean algebra. Using the NOT, AND 
and OR gates of combinational logic, design- 
ers can build sequential logic circuits that 
have memory and feedback. The simplest 
sequential logic circuit is called a flip-flop. 
By using control inputs, a flip-flop can latch 
a data value, retaining one bit of information 
andacting as memory. Combinations of flip- 
flops can form useful circuits such as 
counters, storage registers and shift regis- 
ters. The primary method of controlling se- 
quential circuits is via a clock pulse, which 
can be created with a multivibrator. 


Digital Integrated Circuits 


Integrated circuits (ICs) are the corner- 
stone of digital logic devices. Modern 
technology has enabled electronics to be- 
come miniature in size and less expensive. 
Today’s complex digital equipment would 
be impossible with vacuum tubes or even 
with discrete transistors. 

An IC is a miniature electronic module 
of components and conductors manufac- 
tured as a single unit. All you see is a ce- 
ramic or black plastic package and the sil- 
ver-colored pins sticking out. Inside the 
package is a piece of material, usually sili- 
con, created (fabricated) in such a way that 
it conducts an electric current to perform 
logic functions, such as a gate, flip-flop or 
decoder. 

As each generation of ICs surpassed the 
previous one, they became classified ac- 
cording to the number of gates on a single 
chip. These classifications are roughly 
defined as: 

Small-scale integration (SSI): 

10 or fewer gates on a chip. 
Medium-scale integration (MSI): 
10-100 gates. 

Large-scale integration (LSI): 
100-1000 gates. 

Very-large-scale integration (VLSI): 
1000 or more gates. 

This chapter will primarily deal with 
SSI ICs, the basic digital building blocks. 
Microprocessors, memory chips and pro- 
grammable logic devices are discussed 
later in the Computer Hardware section. 

The previous section discussed the de- 
sign of a digital circuit. To build that cir- 
cuit, the designer must choose between IC 
chips available in various logic families. 
Each family and subfamily has its own de- 
sirable characteristics. This section re- 
views the primary IC logic families of in- 
terest to radio amateurs. The designer may 
also be challenged to interface between 
different logic families or between a logic 
device and peripheral device. The former 
is discussed at the end of this section; the 
latter with Computer Hardware, later in 
the chapter. 


COMPARING LOGIC FAMILIES 


When selecting devices for a circuit, a 
designer is faced with choosing between 
many families and subfamilies of logic 
ICs. Which subfamily is right for the ap- 
plication at hand is among several desir- 
able characteristics: logic speed, power 
consumption, fan-out, noise immunity and 
cost. 


Speed 


Logic device families operate at widely 
varying clock speeds. Standard transistor- 


transistor logic (TTL) devices can only 
operate up to a few MHz while some emit- 
ter-coupled logic (ECL) ICs can operate at 
several GHz. Gate propagation delay de- 
termines the maximum clock speed at 
which an IC can operate; the clock period 
must be long enough for all signals within 
the IC to propagate to their destinations. 
ICs with capacitively coupled inputs have 
minimum, as well as maximum, clock 
rates. While the initial reaction may be to 
use the fastest available ICs, the designer 
must usually choose between a trade-off 
of high speed and low power consump- 
tion. 


Power Consumption 


In some applications, power consump- 
tion by logic gates is a critical design con- 
sideration. This power consumption can 
be divided into two parts: Dynamic power 
is the power consumed when a gate 
changes state. Static power is the power 
consumed when a gate is holding a state, 
either high or low. Each of these has dif- 
ferent power requirements. Calculating 
the total required power can be a complex 
task when several gates and diverse func- 
tions are involved. Nominal power re- 
quirements, however, can be used to com- 
pare logic subfamilies. 


Fan-out 


Gate impedance is another parameter to 
consider. To deliver high current without 
dropping considerable voltage, an ideal 
gate would have low output impedance. 
To draw minimal current, an ideal gate 
would have infinite input impedance. Such 
a gate does not exist. The designer must 
compromise on input and output imped- 
ances. 

A gate output can supply only a limited 
amount of current. Therefore, a single 
output can only drive a limited number of 
inputs. The measure of driving ability is 
called fan-out, expressed as the number of 
inputs (of the same subfamily) that can be 
driven by a single output. If a logic family 
that is otherwise desirable does not have 
sufficient fan-out, consider using 
noninverting buffers to increase fan-out, 
as shown by Fig 7.27. 


Noise Immunity 


The noise margin was illustrated in 
Fig 7.2. The choice of voltage levels for 
the binary states determines the noise 
margin. If the gap is too small, a spurious 
signal can too easily produce the wrong 
state. Too large a gap, however, produces 
longer, slower transitions and thus de- 
creased switching speeds. 
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Circuit impedance also plays a part in 
noise immunity, particularly if the noise is 
from external sources such as radio trans- 
mitters. At low impedances, more energy 
is needed to change a given voltage level 
than at higher impedances. 


Other Considerations 


The parameters above are the basic con- 
siderations to influence the selection of a 
logic family for a specific application. 
These considerations have complex inter- 
actions that come into play in demanding 
low-current, high-speed or high-complex- 
ity circuits. Numerous other parameters 
can also be examined. These are provided 
in the electrical specification of a device. 
These are given on a data sheet and usu- 
ally include four sections: (1) absolute 
maximum ratings specify worst-case con- 
ditions, including safe storage tempera- 
tures, (2) recommended operating condi- 
tions specify power-supply, input voltage, 
dc output loading and temperatures for 
normal operation, (3) electrical character- 
istics specify other dc voltages and cur- 
rents observed at the inputs and outputs 
and (4) switching characteristics specify 
propagation delays for "typical" opera- 
tion. 

The list of parameters can seem over- 
whelming to the novice; but with experi- 
ence, the important information will be 
more easily spotted. If you are designing a 
circuit, always consult the data sheet for 
specific information on the device you are 
considering, because these parameters 
vary not only between the logic families 
but also vary between the manufacturers 
and with changing technologies. Each 
manufacturer has data books available list- 
ing their devices and the corresponding 
data sheets. 


BIPOLAR LOGIC FAMILIES 
Two broad categories of digital logic 


FAN-OUT = 2 


TOTAL 
FAN-OUT = 4 


Fig 7.27 — Nonverting buffers used to 
increase fan-out: Gate A (fan-out = 2) is 
connected to two buffers, B and C, 
each with a fan-out of 2. Result is a 
totai fan-out of 4. 
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ICs are bipolar and metal-oxide semi- 
conductor (MOS). Numerous manufac- 
turing techniques have been developed 
to fabricate each type. Each surviving, 
commercially available family has its 
particular advantages and disadvan- 
tages and has found its own special 
niche in the market. 

Bipolar semiconductor ICs usually 
employ NPN junction transistors. (Bi- 
polar ICs are possible using PNP tran- 
sistors, but NPN transistors make faster 
circuits.) While early bipolar logic was 
faster and had higher power consump- 
tion than MOS logic, these distinctions 
have blurred as manufacturing technol- 
ogy has developed. There are several 
families of bipolar logic devices and 
within some of these families there are 
subfamilies. The most-used digital logic 
family is Transistor-Transistor Logic 
(TTL). Another bipolar logic family, 
Emitter Coupled Logic (ECL), has ex- 
ceptionally high speed but high power 
consumption. 


Transistor-Transistor Logic (TTL) 


The TTL family has seen widespread 
acceptance because it is fast and has good 
noise immunity. It is by far the most com- 
monly used logic family. TTL levels were 
shown earlier in Fig 7.2: An input voltage 
between 0.0-0.4 V will represent LOW 
and an input voltage between 2.4-5.0 V 
will represent HIGH. 


TTL Subfamilies 


The original standard TTL is infre- 
quently used today. In the standard TTL 
circuit, the transistors saturate, reduc- 
ing the operating speed. TTL variations 
cure this by clamping the transistors 
with Schottky diodes to prevent satura- 
tion, or by using a dopant in the chip 
fabrication to reduce transistor recov- 
ery time. Schottky-clamped TTL is the 
faster of these two manufacturing pro- 
cesses. 

TTL IC identification numbers begin 
with either 54 or 74. The 54 prefix de- 
notes a military temperature range of — 
55 to 125°C, while 74 indicates a com- 
mercial temperature range of 0 to 70°C. 
The next letters, in the middle of the 
TTL device number, indicate the TTL 
subfamily. Following the subfamily 
designation is a 2, 3 or 4-digit device- 
identification number. For example, a 
7400 is a standard-TTL NAND gate and 
a 74LS00 is a low-power Schottky 
NAND gate. (The NAND gate is the work- 
horse TTL chip. Recall, from 
Fig 7.18, thealternative implementation 
of the S-R flip-flop.) The following TTL 
subfamilies are available: 
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74xx standard TTL 
H 74Нхх High-speed 
L 7ALxx Low-power 
$ 745хх Schottky 
LS | 74LSxx Low-power Schottky 
AS  74ASxx Advanced Schottky 


ALS 74ALSxx Advanced Low-power 
Schottky 

Each subfamily is a compromise be- 
tween speed and power consumption. Be- 
cause the speed-power product is approxi- 
mately constant, less power consumption 
results in less speed and vice versa. For 
the amateur, an additional consideration 
to the speed-versus-power trade-off is the 
cost trade-off. The advanced Schottky 
devices offer both increased speed and 
reduced power consumption but at a 
higher cost. 

In addition to the above power/speed/ 
cost trade-offs, each TTL subfamily has 
particular characteristics that can make it 
suitable or unsuitable for a specific design. 
Table 7.9 shows some of these param- 
eters. The actual parameter values may 
vary slightly from manufacturer to manu- 
facturer so always consult the manufac- 
turers’ data books for complete informa- 
tion. 


TTL Circuits 


Fig 7.28A shows the schematic repre- 
sentation of a TTL hex inverter. A 7404 
chip contains four of these inverters. When 
the input is low, QI is ON, conducting 
current from base to emitter through the 
input lead and into ground. Thus a low 
TTL input device must be prepared to sink 
current from the input. Since Q1 is satu- 
rated, Q2 is OFF because there is not 
enough voltage at its base. Similarly, Q4 
is also OFF. With Q2 and Q4 OFF, Q3 will 
be ON and pull the output high, about one 
volt below Vcc. When the input is high, an 


unusual situation occurs: Q1 is operating 
in the inverse mode, with current flowing 
from base to collector. This current causes 
Q2 to be ON, which causes Q4 to be ON. 
With Q2 and Q4 ON, there is not enough 
current left for Q3, so Q3 is OFF. Q4 is 
pulling the output low. 

By replacing Q1 with a multiple-emitter 
transistor, as is done with the two-input Q5 
in Fig 7.28B, the inverter circuit becomes a 
NAND gate. Commercially available TTL 
NAND gates have as many as 13 inputs, the 
limiting factor being the number of input 
pins on the standard 16-pin chip. The opera- 
tion of this multiple-input NAND circuit is 
the same as described for the inverter, the 
difference being that any one of the emitter 
inputs being low will conduct current 
through the emitter, leading to the condi- 
tions described above to produce a high at 
the output. Similarly, all inputs must be high 
to produce the low output. 

In the TTL circuit of Fig 7.28A, transis- 
tors Q3 and Q4 are arranged in a totem- 
pole configuration. This configuration 
gives the output circuit a low source im- 
pedance, allowing the gate to source (sup- 
ply) or sink substantial output current. The 
130-Q resistor between the collector of Q3 
and +Vcc limits the current through Q3. 

When a TTL gate changes state, the 
amount of current that it draws changes 
rapidly. These changes in current, called 
switching transients, appear on the power 
supply line and can cause false triggering 
of other devices. For this reason, the power 
bus should be adequately decoupled. For 
proper decoupling, connect a 0.01 to 
0.1 uF capacitor from Усс to ground near 
each device to minimize the transient cur- 
rents caused by device switching and mag- 
netic coupling. These capacitors must be 
low-inductance, high-frequency RF ca- 
pacitors (disk-ceramic capacitors are pre- 
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Table 7.9 


TTL and CMOS Subfamily Performance Characteristics 
Per Gate Power 


TTL Family Propagation Consumption 
Delay (ns) (mW) 

Standard 9 10 

L 33 1 

H 6 22 

S 3 20 

LS 9 2 

AS 1.6 20 

ALS 5 1.8 

CMOS Family f-100 kHz f=1MHz 

Operating with 

4.5 <Voc <5.5 V 

HC 18 0.0625 0.6025 

HCT 18 0.0625 0.6025 

AC 5.25 0.080 0.755 

ACT 4.75 0.080 0.755 


Speed Power 
Product (pJ) 


90 


f=10 MHz f=100kHz f=1 MHz f=10 MHz 


6.0025 1.1 10.8 108 
6.0025 1.1 10.8 108 
7.505 0.4 3.9 39 
7.505 0.4 3.6 36 


ferred). In addition, a large-value (50 to 
100 uF) capacitor should be connected 
from Vcc to ground somewhere on the 
board to accommodate the continually 
changing Icc requirements of the total 
Vcc bus line. These are generally low- 
inductance tantalum capacitors rather than 
rolled-foil mylar or aluminum-electrolytic 
capacitors. 


Darlington and Open-Collector 
Outputs 


Fig 7.28C and D show variations from 
the totem-pole configuration. They are the 
Darlington transistor pair and the open- 
collector configuration respectively. 

The Darlington pair configuration re- 
places the single transistor Q4 with two 
transistors, Q4 and О5. The effect is to 
provide more current-sourcing capability 
in the high state. This has two benefits: (1) 
the rise time is decreased and (2) the fanout 
is increased. 

Transistor(s) on the output in both the 
totem-pole and Darlington configurations 
provide active pull-up. Omitting the 
transistor(s) and providing an external re- 
sistor for passive pull-up gives the open- 
collector configuration. This configura- 
tion, unfortunately, results in slower rise 
time, since a relatively large external re- 
sistor must be used. The technique has 
some very useful applications, however: 
driving other devices, performing wired 
logic, busing and interfacing between 
logic devices. 

Devices that need other than a 5-V sup- 
ply can be driven with the open-collector 
output by substituting the device for the 
external resistor. Example devices include 
light-emitting diodes (LEDs), relays and 
solenoids. Inductive devices like relay 
coils and solenoids need a “flyback” pro- 
tection diode across the coil. You must pay 
attention to the current ratings of open- 
collector outputs in such applications. You 
may need a switching transistor to drive 
some relays or other high-current loads. 

Open-collector outputs can perform 
wired logic, rather than gated IC logic, by 
wire-ANDing the outputs. This can save 
the designer an AND gate, potentially sim- 


Fig 7.28 — Example TTL circuits and 
their equivalent logic symbols: (A) an 
inverter and (B) a NAND gate, both with 
totem-pole outputs. (C) A NAND 

gate with a Darlington output. (D) A 
NAND gate with an open-collector 
output. (indicated resistor values are 
typical. Identification of transistors is 
for text reference only; these are not 
discrete components but parts of the 
silicon die.) 
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plifying the design. Wire-ANDed outputs 
are several open-collector outputs con- 
nected to a single external pull-up resis- 
tor. The overall output, then, will only be 
high when all pull-down transistors are 
OFF (all connected outputs are high), ef- 
fectively performing an AND of the con- 
nected outputs. If any of the connected 
outputs are low, the output after the exter- 
nal resistor will be low. Fig 7.29 illustrates 
the wire-ANDing of open-collector out- 
puts. 

The wire-ANDed concept can be applied 
to several devices sharing a common bus. 
At any time, all but one device has a high- 
impedance (off) output. The remaining 
device, enabled with control circuitry, 
drives the bus output. 

Open-collector outputs are also useful 
for interfacing TTL gates to gates from 
other logic families. TTL outputs have a 
minimum high level of 2.4 V and a maxi- 
mum low level of 0.4 V. When driving 
nonTTL circuits, a pull-up resistor (typi- 
cally 2.2 kQ) connected to the positive 
supply can raise the high level to 5 V. If a 
higher output voltage is needed, a pull-up 
resistor on an open-collector output can 
be connected to a positive supply greater 
than 5 V, solong as the chip output voltage 
and current maximums are not exceeded. 


Three-State Outputs 


While open-collector outputs can per- 
form bus sharing, a more popular method 
is three-state output, or tristate, devices. 
The three states are low, high and high 
impedance, also called Hi-Z or floating. 
An output in the high-impedance state 
behaves as if it is disconnected from the 


circuit, except for possibly a small leak- 
age current. Three-state devices have an 
additional disable input. When enable is 
low, the device provides high and low 
outputs just as it would normally; when 
enable is high the device goes into its high- 
impedance state. 

A bus is a common set of wires, usually 
used for data transfer. A three-state bus 
has several three-state outputs wired to- 
gether. With control circuitry, all devices 
onthe bus butone have outputs in the high- 
impedance state. The remaining device is 
enabled, driving the bus with high and low 
outputs. Care should be taken to ensure 
only one of the output devices can be en- 
abled at any time, since simultaneously 
connected high and low outputs may re- 
sult in an incorrect logic voltage. (The 
condition when more than one driver is 
enabled at the same time is called bus con- 
tention.) Also, the large current drain from 
Vcc to ground through the high driver to 
the low driver can potentially damage the 
circuit or produce noise pulses that can 
affect overall system behavior. 


Unused TTL Inputs 


A design may result in the need for an n- 
input gate when only an n + m input gate 
is available. In this case, the recommended 
solution for extraneous inputs is to give 
the extra inputs a constant value that won’t 
effect the output. A low input is easily 
provided by connecting the input to 
ground. A high input can be provided with 
either an inverter whose input is ground or 
with a pull-up resistor. The pull-up resis- 
tor is preferred rather than a direct con- 
nection to power because the resistor lim- 


Fig 7.29 — The outputs of two open-collector-output AND gates are shorted 
together (wire ANDed) to produce an output the same as would be obtained from a 
4-input AND gate. 
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its the current, thus protecting the circuit 
from transient voltages. Usually, a 1-kQ 
to 5-kQ resistor is used; a single 1-kQ 
resistor can handle up to 10 inputs. 

It’s important to properly handle all in- 
puts. Design analysis would show that an 
unconnected, or floating, TTL input is 
usually high but can easily be changed low 
by only a small amount of capacitively 
coupled noise. 


Emitter-Coupled Logic (ECL) 


ECL, also called current-mode logic 
(CML), is the fastest commercially avail- 
able logic family, with some devices oper- 
ating at frequencies higher than 1.2 GHz. 
The fast speed is a result of reducing the 
propagation delay by keeping the transis- 
tors from saturating. ECL devices operate 
with their transistors in the active region. 
The voltage swing is small, less than a 
volt; and the circuit internally switches 
between two possible paths depending on 
the output state. The two-path arrange- 
ment provides a significant feature of 
ECL: complementary output states are al- 
ways available. 

Naturally, high speed comes at some cost, 
in this case high power consumption. Heat 
sinking is sometimes necessary because of 
the great deal of power being dissipated. 
Because of its poor speed-power product and 
also because it is not directly compatible 
with TTL and CMOS, ECL is less popular 
than TTL. ECL devices are most likely to be 
found where performance is more important 
than cost, including UHF frequency 
counters, UHF frequency synthesizers and 
high-speed mainframe computers. 


ECL Subfamilies 


There are several ECL subfamilies, to 
balance the trade-off of high speed versus 
low power dissipation. The subfamilies 
differ mostly in resistance values and the 
presence or absence of input and output 
pull-down resistors. 

The most popular subfamily is the 10K 
series, with five-digit part numbers of the 
form "lOxxx." This family's design 
started one of ECL's most familiar char- 
acteristics: operation with Vcc = 0 V 
(ground) and Vgg at a negative voltage. 
This feature provides immunity to power 
supply noise, since noise on Vgg is re- 
jected by the circuit's differential ampli- 
fier. The design voltage, Уве = —5.2 V for 
the 10K subfamily, provides the best noise 
immunity; but other voltages can be used. 
Typically, a high logic state corresponds 
to —0.9 V and a low is 71.75 V. 


ECL Circuits 


ECL gets its name from the emitter- 
coupled pair of transistors in the circuit, 


‘connected as a differential amplifier. For 
example, in Fig 7.30, either Q1 or Q2 to- 
gether with Q3 form a differential ampli- 
fier. This arrangement produces the 
complementary outputs available from 
each ECL circuit. The circuit in Fig 7.30 
provides both an OR output and a NOR 
output. When an input is high, its transis- 
tor (Q1 or Q2) is ON but not in saturation; 
and Q3 is OFF. Q6 is then OFF so its 
emitter output is low; while Q5 is ON and 
its output high. Similarly, when both iri- 
puts are low, Q1 and Q2 are OFF so the 
NOR output from Q6 is high; and Q3 is 
ON, so the OR output from Q5 is low. Q4, 
D1, D2 and associated circuitry form a bias 
generator. The reference voltage at the 
base of Q3 determines the input switching 
threshold. : 


METAL-OXIDE SEMICONDUCTOR 
(MOS) LOGIC FAMILIES 


While bipolar devices use junction ~ 


transistors, MOS devices use field effect 
~ transistors (FETs). MOS is characterized 


by simple device structure, small size : 


. (high density) and ease of fabrication. 
MOS circuits use the NOR gate as the 
workhorse chip rather than the NAND. 
MOS families are used extensively in digi- 
tal watches, calculators and VLSI circuits 
such as microprocessors and memories. 


` P-Channel MOS (PMOS) 


The first MOS devices to be fabricated 
were PMOS, conducting electrical current 
by the flow of positive chárges (holes). 
PMOS power consumption is much lower 
than that of bipolar logic, but its operating 
speed is lower. The only extensive use of 
PMOS is in calculators and watches, 
where low speed is acceptable and low 
power consumption and low cost are de- 
sirable. 


N-Channel MOS (NMOS) 


With improved fabrication technology, 
NMOS became feasible and provided im- 
‘proved performance and TTL compatibil- 
ity. The speed of NMOS is at least twice 
that of PMOS, since electrons rather than 
holes carry the current. NMOS also has 
greater gain than PMOS and supports 
greater packaging density through the use 
of smaller transistors. ‚ 


Complementary MOS (CMOS) 
CMOS combines both P-channel and N- 
channel devices on the same substrate to 
achieve high noise immunity and low 
power consumption: less than 1 mW per 


gate and negligible power during standby. ~ 


This accounts for the widespread use of 
CMOS in battery-operated equipment. 
"The high impedance of CMOS gates 


Й 


Fig 7.30 — (A) Circuit topology of the ECL family. (B) The modified logic symbol 
indicates the availability of the complementary output. 


|; 
makes them susceptible to electromag- 


netic interference, however, particularly 
if long traces are involved. Consider a 


trace /4-wavelength long between input- 


and output. The output is a low-impedance 
point so the trace is effectively grounded 
at this point. You can get high RF poten- 
tials '/4-wavelength away, which disturbs 
circuit operation. 

A notable feature of CMOS devices is 
that. the logic levels swing to within a 
few millivolts of the supply voltages. 
The input switching threshold is ap- 
proximately one half the supply voltage 
(Vpp - Vss). This characteristic con- 


- tributes to high noise immunity on the 


input signal or power supply lines. 
CMOS input-current drive requirements 
are minuscule, so the fan-out is great, at 
least in low-speed systems. (For high- 
speed systems, the input capacitance 


‘increases the dynamic power dissipa- 


tion and limits the fan-out.) 


CMOS Subfamilies 
There are a number of CMOS subfami- 


. lies available. Like TTL, the original 


CMOS has largely been replaced by later 
subfamilies using improved technologies. 
This original family, called the 4000- 
series, has numbers beginning with 40 or 
45 followed by two or three numbers to 
indicate the specific device. 4000B is sec- 


ond generation CMOS. When introduced, . 


this family offered low power consump- 


tion but was fairly slow and not easy to 


interface with TTL. : 
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. Later CMOS subfamilies provided 
improved performance and TTL com- 
patibility. For simplicity, the later sub- 
families were given numbers similar to 
the TTL numbering system, with the 
same leading numbers, 54 or 74, fol- 
lowed by 1 to 3 letters indicating the 
subfamily and as many as 5 numbers 
indicating the specific device. The sub- 
family letters usually include a “C” to 
distinguish them as CMOS. 

The following CMOS device families 
are available: 


4000 4071B standard CMOS 
C 74Cxx CMOS versions of TTL 


Devices in this subfamily are pin and 
functional equivalents of many of the most 


‘popular parts in the 7400 TTL family. It 


may be possible to replace all TTL ICs in 
a particular circuit with 74C-series 
CMOS, but this family should not be 
mixed with TTL in a circuit without care- 
ful design considerations. Devices in the 
C series are typically 50% faster than the 
4000 series. 


HC  74HCxx High-speed CMOS 


Devices in this subfamily have speed 
and drive capabilities similar to Low- 
power Schottky (LS) TTL but with better 
noise immunity and greatly reduced power 
consumption. High-speed refers to faster 
than the previous CMOS family, the 4000- 
series. 


НСТ 74HCTxx High-Speed CMOS, ` 
TTL compatible 
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Fig 7.31 — Internal structure of a CMOS inverter. 
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Fig 7.32 — Differences in logic levels for some TTL and CMOS families. 


Devices in this subfamily were designed 
to interface TTL to CMOS systems. The 
HCT inputs recognize TTL levels, while 
the outputs are CMOS compatible. 


АС 74ACxxxxx Advanced CMOS 


Devices in this family have reduced 
propagation delays, increased drive capa- 
bilities and can operate at higher speeds 
than standard CMOS. They are compa- 
rable to Advanced Low-power Schottky 
(ALS) TTL devices. 


ACT 74ACTxxxxx Advanced 
CMOS, TTL- 
compatible 


This subfamily combines the improved 
performance of the AC series with TTL- 
compatible inputs. 

As with TTL, each CMOS subfamily 
has characteristics that make it suitable or 
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unsuitable for a particular design. You 
should consult the manufacturer’s data 
books for complete information on each 
subfamily you are considering. 


CMOS Circuits 


A simplified diagram of a CMOS logic 
inverter is shown in Fig 7.31. When the in- 
put is low, the resistance of Q2 is low so a 
high current flows from Vcc; since QI's 
resistance is high, the high current flows to 
the output. When the input is high, the op- 
posite occurs: Q2's resistance is low, Q1'sis 
high and the output is low. The diodes are to 
protect the circuit against static charges. 


Special Considerations 


Some of the diodes in the input- and out- 
put-protection circuits are an inherent part 
of the manufacturing process. Even with the 
protection circuits, however, CMOS ICs are 


susceptible to damage from static charges. 
To protect against damage from static, the 
pins should not be inserted in styrofoam as 
is sometimes done with other components. 
Instead, a spongy conductive material is 
available for this purpose. Before removing 
a CMOS IC from its protective material, 
make certain that your body is grounded. 
Touching nearly any large metal object be- 
fore handling the ICs is probably adequate 
to drain any static charge off your body. 
Some people prefer to touch a grounded 
metal object or to use a conductive bracelet 
connected to the ground terminal of a three- 
wire ac outlet through a 10-МО resistor. 
Since wall outlets aren't always wired prop- 
erly, you should measure the voltage be- 
tween the ground terminal and any metal 
objects you might touch. Connecting your- 
self to ground through a 1 MQ to 10 MQ 
resistor will limit any current that might flow 
through your body. 

All CMOS inputs should be tied to an 
input signal; a positive supply voltage or 
ground if a constant input is desired. Un- 
determined CMOS inputs, even on unused 
gates, may cause gate outputs to oscillate. 
Oscillating gates draw high current, over- 
heat and self destruct. 

The low power consumption of CMOS 
ICs made them attractive for satellite appli- 
cations, but standard CMOS devices proved 
to be sensitive to low levels of radiation — 
cosmic rays, gamma rays and X rays. Later, 
radiation-hardened CMOS ICs, able to tol- 
erate 106 rads, made them suitable for space 
applications. (A rad is a unit of measurement 
for absorbed doses of ionizing radiation, 
equivalent to 10-? joules per kilogram.) 


SUMMARY 


There are many types of logic ICs, each 
with its own advantages and disadvan- 
tages. If you want low power con- 
sumption, you should probably use 
CMOS. If you want ultra-high-speed 
logic, you will have to use ECL. Whatever 
the application, consult up-to-date litera- 
ture when designing logic circuits. IC 
databooks and applications notes are usu- 
ally available from IC manufacturers and 
distributors. 


INTERFACING LOGIC FAMILIES 


Each semiconductor logic family has its 
own advantages in particular applications. 
For example, the highest frequency stages 
in a UHF counter or a frequency synthe- 
sizer would use ECL. After the frequency 
has been divided down to less than 
25 MHz, the speed of ECL is unnecessary; 
and its expense and power dissipation are 
unjustified. TTL or CMOS are better 
choices at lower frequencies. 

When a design mixes ICs from different 


logic families, the designer must account for 
the differing voltage and current require- 
ments each logic family recognizes. The 
designer must ensure the appropriate inter- 
face between the point at which one logic 
family ends and another begins. A knowl- 
edge of the specific input/output (I/O) char- 
acteristics of each device is necessary, anda 
knowledge of the general internal structure 
is desirable, to ensure reliable digital inter- 
faces. Typical internal structures have been 
illustrated for each common logic family. 
Fig 7.32 illustrates the logic level changes 
for different TTL and CMOS families; 
databooks should be consulted for 
manufacturer’s specifications. 

Often more than one conversion scheme 
is possible, depending on whether the 
designer wishes to optimize power con- 
sumption or speed. Usually one quality 
must be traded off for the other. The fol- 
lowing section discusses some specific 
logic conversions. Where an electrical 
connection between two logic systems 
isn’t possible, an optoisolator can some- 
times be used. 


TTL Driving CMOS 


TTL and low-power TTL can drive 
74C series CMOS directly over the com- 
mercial temperature range without an 
external pull-up resistor. However, they 
cannot drive 4000-series CMOS di- 
rectly; and for HC-series devices, a pull- 
up resistor is recommended. The pull- 
up resistor, connected between the 
output of the TTL gate and Vcc as 
shown in Fig 7.33A, ensures proper 
operation and enough noise margin by 
making the high output equal to Vpp. 
Since the low output voltage will also 
be affected, the resistor value must be 
chosen with both desired high and low 
voltage ranges in mind. Resistors val- 
ues in the range 1.5 KQ to 4.7 KQ should 
be suitable for all TTL families under 
worst conditions. A larger resistance 
reduces the maximum possible speed of 
the CMOS gate; a lower resistance gen- 
erates a more favorable RC product but 
at the expense of increased power dissi- 
pation. 

HCT-series and ACT-series CMOS de- 
vices were specifically designed to inter- 
face nonCMOS devices to a CMOS sys- 
tem. An HCT device acts as a simple buffer 
between the nonCMOS (usually TTL) and 
CMOS device and may be combined with 
alogic function if a suitable HCT device is 
available. 

When the CMOS device is operating 
from a power supply other than +5 V, the 
TTL interface is more complex. One fairly 
simple technique uses a TTL open-collec- 
tor output connected to the CMOS input, 


TYPICAL 
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2N4401 
2N3904 
2N2222 


Fig 7.33 — TTL to CMOS interface circuits: (A) pull-up resistor, (B) common-base 
level shifter and (С) op amp configured as a comparator. 


with a pull-up resistor from the CMOS 
input to the CMOS power supply. Another 
method, shown in Fig 7.33B, is acommon- 
base level shifter. The level shifter trans- 
lates a TTL output signal toa+15 VCMOS 
signal while preserving the full noise im- 
munity of both gates. An excellent con- 
verter from TTL to CMOS using dual 
power supplies is to configure an opera- 
tional amplifier as a comparator, as shown 
in Fig 7.33C. An FET op amp is shown 
because its output voltage can usually 
swing closer to the rails (+ and — supply 
voltages) than a bipolar unit. 


CMOS Driving TTL 
Certain CMOS devices can drive TTL 
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loads directly. The output voltages of 
CMOS are compatible with the input re- 
quirements of TTL, but the input-current 
requirement of TTL limits the number of 
TTL loads that a CMOS device can drive 
from a single output (the fan-out). 
Interfacing CMOS to TTL is a bit more 
complicated when the CMOS is operating 
at a voltage other than +5 V. One tech- 
nique is shown in Fig 7.34A. The diode 
blocks the high voltage from the CMOS 
gate when it is in the high output state. A 
germanium diode is used because its lower 
forward-voltage drop provides higher 
noise immunity for the TTL device in the 
low state. The 68-kQ resistor pulls the in- 
put high when the diode is back biased. 
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There are two CMOS devices specifi- 
cally designed to interface CMOS to TTL 
when TTL is using a lower supply voltage. 
The CD4050 is a noninverting buffer that 
allows its input high voltage to exceed the 
supply voltage. This capability allows the 
CD4050 to be connected directly between 
the CMOS and TTL devices, as shown in 
Fig 7.34B. The CD4049 is an inverting 
buffer that has the same capabilities as the 
CD4050. 


CMOS 


4000B OR LOW-POWER 


74C SERIES TE 


CMOS 
40008 OR 
74C SERIES 


LOW-POWER 
TTL 


Fig 7.34 — CMOS to TTL interface circuits: (A) blocking diode used when different 
supply voltages are used. The diode is not necessary if both devices operate with 
a +5 V supply. (B) CMOS noninverting buffer IC. 


Computer Hardware 


So far, this chapter has discussed digital 
logic, the implementation of that logic 
with integrated circuits, interfacing IC 
logic families and the use of memory to 
store information used by the ICs. The 
synthesis of all this technology is the mi- 
crocomputer — combining a microproces- 
sor IC, memory chips and user interface 
into the modern digital computer. A com- 
puter has both physical components; hard- 
ware and a collection of programs; soft- 
ware, to tell it what to do. This section will 
focus on the physical components of the 
computer: its internal physical compo- 
nents, the chips and how they work and 
interact and its external I/O devices for 
communication with a user. 


COMPUTER ORGANIZATION 

The architecture of a computer is the 
arrangement of its internal subsystems: the 
microprocessor(s), memory, I/O and in- 
terfacing. Each subsystem may be concen- 
trated on a single IC or spread between 
many chips. The microprocessor, also 
known as the central processing unit 
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Fig 7.35 — Example of a basic computer architecture. 


(CPU) and usually a single chip, consists 
of three parts: a control unit, an arithmetic 
logic unit (ALU) and temporary storage 
registers. A bus — a set of wires to carry 
address, data and control information — 
interconnects all of the subsystems. Most 
modern computers are some variation on 
the basic architecture shown in Fig 7.35. 

The microprocessor, memory chips and 
other circuitry are all part of the system’s 
hardware; the physical components of a 
system. The computer case, the nuts and 
bolts and physical parts are other parts of 
the hardware. A computer also includes 
software; a collection of programs or se- 
quence of instructions to perform a speci- 
fied task. Some microprocessors inter- 
nally are complete circuitry. The design of 
general purpose computers is so complex, 
however, that it is nearly impossible to 
design an original architecture without any 
bugs. Thus many designers use micropro- 
cessors that include microcode or micro- 
instructions: instructions in the control 
unit of a microprocessor. This hybrid be- 
tween hardware and software is called 
firmware. Firmware also includes soft- 
ware stored in ROM or EPROM rather 
than being stored on magnetic disk or tape. 

Computer designers make decisions on 
hardware, software and firmware based on 
cost versus performance. Thus, today’s 
computer market includes a wide range of 
systems, from high-performance super- 
computers, which cost millions of dollars, 
to the personal microcomputer, with costs 
in the thousands new and in the hundreds 
for older used models. 


THE CENTRAL PROCESSING UNIT 


The central processing unit is usually a 
single microprocessor chip, although its 
subsystems can be on more than one chip. 
The CPU at least includes a control unit, 
timing circuitry, an arithmetic logic unit 
(ALU) and also usually contains registers 
for temporary storage. 


Control Unit 


The control unit directs the operation of 
the computer, managing the interaction 
between subunits. It takes instructions 
from the memory and executes them, per- 
forming tasks such as accessing data in 
memory, calling on the ALU or perform- 
ing I/O. Control is one of the most diffi- 
cult parts to design, thus it is the most 
likely source of bugs in designing an origi- 
nal architecture. 

Microprocessors consist of both 
hardwired control and microprogrammed 
control. In both cases, the designer deter- 
mines a sequence of states through which 
the computer cycles, each with inputs to 
examine and outputs to activate other CPU 
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Fig 7.36 — Example arrangements of a control unit and related components: (A) 
hardwired control and (B) microprogrammed control. 


subsystems (including activating itself, 
indicating which state to do next). For 
example, the sequence usually starts with 
“Fetch the next instruction from memory,” 
with control outputs to activate memory 
for a read, a program counter to send the 
address to be fetched and an instruction 
register to receive the memory contents. 
Hardwired control is completely via cir- 
cuitry, usually with a programmed logic 
array. Microprogrammed control uses a 
microprocessor with a modifiable control 
memory, containing microcode or micro- 
instructions. An advantage of micro- 
programmed control is flexibility: the 
code can be changed without changing the 
hardware, making it easier to correct de- 
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sign errors. Fig 7.36 shows examples of 
both types of control. 
Timing 

Usually, an oscillator controlled by a 
quartz crystal generates the micro- 
computer’s clock signal. The output of this 
clock goes to the microprocessor and to 
other ICs. The clock synchronizes the 
microcomputer subunits. For example, 
each of the microinstructions is designed 
to take only one clock cycle to execute, so 
any components triggered by a micro- 
instuction’s control outputs should finish 
their actions by the end of the clock cycle. 
The exception to this is memory, which 
may take multiple clock cycles to finish, 
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so the control unit repeats in its same state 
until memory says it’s done. Since the 
clock rate effectively controls the rate at 
which instructions are executed, the clock 
frequency is one way to measure the speed 
of acomputer. Clock frequency, however, 
cannot be the only criteria considered be- 
cause the actions performed during a clock 
cycle vary for different designs. 


Arithmetic Logic Unit 


The arithmetic logic unit (ALU) per- 
forms logical operations such as AND, OR 
and SHIFT and arithmetic operations such 
as addition, subtraction, multiplication 
and division. The ALU depends on the 
control unit to tell it which operation to 
perform and also to trigger other devices 
(memory, registers and I/O) to supply its 
input data and to send out its results to the 
appropriate place. 

The ALU often only performs simple 
operations. Complex operations, such as 
multiplication, division and operations in- 
volving decimal numbers, are performed 
by dedicated hardware, called floating- 
point processors, or “coprocessors.” 
These may be included on the original 
motherboard or may be optional upgrades. 


Registers 


Microprocessor chips have some inter- 
nal memory locations that are used by the 
control unit and ALU. Because they are 
inside the microprocessor IC, these regis- 
ters can be accessed more quickly than 
other memory locations. Special purpose 
registers or dedicated registers are purely 
internal, have predefined uses and cannot 
be directly accessed by programs. General 
purpose registers hold data and addresses 
in use by programs and can be directly ac- 
cessed, although usually only by assem- 
bly level programs. 

The dedicated registers include the 
instruction register, program counter, 
effective address register and status reg- 
ister. The first step to execute an in- 
struction is to fetch it from memory and 
put it in the instruction register (IR). 
The program counter (PC) is then 
incremented to contain the address of 
the next instruction to be fetched. An 
instruction may change the program 
counter as a result of a conditional 
branch (if-then), loop, subroutine call 
or other nonlinear execution. If data 
from memory is needed by an instruc- 
tion, the address of the data is calcu- 
lated and fetched with the effective ad- 
dress register (EAR). The status 
register (SR) keeps track of various con- 
ditions in the computer. For example, it 
tells the control unit when the keyboard 
has been typed on so the control unit 


7.24 Chapter 7 


knows to get input. It also notices if 
something goes wrong during an in- 
struction execution, for example an at- 
tempted divide by 0, and tells the con- 
trol unit to halt the program or fix the 
error. Certain bits in the status register 
are known as the condition codes; flags 
set by each instruction. These flags tell 
information about the result of the lat- 
est instruction — such as if the result 
was negative or positive or zero and if 
an arithmetic overflow or a carry error 
occurred. The flags can then be used by 
a conditional branch to decide if that 
branch should be taken or not. 

Some architectures also use a stack 
pointer (SP) and/or an accumulator. In a 
stack system, a memory location is desig- 
nated as the "bottom" of the stack. Data to 
be stored is always added to the next 
memory location, the "top" of the stack; 
and data to be accessed must always be 
taken off the "top." (This technique is 
called “last in, first out," or LIFO.) The 
stack pointer keeps track of the current 
*top" address. Stack and accumulator ar- 
chitectures are distinguished from an ALU 
design by how they handle operations. For 
an ALU to perform an addition, two inputs 
are provided from the general-purpose 
registers. In the stack and accumulator 
systems, only one input is provided with 
the default second input being the top of 
the stack or the contents of the accumula- 
tor respectively. These different ap- 
proaches significantly effect the CPU de- 
sign. Stack and accumulator architectures 
are simpler to design but less flexible, 
causing them to be slower. Stacks are still 
in use in some machines but only for tem- 
porary storage rather than arithmetic op- 
erations. The ALU and general-purpose 
registers are the dominant architecture 
today. 


MEMORY 


Computers and other digital circuits 
rely on stored information, either data to 
be acted upon or instructions to direct cir- 
cuit actions. This information is stored in 
memory devices, in binary form. This sec- 
tion first discusses how to access an indi- 
vidual item in memory and then compares 
different memory types, which can vary 
how quickly and easily an item is accessed. 


Accessing a Memory Item 


Memory devices consist of a large num- 
ber of memory cells each capable of re- 
membering one bit of binary information. 
The information in memory is stored in 
digital form with collections of bits, called 
words, representing numbers and sym- 
bols. The most common symbol set is the 
American National Standard Code for In- 


formation Interchange (ASCII). Words in 
memory, just like the letters in this sen- 
tence, are stored one after the other. They 
are accessed by their location or address. 
The number of bits in each word, equal to 
the number of memory cells per memory 
location, is constant within a memory de- 
vice but can vary for different devices. 
Common memory devices have word sizes 
of 8, 16 and 32 bits. 


Addresses and Chip Size 


An address is the identifier, or name, 
given to a particular location in 
memory. Since this address is expressed 
as a binary number, the number of 
unique addresses available in a particu- 
lar memory chip is determined by the 
number of bits to express the address. 
For example, a memory chip with 8 bit 
addresses has 28 = 256 memory loca- 
tions. These locations are accessed as 
the addresses 00000000 through 
11111111, 0 through 255 decimal or 00 
through FF hex. (For ease of notation, 
programmers and circuit designers use 
hexadecimal, base 16, notation to avoid 
long strings of 1s and 05.) The memory 
chip size can be expressed as M x N, 
where M is the number of unique ad- 
dresses, or memory locations and N is 
the word size, or number of bits per 
memory location. Memory chips come 
in a variety of sizes and can be arranged, 
together with control circuitry and de- 
coders, to meet a designer's needs. 


Basic Structure 


Memory chips, no matter how large or 
small, have several things in common. 
Each chip has address, data and control 
lines, as shown by the example chip in 
Fig 7.37. A memory chip must have 
enough address lines to uniquely address 
each of its words and as many data lines as 
there are bits per word. For example, the 
256 x 1 memory in Fig 7.37 has 8 address 
lines and 1 data line. 


Address 


Chip 
Select 


Read/Write 


Fig 7.37 — Example of a 256 x 1 
memory chip. 


+з 


The control lines for a memory chip can 
vary. Fig 7.37 shows a simple example: 
two contro! lines, a R/ Wand cs. In this 


case, data lines transfer both inputs (when - - 


writing) and outputs (when reading) so the 
R/Wcontrol line is needed to put the 
memory chip in read mode or write mode. 
The chip select, cs, control line tells the 
chip whether it is in use. When the chip is 
selected, it is “оп,” acting upon the ad- 
dress, data and R/W information pre- 
sented to it. When the chip is not selected, 
the data line enters a high-impedance state 
so that it does not affect, and is not af- 
fected by, devices or circuits attached to 
It. ` 


Reading and Writing | 

To write (store data in) or read (retrieve 
data from) a memory device, it is neces- 
sary to gain access to specific memory 
cells. A small 256 x 1 memory chip is used 


as an example. Later, this example will be ` 


expanded to a larger computer memory 
system. Р 

If we want to write a 1 to the 11th word 
of the 256 x 1 memory (such as memory 


location 10 decimal or 00001010 binary),* 


we must execute the following steps: 

(1) Place the correct 
(00001010) on the address lines. 

(2) Place the data to be written (1) on 
the data line. | 

(3) Set the R/W control line to write 
(low, 0). : 

(4) Set the CS control line to select 
(high, 1). (Many memory devices 
use an active low chip select, CS.) 

This writes the data on the data line (1) 
to the address on the address lines 
(00001010). 

The steps to read the contents of the 


11th word are similar except that the 
R/W control line is set to to read’ 


(high, 1), 
Timing | 
Subtle timing requirements must also 


be incorporated into the above steps. 
While writing, the address and data in- 


:. formation must be present for a mini- 


mum setup time before and hold time 
after, the CS and R/W signals have been 
activated. This is to avoid spurious sig- 
nals spraying all over the memory ar- 
ray. While reading, address line changes 
are not harmful, but the output data. is 
only valid a minimum access time after 
the last address input is stable. Manu- 
facturers’ data sheets and application 
notes provide the timing specifications 
for the particular IC you are using. 


Larger Words 
The one-bit-wide memory described 
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Fig 7.38 — A 256 x 4 memory built with four 256 x 1 memory chips. 


above provides a good introduction, but 
usually we want a wider memory. One way 
to get wider-memory is to use several 
1-bit-wide memory chips, as shown in 


Fig 7.38. The address and control lines go ` 


to each chip, and data from each chip is 
used as a single bit in the large word. It is 
easy to see that when reading from address 
ОА (hex), the data lines DO through D3 
contain the data from address OA of chips 
U0 through U3. 

An address placed on the shared ad- 
dress lines (called an address bus) now 
specifies an entire word of data. Notice 
that one line of the address bus connects 
to the CS pin of each memory chip. This 
line is labeled ME, or memory enable, 
and sets all four ICs to read or write data 
at the same time. 

If all four memory chips were put in a 


single package, they would make a 256 x . 


4 IC. This IC would look like the chip in 
Fig 7.37, except that it would have 4 data 
lines. 


More Address Space 


For even larger memory systems, the 
same principles as shown in Fig 7.38 can 
be applied. Fig 7.39 shows a 1024 x 8 (1 
kilobyte) memory built from four 256 x 
8 memory chips. A kilobyte, or kbyte is 
usually abbreviated as K. Notice this is 
not quite the same as the metric prefix 
kilo, because it represents 1024, rather 
than 1000. | see 

Ten address lines are needed to ad- 
dress 1024 locations (210 = 1024). Eight 
of the 10 address lines, AO to A7, are 
used as a normal address bus for chips 0 
through 3. The remaining 2 address 
lines, A8 and А9, are run through a 2-to- 


4 line decoder to choose between the 4 
memory chips. When employed in this 
manner, the 2-to-4 line decoder is called 
an address decoder. 

To assert the CS input for one of the 
memory chips, ME must be 1 and the cor- 
rect output of the 2-to-4 line decoder 
must also be 1. When an address is 
placed on AO through A9, a single 
memory chip is selected by ME, A8 and 
A9. The other 8 address lines address a 
single word from that chip. The three 
chips that are not selected enter a high- 
impedance state and do not affect the 
data lines. This example shows that, 
using the proper memory chips and ad- 
dress decoding, any size memory with 
any word length can be built. | 


Alternate Structures 


Fig 7.40 shows how the same chip can 
be accessed in different ways by using two 
decoders, a row decoder and a column 
decoder. The same 256 x 256 memory ar- 
ray can be treated as a 64 K x 1 array, a 256 


' X 256 array or other possibilities. In fact, 
most larger memory chips are made as 


square arrays: 32 x 32 (1024 bytes or 1 K), 
64 x 64 (4096 bytes or 4 K), 256 x 256 
(65536 bytes or 64 K), 1024 х1024 (1 M), 
2048 x 2048 (4 M), 4096 x 4096 (16 M) 
and so on. (Here the M represents a mega- 
byte, which is 1048576 bytes.) The square 
array makes the chips more cost effective 
to manufacturer (easier quality control and 
less waste) and easier to incorporate into a 
printed-circuit-board circuit layout. No- 
tice that each M x N is a power of 2. So 
while we refer to the chips by shorter 
names like 1 Mbyte, the actual number of 
memory cells is larger than 1000000. The 
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Fig 7.39 — A 1024 x 8 memory built with four 256 x 1 memory chips and 


appropriate control circuitry. 
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Fig 7.40 — Row and column decoders allow a memory array to be accessed in a 


variety of formats. 


product, M x N, only refers to the number 
of memory cells in the chip; and designers 
are free to choose the word size appropri- 
ate to their needs. In fact, they may access 
one location as an 8-bit word and another 
as a 16-bit word. For example, a computer 
with a Motorola MC68000 microproces- 
sor automatically accesses a character, 
such as “A,” as 8 bits (a byte), an integer 
as 16 bits (a word) and a real value as 32 
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bits (alongword). (Apple Macintosh com- 
puters use the MC68000 microprocessor.) 
To further complicate things, a different 
manufacturer may call 16 bits a halfword 
and 32 bits a word. In using memory, the 
controller chips and circuitry to access the 
memory can be just as important as the 
memory itself. 


Memory Types 


The concepts described above are ap- 
plied to several types of random-access, 
semiconductor memory. Semiconductor 
memories are categorized by the ease and 
speed with which they can be accessed and 
their ability to “remember” in the absence 
of power. 


SAM versus RAM 


One way to categorize memory is by 
what memory cells can be accessed at a 
given instant. Sequential-access memory 
(SAM) must be accessed by stepping past 
each memory location until the desired 
location is reached. Magnetic tapes imple- 
ment SAM; to reach information in the 
middle of the tape, the tape head must pass 
over all of the information on the begin- 
ning of the tape. Two special types of SAM 
are the queue and the push-down stack. In 
a queue, also called a first-in, first-out 
(FIFO) memory, locations must be read in 
the order that they were written. The queue 
is a “first-come, first-served” device, like 
a line at a ticket window. The push-down 
stack is also called last-in, first-out (LIFO) 
memory. In LIFO memory, the location 
written most recently is the next location 
read. LIFO can be visualized as a stack, 
always adding to and removing from the 
“top” of the stack. Random-access 
memory (RAM) allows any memory cell to 
be accessed at any instant, with no time 
wasted stepping past the “beginning” parts 
of the data. Random-access memory is like 
a bookcase; any book can be pulled out at 
any time. 

It is usually faster to access a desired 
word in RAM than in SAM. Also, all 
words in RAM have the same access time, 
while each word in a SAM has a different 
access time based on its position. Gener- 
ally, the semiconductor memory devices 
internal to computers are random-access 
memories. Magnetic devices, such as 
tapes and disks, have at least some sequen- 
tial access characteristics. We will leave 
tapes and disks for a later section and con- 
centrate here on random-access, solid- 
state memories. 


Random Access Memory 


Most RAM chips are volatile, meaning 
that stored information is lost if power is 
removed. RAM is either static or dynamic. 
Dynamic RAM (DRAM) stores a bit of in- 
formation as the presence or absence of 
charge. This charge, since it is stored in a 
capacitor, slowly leaks away. It must be 
refreshed periodically. Memory refresh 
typically occurs every few milliseconds 
and is usually performed by a dynamic 
RAM controller chip. Static RAM (SRAM) 
stores a bit of information in a flip-flop. 
Since the bit will retain its value until ei- 


ther power is removed or another bit re- 
places it, refresh is not necessary. 

Both types of RAM have their advan- 
tages and disadvantages. The advantage 
of DRAM is increased density and ease of 
manufacture, making them significantly 
less expensive. SRAMs, however, have 
much faster access times. Most general 
purpose computers use DRAMs, since 
large memory size and low cost are the 
major objectives. Where the amount of 
memory required doesn’t justify the use of 
DRAM, and the faster access time is im- 
portant, SRAMs are common, for ex- 
ample, in embedded systems (telephones, 
toasters) and for cache memories. Both 
types of RAM are available in MOS fami- 
lies; SRAMs are also available in bipolar. 
Generally, MOS RAMs have lower power 
consumption than bipolar RAMs, while 
access speeds vary widely. Cost, power 
consumption and access time, provided in 
manufacturers’ data sheets, are factors to 
consider in selecting the best RAM for a 
given application. 


Read-Only Memory 


Read-only memory (ROM) is nonvola- 
tile; its contents are not lost when power is 
removed from the memory. Despite its 
name, all ROMs can be written or pro- 
grammed at least once. The earliest ROM 
designs were “written” by clipping a di- 
ode between the memory bit and power 
supply wherever a 0 was desired. Modern 
MOS ROMs use a transistor instead of a 
diode. Mask ROMs are programmed by 
having ones and zeros etched into their 
semiconductors at manufacturing time, 
according to a pattern of connections and 
nonconnections provided in a mask. Since 
the “programming” of a mask ROM must 
be done by the manufacturer, adding ex- 
pense and time delays, this type of ROM is 
primarily used only in high volume appli- 
cations. 

For low-volume applications, the pro- 
grammable ROM (PROM) is the most ef- 
fective choice since the data can be writ- 
ten after manufacture. A PROM is 
manufactured with all its diodes or tran- 
sistors connected. A PROM programmer 
device then “burns away” undesired con- 
nections. This type of PROM can be writ- 
ten only once. i 

Two types of PROMs that can be 
“erased” and reprogrammed are EPROMs 
and EEPROMs. The transistors in UV 
erasable PROMs (EPROM s) have a float- 
ing gate surrounded by an insulating ma- 
terial. When programming with a bit 
value, a high voltage creates a negative 
charge on the floating gate. Exposure to 
ultraviolet light erases the negative 
charge. Similarly, electrically erasable 


PROMs (EEPROMs) erase their floating- 
gate values by applying a voltage of the 
opposite polarity. Table 7.10 summarizes 
these ROM characteristics. 

Besides being nonvolatile, PROMs are 
also distinguished from RAMs by their 
read and write times. Naturally, since 
PROMs are only written to infrequently, 
they can have slow write times (in the 
millisecond range). Their read times, how- 
ever, are near those of RAM (in the nano- 
seconds). Read and write times for RAMs 
are nearly equal, both in the nanosecond 
range. Two other factors make it hard to 
write to PROMs: (1) PROMs must be 
erased before they can be reprogrammed 
and (2) PROMs often require a program- 
ming voltage higher than their operating 
voltage. 

ROMs are practical only for storing data 
or programs that do not change frequently 
and must survive when power is removed 
from the memory. The programs that start 
up a computer when it is first switched on 
or the memory that holds the call sign ina 
repeater IDer are prime candidates for 
ROM. 


Nonvolatile RAM 


For some situations, the ideal memory 
would be as nonvolatile as ROM but as 
easy to write to as RAM. The primary 
example is data that must not be allowed 
to perish despite a power failure. Low- 
power RAMs can be used in such applica- 
tions if they are supplied with NiCd or 
lithium cells for backup power. A more 
elegant and durable solution is nonvola- 
tile RAM (NVRAM), which includes both 
RAM and ROM. The standard volatile 
RAM, called shadow RAM, is backed up 
by nonvolatile EEPROM. When the RE- 
CALL control is asserted, such as when 
power is first applied, the contents of the 
ROM are copied into the RAM. During 
normal operation, the system reads and 
writes to the RAM. When the STORE con- 
trol 15 triggered, such as by a power failure 
or before turning off the system, the entire 
contents of the RAM are copied into the 
ROM for nonvolatile storage. In the event 


of primary power failure, to successfully 
save the RAM data, some power must be 
maintained until the memory store is com- 
plete (+5 V for 20 ms). 


Cache versus Main Memory 


Memory is in high demand for many 
applications. To balance the trade-off of 
speed versus cost, most computers use a 
larger, slower, but cheaper main memory 
in conjunction with a smaller, faster, but 
more expensive cache memory. As you 
run a computer program, it accesses 
memory frequently. When it needs an 
item, a piece of data or the next part of the 
program to execute, it first looks in the 
cache. If the item is not found in the cache, 
it is copied to the cache from the main 
memory. As you run a computer program, 
it often repeats certain parts of the pro- 
gram and repeatedly uses pieces of data. 
Since this information has been copied to 
the high-speed cache, your computer game 
or other application can run faster. Infor- 
mation used less often or not being used at 
all (programs not currently being run) can 
stay in the slower main memory. 

A “cache” is a place to store treasure; 
the treasure, the information you are using 
frequently, can be accessed quickly be- 
cause it is in the high-speed cache. The use 
of cache versus main memory is managed 
by acomputer’s CPU so it is transparent to 
the user. The improvement in program 
execution time is similar to accessing a 
floppy disk versus the computer’s internal 
memory. 


/О TRANSFERS 


Input and output allow the computer to 
react to and affect the outside world. The 
ability to interact with their environment 
is a primary reason why computers are so 
useful and cost-effective. Usually, I/O is 
provided by a user, and a great deal of 
effort goes towards making computers 
user-friendly. Alongside the drive for 
user-friendly computers is the drive for 
automation. Data is acquired and opera- 
tions are performed automatically, such as 
the packet bulletin board automatically 


Table 7.10 

ROM Characteristics 

Type Technology Read Time 
Mask ROM NMOS, CMOS 25 - 500 ns 
Mask ROM Bipolar « 100 ns 
PROM Bipolar « 100 ns 
EPROM NMOS, CMOS 25 - 500 ns 
EEPROM NMOS 50 - 500 ns 
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Write Time Comments 

= 4 weeks Write once; low power 

= 4 weeks Write once; high power; 
low density 

= 5 minutes Write once; high power; 
no mask required 

=5 minutes Reusable; low power; 
no mask required 

10 ms / byte 10000 write cycles per 


location limit 
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forwarding a message. This section dis- 
cusses the relationship of I/O to the inter- 
nal operation of the computer: how the 
computer knows when and what I/O has 
been provided. The next section, on pe- 
ripherals, discusses the range of devices 
that provide this information. 


Program-Controlled I/O 


Program-controlled I/O might be un- 
derstood by thinking of a cook who re- 
turns to the oven every few minutes to see 
if a meal is ready. Under program-con- 
trolled I/O, or polling, input and output 
events are initiated by the program cur- 
rently running on the microcomputer. The 
program polls the I/O device, constantly 
checking if it is ready to accept or deliver 
data. When the I/O device indicates that it 
is ready, then the instruction that actually 
sends or receives the data is executed. 

An advantage of program-controlled 
ЏО is its simplicity. Program-controlled 
I/O is easily written and debugged. A dis- 
advantage is wasted time. The program 
must spend its time checking the status of 
the I/O device rather than doing other use- 
ful things. If the program must have the 
input data before continuing, then no time 
is wasted; but if it could have been per- 
forming other tasks, then polling can be 
expensive and wasteful. Packet radio pro- 
vides a familiar example of polling: the 
TNC repeatedly sends a packet until a con- 
firmation message has been received from 
the BBS. 


Interrupt-Driven I/O 


Interrupt-driven 1/O avoids wasting 
time in a polling loop. The cook, rather 
than constantly checking the oven, goes 
off to other work until the timer rings. This 
efficiency is especially important on 
multiuser systems, where one program 
may be waiting for I/O while another pro- 
gram is executing. 

The ring of the timer is called an inter- 
rupt, a temporary break in the normal ex- 
ecution of a program. The act of taking the 
food out of the oven is coded in an inter- 
rupt service routine. An interrupt service 
routine (ISR) is any code that performs the 
appropriate actions in response to a cer- 
tain interrupt. Each interrupt has a num- 
ber, and the location of each ISR is listed 
in a table next to its number. From the 
machine's perspective, the process is as 
follows: One of the bits in the micro- 
processor's status register is called the 
interrupt request indicator. When this bit 
becomes a 1, an interrupt has occurred. 
Circuitry indicates the number of the de- 
vice requesting the interrupt. The machine 
temporarily suspends whatever it was 
working on and looks at its table of service 
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routines. From the table, the machine finds 
the location of the appropriate ISR and 
automatically jumps to that code and be- 
gins executing it. When finished with the 
ISR, the machine automatically returns to 
whatever it was doing before the interrupt. 

The "getchar" subroutine below shows 
how an interrupt service routine for key- 
board input might look in assembly lan- 
guage. 


getchar: 

MOVE RCVDATA,R7 ; Move the 
data from the receiver to the 
temporary storage register 

RTE ; Return to normal execution 


There are two key differences from the 
previous example: (1) No polling loop is 
involved. The READY bit, instead of being 
polled, triggers the interrupt request bit. 
(2) Leaving the main program and return- 
ing to it are done automatically by the 
machine instead of with a subroutine call 
inside the code. 

The advantage of interrupt-driven 
I/O is that no time is wasted in a polling 
loop. This is especially advantageous in 
amultiuser environment where process- 
ing time must be juggled between the 
user demands. The disadvantage of in- 
terrupts is that program flow can be- 
come very confusing; for example, what 
happens if an interrupt service routine 
gets interrupted? This is usually 
handled by assigning priorities to each 
possible interrupt and, when inside an 
ISR, ignoring other interrupts of lesser 
or equal priority. 

A familiar example of an interrupt is 
when you want to crash out of a pro- 
gram; for example, the CTRL - ALT- DEL 
key combination on an IBM, the reset 
button on a Macintosh, or the CTRL C or 
CTRL Y combination on a UNIX ma- 
chine. Examples of a timer interrupt are 
the sending every ten minutes of a 
repeater's ID; the automatic save of 
some word processors; and, when doing 
packet, the BBS automatically kicks 
you out for too many minutes of inactiv- 


ity. 
Memory-Mapped I/O 


In memory-mapped I/O, addresses that 
are treated like RAM by the microproces- 
sor are actually I/O devices. Thus, a com- 
mand that would usually be used to read or 
write to a memory location might actually 
result in an I/O operation. Since memory 
mapping is an addressing technique, it can 
be used with either interrupt-driven or 
polled I/O. 


Direct Memory Access 
Direct Memory Access (DMA) enables 


data to be transferred directly between 
memory and an I/O device without involv- 
ing the CPU. The advantages of DMA are 
to provide high-speed transfer of data, 
such as from a peripheral disk drive or 
communications device, while the CPU is 
performing internal tasks. The data trans- 
fer operation is managed by a DMA con- 
troller, either a separate chip or internal to 
the microprocessors. The following illus- 
trates some of the steps involved in the 
ЏО transfer: 

An I/O device requests DMA operation. 

The DMA controller requests the bus 
from the CPU. 

The CPU acknowledges the request and 
releases the bus. 

The DMA controller tells the I/O device 
to send its information. 

The DMA technique is used by I/O pro- 
cessors. In large computer systems, these 
auxiliary processors perform most of the 
1/O functions, thus freeing the CPU for 
other tasks. 


PERIPHERALS 


Peripherals are any devices outside the 
CPU. They provide additional capabili- 
ties. One of the most common examples 
being communication with a user via in- 
put devices and output devices. Input de- 
vices provide the computer both data to 
work on and programs to tell it what to do. 
Output devices present the results of com- 
puter operations to the user or another 
system and may even control an external 
system. Both input and output combine to 
provide user friendly interaction. This sec- 
tion discusses the most common user in- 
terfaces. 

Most of these devices have adapted to 
certain standards and use readily available 
connection cables. Thus, they can be eas- 
ily incorporated into a system, and a 
knowledge of the internal actions is not 
necessary. A knowledge of how external 
memory devices work is more useful and 
will be discussed in more detail. 


Input Devices 


The keyboard is probably the most fa- 
miliar input device. A keyboard simply 
makes and breaks electrical contacts. The 
open or closed contacts are usually sensed 
by a microprocessor built into the circuit 
board under the keys. This microproces- 
sor decodes the key closures and sends the 
appropriate ASCII code to the main com- 
puter unit. Keyboards will generate the 
entire 128 character ASCII set and often, 
with CONTROL and ALT (Alternate) keys, 
the 256 character extended ASCII set. 

The mouse is becoming increasingly 
popular for use with graphical user inter- 
faces. The mouse casing holds a ball and 


circuitry to act as a multidirectional detec- 
tion device. By moving the mouse, the ball 
rolls, controlling the relative position of a 
cursor on the screen. Buttons on the mouse 
make and break connections (clicking) to 
select and activate items (icons) on the 
screen. The trackball is a variation of the 
mouse. 

Other input devices include modems 
and magnetic disks and tapes. Magnetic 
disks and tapes, discussed at length later, 
provide additional external memory. 
Newer input devices include voice acti- 
vated devices, touch screens and scanners. 


Output Devices 


The most familiar output device is the 
computer screen, or monitor. For smaller 
character displays, LED arrays can be 
used. The next most common output de- 
vice is the printer, to produce paper 
hardcopy. Modems and magnetic disks 
and tapes are output devices as well as 
input devices. Newer output devices in- 
clude speech synthesizers. 

The output devices (except the sound 
device) share a common display tech- 
nique: images, such as characters and 
graphics, are formed by tiny dots, called 
pixels (picture elements). On screens, 
these are dots of light turned on and off. In 
printers, they are dots of ink imposed onto 
the paper. For color displays, pixels in red, 
green and blue (RGB) are spaced closely 
together and appear as numerous colors to 
the human eye. Fig 7.41A and B show two 
examples of how characters can be formed 
using an array of dots. Part C shows how 


a series of 14 bars can be arranged to form 
a character display. 


Video Displays 

Video monitors are usually specialized 
cathode-ray tube (CRT) displays. In newer 
notebook computers, the monitors are be- 
ing fabricated with monochrome or color 
liquid-crystal displays (LCDs), but color 
LCD displays are still quite expensive. A 
standard TV set can even be used as a com- 
puter monitor. Two techniques are used to 
turn on the screen pixels. Raster scanning 
covers the screen by writing one row of 
pixels at a time, from left to right and top 
to bottom. Then, a vertical retrace brings 
the beam back to the top of the screen to 
begin again. Raster scanning signals ev- 
ery pixel on or off for each screen pass. An 
alternative, vector mode, only signals the 
pixels where something on the screen has 
changed. 

Light-emitting diodes (LEDs) are handy 
when a full screen display is not neces- 
sary. A single diode easily indicates on/ 
off states such as the power light on many 
devices. A popular single character dis- 
play is the seven segment version, shown 
in Fig 7.41D, which is good for displaying 
numbers. 

Various seven-segment decoders are 
available to drive common-cathode and 
common-anode seven-segment displays. 
These drivers receive a number, usually in 
BCD format, and decode the number into 
signal levels to activate the proper a-g 
segments of the display. Fig 7.42 shows 
one example of a seven segment decoder 
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and display. Part B shows a TTL 7447 IC 
and a common-anode LED display. The 
TTL 7448 is designed to drive common- 
cathode displays. The dc illumination 
method shown is the easiest to implement; 
but higher light output with lower energy 
consumption can be obtained by pulsing 
and multiplexing the display voltage. A 
pulse rate of 100 Hz is imperceptible to 
the human eye. 

As more digits are added, using a sepa- 
rate decoder/driver for each display be- 
comes unfeasible from economic and PC- 
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Fig 7.41 — Various character display 
formats. 
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Fig 7.42 — (A)The segments and their arrangement in a seven-segment display. (B) Shows how a 7447 decoder/driver IC 
converts BCD data into the appropriate driving signals for a common-anode seven-segment LED display. A 7448 IC will drive 


a common-cathode LED display. 
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board points-of-view. Fig 7.43 shows how 
a single decoder can be set up to drive 
several displays using a multiplexing 
setup. The multiplexer logic sends input 
data for a digit into the decoder and en- 
ables the common element of the correct 
display, ensuring that a display will be 
energized only when both the segment and 
its common lead are selected. With this 
system, only one digit is energized at any 
instant, a factor that greatly reduces 
power-supply requirements. To maintain 
the brightness of each digit, the current to 
each display segment must be increased. 
When implementing a mulitplexed dis- 
play, be sure not to exceed the peak and 
average current specifications for the dis- 


play. 
Disk Drives 


Magnetic media are essential input/out- 
put devices since they provide additional 
memory. The earliest ways to store pro- 
grams and data were on punched cards and 
tape. Some early home computers used 
audio cassettes. 

Disk storage is prevalent when random 
access is needed. In some ways, disk stor- 
age is similar to that of a record player. 
The data is stored in circles (tracks) on a 
round platter (disk or diskette) and ac- 
cessed by a device (a head) moving over 
the platter. Unlike the record player, the 
tracks are concentric rather than spiral and 
the head can write as well as read. 

Fig 7.44A shows an example of the disk 
recording surface. Usually the tracks are 
divided into equal-sized storage units, 
called sectors. Also, since the disk has two 
sides, most disks can store information on 
both sides. Therefore, locating a piece of 
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information in disk memory means identi- 
fying three coordinates: the side, track and 
sector. 

Accessing a piece of information on the 
disk system involves a number of wait 
times until the data access is complete. 
First, disks may be either movable-head 
or fixed-head, as shown in Fig 7.44B. In 
the movable system, a single read/write 
head is attached to a movable arm, so there 
is a seek time for the movable arm to po- 
sition the read/write head on the appropri- 
ate track. In a fixed system, each track has 
its own read/write head, so seek time is 
zero since the head is immediately in po- 
sition. Second, the data must rotate into 
position under the read/write head. This 
time is called latency. Finally, there is the 
normal time for the read/write to occur. 

A number of types of disk technology 
are available. In hard disk systems, the 
disk is rigid and the read/write head does 
not contact the disk directly. The absence 
of friction between the head and disk al- 
lows finer head positioning and higher 
disk speeds. Thus, hard disks hold more 
data and are accessed more quickly than 
floppy disks. Floppy disks enclose the 
magnetic-media platter in a casing, as 
shown in Fig 7.44C, so the disk can be 
carried around. The floppy disk can be 
inserted into a disk drive and the read/ 
write head automatically extended; when 
done, the read/write head is automatically 
retracted before the disk is ejected from 
the drive. Variations in floppy disks in- 
clude single-sided (SS) or double-sided 
(DS); single, double or high density; and 
3'/2 or 5'/sinches. The density refers to the 
disk format used by the disk controller. 
High data density allows more data to be 
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Fig 7.43 — Multiplexed character displays. The digits are wired in parallel, or with 
all of the “a” segments connected together and so on. BCD data for a particular 
display is placed at the decoder input and the desired display is selected by its 


address. 
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written to the disk but requires a higher 
quality diskette. Not all disks can be writ- 
ten as high density and not all disk drives 
can read high density disks. 

Dust and dirt on the disk and the im- 
perfections in the disk surface gradually 
damage both the disk and the head. This 
means that disks eventually wear out, and 
the data on the disk will probably be lost. 
Therefore, it is prudent to make backup 
copies of your disks, stored in a clean, dry, 
cool place. 


Tape 

Tape is one of the more inexpensive 
options for auxiliary memory. Tape access 
time is slow, since the data must be ac- 
cessed sequentially, so tape is primarily 
used for backup copies of a system's 
memory. Tape is available in cassette form 
(common sizes are comparable to the cas- 
settes for a portable tape player and VCR 
tapes) and on reels (diameter is approxi- 
mately one foot). 

Digital audio tape (DAT) is replacing 
other forms of tape backup system in 
newer computer systems. A single 4-mm- 
wide DAT cartridge, which fits inthe palm 
of your hand, can hold over 2 gigabytes 
(GB) of data (1 GB = 1000 MB). 


INTERNAL AND EXTERNAL 
INTERFACING 


Designing an interface, or simply using 
an existing interface, to connect two de- 
vices involves a number of issues. For 
example, digital interfacing can be catego- 
rized as parallel or serial, internal or exter- 
nal and asynchronous or synchronous. 
Additional issues are the data rate, error 
detection methods and the signaling for- 
mat or standards. The format can be espe- 
cially important since many standards and 
conventions have developed that should 
be taken into consideration. This chapter 
focuses on some basic concepts of digital 
communications for interfacing between 
devices. 


Parallel Versus Serial Signaling 


To communicate a word to you across 
the room, you could hold up flash cards 
displaying the letters of the word. If you 
hold up four flash cards, each with a letter 
on it, all at once, then you are transmitting 
in parallel. If instead, you hold up each of 
the flashcards only one at a time, then you 
are transmitting in serial. Parallel means 
all the bits in a group are handled exactly 
atthe same time. Serial means each of the 
bits is sent in turn over a single channel or 
wire, according to an agreed sequence. 
Fig 7.45 gives a graphic illustration of 
parallel and serial signaling. 

Both parallel and serial signaling are 
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appropriate for certain circumstances. 
Parallel signaling is faster, since all bits 
are transmitted simultaneously; but each 
bit needs its own conductor, which can be 
expensive. Parallel signaling is more 
likely to be used on internal communica- 
tions. For longer distance communica- 
tions, such as to an external device, serial 
signaling is more appropriate. Each bit is 
sent in turn, so communication is slower; 
but it is also less expensive, since fewer 
channels are needed between the devices. 
Most amateur digital communications 
use serial transmission, to minimize cost 
and complexity. The number of channels 
needed for parallel or serial signaling also 
depends on the operational mode: one 
channel per bit for simplex (one-way, from 
sender to receiver only) and for half-du- 
plex (two-way communication, but only 
one person can talk at a time) but two chan- 
nels per bit for full-duplex (simultaneous 
communications in both directions). 


Parallel I/O Interfacing 


Fig 7.46 shows an example of a paral- 
lel input/output chip. Typically, they 
have eight data lines and one or more 
handshaking lines. Handshaking in- 
volves a number of functions to coordi- 
nate the data transfer. For example, the 
READY line indicates that data is avail- 
able on all 8 data lines. If only the 
READY line is used, however, the re- 
ceiver may not be able to keep up with 
the data. Thus, the STROBE line is added 
so the receiver can watch to ensure the 
transmitter is ready for the next charac- 
ter. 


Serial I/O Interfacing 


Serial input/output interfacing is 
more complex than parallel, since the 
data must be transmitted based on an 
agreed sequence. For example, trans- 
mitting the 8 bits (b7, b6, ... bO) of a 
word includes specifying whether the 
least significant bit, bO, or the most sig- 
nificant bit, b7, is sent first. Fortunately, 
a number of standards have developed 
to define the agreed sequence, or encod- 
ing scheme. 


Conversions 


Within computers and other digital cir- 
cuits, data is usually operated on, stored 
and transmitted in parallel. For communi- 
cating with an external device, data must 


Fig 7.44 — Disk storage: (A) a disk 
recording surface, (B) a column of 
disks illustrating fixed versus movable 
head and single versus double sided, 
(C) a floppy disk. 
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usually be converted from parallel to se- 
rial format and vice versa. This conver- 
sion is usually handled by shift registers. 


CHANNEL 7 
CHANNEL 6 
CHANNEL 5 
CHANNEL 4 
1 CHANNEL 3 
о CHANNEL 2 
о 


1 1 Oo 1 1 o o0 > CHANNEL | 


o 1 о 1 o 1 1 1 CHANNEL O 
LSBs 


SSNUISDISISDISDIe[o tme 


(A) 


BIT TIM 
M NEAESESERERERERKR PE 


SINGLE 


1.013. :0..1 CHANNEL 


отго 


Fig 7.45 —Parallel (A) and serial (B) 
signaling. Parallel signaling in this 
example uses 8 channels and is 
capable of transferring 8 bits per bit 
period. Serial transfer only uses 1 
channel and can send only 1 bit per bit 
period. 


Shift registers can be left shifters, 
right shifters or controlled to shift in 
either direction. The most general form, 
a universal shift register, has two con- 
trol inputs for four states: Hold, Shift 
right, Shift left and Load. Most also 
have asynchronous inputs for preset, 
clear and parallel load. 

A register with parallel input and shift 
left serial output will be described, as 
was shown in Fig 7.24. (A serial input/ 
parallel output regíster would work in 
the opposite fashion.) Since the register 
receives information in parallel, the n- 
bit register has n inputs, one to each flip- 
flop. A parallel load control input is 
asserted to pass the initial value. The 
register sends out information in serial 
fashion so there is only one output line. 
Since this example shifts left, the out- 
put comes from the left-most register, 
the most significant bit. On each clock 
pulse, one bit is output and the other 
flip-flops cycle their value up to the next 
flip-flop. A 0 is usually input to the 
least-significant bit so Os will cycle up 
to fill the register. After n clock pulses, 
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Fig 7.46 — Parallel interface with 
READY and STROBE handshaking lines. 
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Fig 7.47 — Serial data transmission format. In asynchronous signaling at A, a 
start pulse of one bit period is followed by the data bits and a stop pulse of at 
least one bit period. In synchronous signaling at B, the data bits are sent 
continuously without start or stop pulses. 
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all data bits have been shifted out and 
the register has a value of 0. 


Asynchronous versus 
Synchronous Communication 


To correctly receive data, the receiving 
interface must know when data bits will 
occur; it must be synchronized with the 
sender. In asynchronous communication, 
the receiver synchronizes on each incom- 
ing character. Each character includes 
start and stop bits to indicate the begin- 
ning and end of that character. In synchro- 
nous communication, data is sent in long 
blocks, without start and stop bits or gaps 
between characters. 


Asynchronous Communication 


In asynchronous communication, each 
transmitted character begins with a start 
bit and ends with a stop bit, as shown in 
Fig 7.47A. The start bit (usually a zero) 
tells the receiver to begin receiving a char- 
acter. The stop bit (usually a one) signals 
the end of a character. Between charac- 
ters, the transmitting circuit sends the stop 
bit state (steady one or zero). 

Since the receiver is always told when a 
character begins and ends, characters can 
be sent at irregular intervals. This is espe- 
cially advantageous for typed input, since 
the person typing is usually slower than 
the data communications equipment and 
will usually work at an uneven pace. An- 
other advantage of asynchronous data is 
that it does not need complex circuits to 
keep it synchronized. Since the receiver is 
newly synchronized at the beginning of 
each character, the characters need not be 
sent in a steady stream and no stringent 
demands are made on the person or pro- 
cess generating the characters. 

A disadvantage of asynchronous com- 
munications is the inclusion of the start 
and stop bits, which are not “useful” data. 
If you are transmitting 8 data bits, 1 start 
bit and 1 stop bit, then 20% (2 of 10 bits) 
is overhead. 


Synchronous Communications 


In synchronous communications, data 
is sent in blocks, usually longer than a 
single character, as shown in Fig 7.47B. 
At the beginning of each block, the sender 
transmits a special sequence of bits that 
the receiver uses for initial synchroniza- 
tion. After becoming synchronized at the 
beginning of a block, the receiver must 
stay synchronized throughout the block. 
The sender and receiver may be using 
slightly different clock frequencies, so it 
is usually not adequate for them to merely 
be synchronized initially. There are sev- 
eral ways for the receiver to stay synchro- 
nized. The transmitter may send the clock 


signal on a separate channel, but this is 
wasteful. The modulation technique used 
on the communications channel may con- 
vey clock information or the clock may be 
implicit within the data. See Fig 7.48. 

One disadvantage of synchronous trans- 
mission is that the data must be sent as a 
continuous stream; characters must be 
placed in a buffer until there are enough to 
make a block. Also, while errors in asyn- 
chronous signaling usually only affect one 
character (the receiver can resynchronize 
at the beginning of the next character), 
error recovery on synchronous channels 
may be a longer process involving several 
lost characters or an entire lost block. 

The major advantage of synchronous 
signaling is that it does not impose over- 
head (the start and stop bits) on each char- 
acter. This is an important consideration 
during large data transfers. 


Data Rate 


There are a number of limitations on 
how fast data can be transferred: (1) The 
sending equipment has an upper limit on 
how fast it can produce a continuous 
stream of data. (2) The receiving equip- 
ment has an upper limit on how fast it can 
accept and process data. (3) The signaling 
channel itself has a speed limit, often 
based on how fast data can be sent without 
errors. (4) Finally, standards and the need 
for compatibility with other equipment 
may have a strong influence on the data 
rate. 

Two ways to express data transmission 
rates are baud and bits per second (bps). 
These two terms are not interchangeable: 
Baud describes the signaling, or symbol, 
rate — a measure of how fast individual 
signal elements could be transmitted 
through a communications system. Spe- 
cifically, the baud is defined as the recip- 
rocal of the shortest element (in seconds) 
in the data encoding scheme. For example, 
in a system where the shortest element is 
1 ms long, the maximum signaling rate 
would be 1000 elements per second. (Note 
that, since baud is measured in elements 
per second, the term “baud rate" is incor- 
rect since baud is already a measure of 
speed, or rate.) Continuous transmission 
is not required, because signaling speed is 
based only on the shortest signaling ele- 
ment. 

Signaling rate in baud says nothing 
about actual information transfer rate. The 
maximum information transfer rate is de- 
fined as the number of equivalent binary 
digits transferred per second; this is 
measured in bits per second. 

When binary data encoding is em- 
ployed, each signaling element represents 
one bit. Complications arise when more 
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Fig 7.48 —Recovering the clock (A) when the data (B) is transmitted allows a 
receiver to maintain synchronization during synchronous communication. The 
modulation method shown at C results in a transition of the received carrier at the 
beginning and end of each clock period. The encoding method shown at D results 
in a data transition in the middle of each clock period. Either of these methods 
provides enough information for clock recovery. 


sophisticated data encoding schemes are 
used. In a quadriphase shift keying 
(QPSK) system, a phase transition of 90? 
represents a level shift. There are four 
possible states in a QPSK system; thus, 
two binary digits are required to represent 
the four possible states. If 1000 elements 
per second are transmitted in a 
quadriphase system where each element is 
represented by two bits, then the actual 
information rate is 2000 bps. 

This scheme can be extended. It is pos- 
sible to transmit three bits at a time using 
eight different phase angles (bps = 3 x 
baud). In addition, each angle can have 
more than one amplitude. A standard 9600 
bps modem uses 12 phase angles, 4 of 
which have two amplitude values. This 
yields 16 distinct states, each represented 
by four binary digits. Using this technique, 
the information transfer rate is four times 
the signaling speed. This is what makes it 
possible to transfer data over a phone line 
at a rate that produces an unacceptable 
bandwidth using simpler binary encoding. 
This also makes it possible to transfer data 
at 2400 bps on 10 m, where FCC regula- 
tions allow only 1200 baud signals. 

When are transmission speed in bauds 
and information rate in bps equal? Three 
conditions must be met: (1) binary encod- 
ing must be used, (2) all elements used to 
encode characters must be equal in width 
and (3) synchronous transmission at a con- 
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stant rate must be employed. In all other 
cases, the two terms are not equivalent. 

Within a given piece of equipment, it is 
desirable to use the highest possible data 
rate. When external devices are interfaced, 
it is normal practice to select the highest 
standard signaling rate at which both the 
sending and receiving equipment can op- 
erate. 


ERROR DETECTION 


Since data transfers are subject to er- 
rors, data transmission should include 
some method of detecting and correcting 
errors. Numerous techniques are avail- 
able, each used depending on the specific 
circumstances, such as what types of er- 
rors are likely to be encountered. Some 
error detection techniques are discussed 
in the Modulation Sources chapter. One 
of the simplest and most common tech- 
niques, parity check, is discussed here. 


Parity Check 


Parity check provides adequate error 
detection for some data transfers. This 
method transmits a parity bit along with 
the data bits. In systems using odd parity, 
the parity bitis selected such that the num- 
ber of 1 bits in the transmitted character 
(data bits plus parity bit) is odd. In even 
parity systems, the parity bit is chosen to 
give the character an even number of ones. 
For example, if the data 1101001 is to be 


7.33 


transmitted, there are 4 (an even number) 
ones in the data. Thus, the parity bit should 
be set to 1 for odd parity (to give a total of 
5 ones) or should be 0 for even parity (to 
maintain the even number, 4). When a 
character is received, the receiver checks 
parity by counting the ones in the charac- 
ter. If the parity is correct, the data is as- 
sumed to be correct. If the parity is wrong, 
an error has been detected. 

Parity checking only detects a small 
fraction of possible errors. This can be 
intuitively understood by noting that a 
randomly chosen word has a 50% chance 
of having even parity and a 50% chance of 
having odd parity. Fortunately, on rela- 
tively error-free channels, single-bit errors 
are the most common and parity checking 
will always detect a single bit in error. 
Parity checking is a simple error detection 
strategy. Because it is easy to implement, 
it is frequently used. 


Signaling Levels 


Inside equipment and for short runs of 
wire between equipment, the normal prac- 
tice is to use neutral keying; that is, simply 
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to key a voltage such as + 5 V on and off. 
In neutral keying, the off condition is con- 
sidered to be 0 V. Over longer runs of wire, 
the line is viewed as a transmission line, 
with distributed inductance and capaci- 
tance. It takes longer to make the 
transistion from 0 to 1 or vice versa be- 
cause of the additional inductance and 
capacitance. This decreases the maximum 
speed at which data can be transferred on 
the wire and may also cause the 1s and Os 
to be different lengths, called bias distor- 
tion. Also, longer lines are more likely to 
pick up noise, which can make it difficult 
for the receiver to decide exactly when the 
transition takes place. 

Because of these problems, polar key- 
ing (technically bipolar keying) is used on 


longer lines. Polar keying uses one polar- 


ity (for example +) for a logical 1 and the 
other (— in this example) for a 0. This 
means that the decision threshold at the 
receiver is 0 V. Any positive voltage is 
taken as a 1 and any negative voltage as a 
0. 

Since neutral keying is usually used in- 


side equipment and polar keying for lines 
leaving the equipment, signals must be 
converted between polar and neutral. Op 
amp circuits, line drivers and line receiv- 
ers are ways to handle this conversion. 
There are a number of different types 
available, but the most popular ones are 
the 1488 quad line driver and the 1489 
quad line receiver. The 1488 is capable of 
converting four data streams at standard 
TTL levels to output levels that meet EIA 
RS-232-C or CCITT V.24 standards. The 
1489 has four receivers that can convert 
RS-232-C or V.24 levels to TTL/DTL lev- 
els. 


Connectors 


These digital interfacing issues are sim- 
ply digital communications issues for the 
specific case of direct wire connections 
between devices. Since direct wire con- 
nections are involved, the designer should 
consider the type of connector between the 
devices and its pin assignments. Numer- 
ous connectors are available or can be cre- 
ated. 


Analog Signa 


Glossary 


Active Region — The region in the character- 
istic curve of an analog device in which the 
signal is amplified linearly. 

Amplification — The process of increasing the 
size of a signal. Also called gain. 

Analog signal — A signal, usually electrical, 
that can have any amplitude (voltage or cur- 
rent) value and exists at any point in time. 

Anode — The element of an analog device that 
accepts electrons. 

Base — The middle layer of a bipolar transis- 
tor, often the input. 

Biasing — The addition of a dc voltage or cur- 
rent to a signal at the input of an analog de- 
vice, which changes the signal’s position on 
the characteristic curve. 

Bipolar Transistor — An analog device made 
by sandwiching a layer of doped semicon- 
ductor between two layers of the opposite 
type: PNP or NPN. 

Buffer — An analog stage that prevents load- 
ing of one analog stage by another. 

Cascade — Placing one analog stage after an- 
other to combine their effects on the signal. 

Cathode — The element of an analog device 
that emits electrons. 

Characteristic Curve — A plot of the relative 
responses of two or three analog-device 
parameters, usually output with respect to 
input. 

Clamping — A nonlinearity in amplification 
where the signal can be made no larger. 

Collector — One of the outer layers of a bi- 
polar transistor, often the output. 

Compensation — The process of counteract- 
ing the effects of signals that are inadvert- 
ently fed back from the output to the input of 
an analog system. The process increases sta- 
bility and prevents oscillation. 

Cutoff Region — The region in the character- 
istic curve of an analog device in which there 
is no current through the device. Also called 
the OFF region. 

Diode — A two-element vacuum tube or semi- 
conductor with only a cathode and an anode 
(or plate). 

Drain — The connection at one end of a field- 
effect-transistor channel, often the output. 
Electron — A subatomic particle that has a 
negative charge and is the basis of electrical 

current. 


E cu 


Emitter — One of the outer layers of a bipolar 
transistor, often the reference. | 
Field-Effect Transistor (FET) — An analog 
device with a semiconductor channel whose 
width can be modified by an electric field. 

Also called a unipolar transistor. 

Gain — see Amplification. 

Gain-Bandwidth Product — The interrelation- 
ship between amplification and frequency 
that defines the limits of the ability of a de- 
vice to act as a linear amplifier. In many 
amplifiers, gain times bandwidth is approxi- 
mately constant. 

Gate — The connection at the control point of 
a field-effect transistor, often the input. 

Grid — The vacuum-tube element that controls 
the electron flow from cathode to plate. Ad- 
ditional grids in some tubes perform other 
control functions to improve performance. 

Hole — A positively charged “particle” that 
results when an electron is removed from an 
atom in a semiconductor crystal structure. 

Integrated Circuit (IC) — A semiconductor 
device in which many components, such as 
diodes, bipolar transistors, field-effect tran- 
sistors, resistors and capacitors are fabricated 
to make an entire circuit. 

Junction FET (JFET) — A field-effect tran- 
sistor that forms its electric field across a PN 
junction. 

Linearity — The property found in nature and 
most analog electrical circuits that governs 
the processing and combination of signals by 
treating all signal levels the same way. 

Load Line — A line drawn through a family of 
characteristic curves that shows the operat- 
ing points of an analog device for a given 
output load impedance. 

Loading — The condition that occurs when a 
cascaded analog stage modifies the operation 
of the previous stage. 

Metal-Oxide Semiconductor (MOSFET) — A 
field-effect transistor that forms its electric 
field through an insulating oxide layer. 

N-Type Impurity — A doping atom with an ex- 
cess of electrons that is added to semiconduc- 
tor material to give it a net negative charge. 

Noise — Any unwanted signal. 

Noise Figure (NF) — A measure of the noise 
added to a signal by an analog processing 
stage. 
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Operational Amplifier (op amp) — An inte- 
grated circuit that contains a symmetrical cir- 
cuit of transistors and resistors with highly 
improved characteristics over other forms of 
analog amplifiers. 

Oscillator — An unstable analog system, 
which causes the output signal to vary spon- 
taneously. 

P-Type Impurity — A doping atom with an ex- 
cess of holes that is added to semiconductor 
material to give it a net positive charge. 

Peak Inverse Voltage (PIV) — The highest 
voltage that can be tolerated by a reverse bi- 
ased PN junction before current is conducted. 

Pentode — A five element vacuum tube with a 
cathode, a control grid, a screen grid, a 
supressor grid, and a plate. 

Plate — See anode, usually used with vacuum 
tubes. 

PN Junction — The region that occurs when P- 
type semiconductor material is placed in con- 
tact with N-type semiconductor material. 

Saturation Region — The region in the char- 
acteristic curve of an analog device in which 
the output signal can be made no larger. See 
Clamping. 

Semiconductor — An elemental material 
whose current conductance can be controlled. 

Signal-To-Noise Ratio (SNR) — The ratio of 
the strength of the desired signal to that of the 
unwanted signal (noise). 

Slew Rate — The maximum rate at which a 
signal may change levels and still be accu- 
rately amplified in a particular device. 

Source — The connection at one end of the 
channel of a field-effect transistor, often the 
reference. 

Superposition — The natural process of add- 
ing two or more signals together and having 
each signal retain its unique identity. 

Tetrode — A four-element vacuum tube with a 
cathode, a control grid, a screen grid, and a 
plate. 

Triode — ^ three element vacuum tube with a 
cathode, a grid, and a plate. 

Unipolar Transistor — see Field-Effect Tran- 
sistor (FET). 

Zener Diode — A PN-junction diode with a 
controlled peak inverse voltage so that it will 
start conducting current at a preset reverse 
voltage. 
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Introduction 


This chapter, written by Greg Lapin, 
KD9AZ, treats analog signal processing 
in two major parts. Analog signals behave 
in certain well defined ways regardless of 
the specific hardware used to implement 
the processing. Signal processing involves 
various electronic stages to perform 
functions such as amplifying, filtering, 
modulation and demodulation. A piece 
of electronic equipment, such as a radio, 
cascades a number of these circuits. 
How these stages interact with each 
other and how they affect the signal 
individually and in tandem is the subject 


of the first part of this chapter. 
Implementing analog signal processing 
functiong involves several types of active 
comporients. An active electronic compo- 
nent is one that requires a power source to 
function, and is distinguished in this way 
from passive components (such as resis- 
tors, capacitors and inductors) that are 
described in the DC Theory and Resis- 
tive Components chapter and the AC 
Theory and Reactive Components chap- 
ter. The second part of this chapter de- 
scribes the various technologies that 
implement active devices. Vacuum tubes, 
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LINEARITY 


The term, analog signal, refers to the 
continuously variable voltage of which all 
radio and audio signals are made. Some 
signals are man-made and others occur 
naturally. In nature, analog signals behave 
according to laws that make radio com- 
munication possible. These same laws can 
be put to use in electronic instruments to 
allow us to manipulate signals in a variety 
of ways. 

The premier properties of signals in 
nature are superposition and scaling. 
Superposition is the property by which 
signals combine. If two signals are placed 
together, whether in a circuit, in a piece of 
wire, or even in air, they become one com- 
bined signal that is the sum of the indi- 
vidual signals. This is to say that at any 
one point in time, the voltage of the com- 
bined signal is the sum of the voltages of 
the two original signals at the same time. 
In a linear system any number of signals 
will add in this way to give a single com- 
bined signal. 

One of the more important features of 
superposition, for the purposes of signal 
processing, is that signals that have been 
combined can be separated into their 
original components. This is what allows 
signals that have been contaminated with 
noise to be separated from the noise, for 
example. 

Amplification and attenuation scale 
signals to be larger and smaller, respec- 
tively. The operation of scaling is the same 
as multiplying the signal at each point in 
time by a constant value; if the constant is 
greater than one then the signal is amp- 
lified, if less than one then the signal is 
attenuated. 
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Vo =G+Vy 
Output 


Upper Clamping Level 


Linear Portion 


Slope = Gain (G) 


Lower Clamping Level 


M 


Fig 8.1 — Generic amplifier. (A) Symbol. 
For the linear amplifier, gain is the 
constant value, G, and the output 
voltage is equal to the input voltage 
times G; (B) Transfer function, input 
voltage along the x-axis is converted to 
the output voltage along the y-axis. The 
linear portion of the response is where 
the plot is diagonal; its slope is equal to 
the gain, G. Above and below this range 
are the clamping limits, where the 
response is not linear and the output 
signal is clamped. 


Linear Operations 


Any operation that modifies a signal and 
obeys the rules of superposition and 
scaling is a linear operation. The most 
basic linear operation occurs in an ampli- 
fier, a circuit that increases the amplitude 
of a signal. Schematically, a generic am- 
plifier is signified by a triangular symbol, 
its input along the left face and its output 
at the point on the right (see Fig 8.1). The 


bipolar semiconductors, field-effect semi- 
conductors and integrated semiconductor 
circuitry comprise a wide spectrum of ac- 
tive devices used in analog signal process- 
ing. Several different devices can perform 
the same function. The second part of the 
chapter describes the physical basis of 
each device. Understanding the specific 
characteristics of each device allows you 
to make educated decisions about which 
device would be best for a particular pur- 
pose when designing analog circuitry, or 
understanding why an existing circuit was 
designed in a particular way. 


linear amplifier multiplies every value of 
a signal by a constant value. Amplifier 
gain is often expressed as a multiplication 
factor (x 5, for example). 

Gain = — (1) 
1 

where V, is the output voltage from an 
amplifier when an input voltage, Vi, is 
applied. 

Ideal linear amplifiers have the same 
gain for all parts of a signal. Thus, a gain 
of 10 changes 10 V to 100 V, 1 V to 10 V 
and -1 V to -10 V. Amplifiers are limited 
by their dynamic range and frequency 
response, however. An amplifier can 
only produce output levels that are within 
the range of its power supply. The power- 
supply voltages are also called the rails of 
an amplifier. As the amplified output ap- 
proaches one of the rails, the output will 
not go beyond a given voltage that is near 
the rail. The output is limited at the clamp- 
ing level of an amplifier. When an ampli- 
fier tries to amplify a signal to be larger 
than this value, the output remains at this 
level; this is called output clamping. 
Clamping is a nonlinear effect, an ampli- 
fier is considered linear only between its 
clamping levels. See Fig 8.1. 

Another limitation of an amplifier is its 
frequency response. Signals within a 
range of frequencies are amplified 
consistently but outside that range the 
amplification changes. At higher frequen- 
cies an amplifier acts as a low-pass filter, 
decreasing amplification with increasing 
frequency. For lower frequencies, ampli- 
fiers are of two kinds: dc and ac coupled. 
A dc coupled amplifier equally amplifies 
signals with frequencies down to dc. An 


ac coupled amplifier acts as a high-pass | 


filter, decreasing amplification as the 
frequency decreases toward dc. | 

The combination of gain and frequency 
limitations is.often expressed as a gain- 
bandwidth product. At high gains many 
amplifiers work properly only over a small 
range of frequencies. In many amplifiers, 
'gain times bandwidth is approximately 
constant. As gàin increases, bandwidth 
decreases, and vice versa. Another similar 
descriptor is called slew rate. This term 


. the amplifier stability. 


unwanted positive feedback. Negative 


feedback is often combined with a phase- 
shift compensation network to improve 

The design of feedback networks 
depends on the desired result. For ampli- 
fiers, which should not oscillate, the 
feedback network is customized to give 
the desired frequency response without 


loss of stability. For oscillators, the feed- ` 


_ back network is designed to create a steady 


describes the maximum rate at which a - 


Signal can change levels and still be accu- 
rately amplified in a particular device. 
There is a direct correlation between the 
signal-level rate of change and the fre- 
‘quency content of that signal. 


Feedback and Oscillation 


' The stability of an amplifier refers to its 
ability to provide gain to a signal without 
tending to oscillate. For exàmple, an am- 


plifier just on the verge of oscillating is: 


not generally considered to be “stable.” If 
the output of an amplifier is fed back to the 


input, the feedback can affect the ampli- | 


fier stability. If the amplified output is 
added to the input, the output of the sum 
‘will be larger. This larger output, in turn, 
is also fed back. As this process continues, 
the amplifier output will continue to rise 
until the amplifier cannot go any higher 
(clamps). Such positive feedback in- 


creases the amplifier gain, and is called: 


regeneration. ; 

Most practical amplifiers have intrinsic 
feedback that is unavoidable. To improve 
the stability of an amplifier, negative 
· feedback can be added to counteract any 
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_ Filtering 


oscillation at the desired frequency. 
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A filter is a common linear stage in 
radio equipment. Filters are characterized 
by their ability to selectively attenuate 
certain frequencies (stop band) while 
passing or amplifying others (pass band). 
Passive filters are described in the Filters 
and Projects chapter. Filters can also be 
designed using active devices. All prac- 
tical amplifiers are low-pass filters or 
band-pass filters, because the gain de- 
creases as the frequency increases beyond 
their gain-bandwidth products. 


Summing Amplifiers 


In a linear system, nature does most of 
the work for us when it comes to adding 
signals; placing two signals- together 
naturally causes them to add. When pro- 
cessing signals, we would like to control 
the summing operation so the signals do 
not distort. If two signals come from sepa- 
rate stages and they are connected, the 
stages may interact, causing both stages to 


distort their signals. Summing amplifiers 


generally use a resistor in series with each 


‘stage, so the resistors connect to the 
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common input of the following stage. 


Fig 8.2 illustrates the resistors connecting 


to a summing amplifier. Ideally, any time 
we wanted to combirie signals (for ex- 
ample, combining an audio signal with a 
PL tone in a 2 m FM transmitter prior to 
modulating the RF signal) we could use a 
summing amplifier. 


Buffering 
It is often necessary to isolate the stages 


-ofan analog circuit. This isolation reduces 


the loading, coupling and feedback be- 
tween stages. An intervening stage, called 
a buffer, is often used for this purpose. A 
buffer is a linear circuit that is a type of 
amplifier. It is often necessary to change 
the characteristic impedance of a circuit 
between stages. Buffers can have high 
values of amplification but this is unusual. 
A buffer performs impedance transforma- 
tions most efficiently when it has a low or 
unity gain. Fig 8.3 shows common forms 
of buffers with low-impedance outputs: 


Vo = G(V +V9+V3) 


Fig 8.2 — Summing amplifier. The out- 
put voltage is equal to the sum of the 

input voltages times the amplifier gain, 
G. As long as the resistance values, R, 
are equal and the amplifier input impe- 
dance is much higher, the actual value 
of R does not affect the output signal. 
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Fig 8.3 — Common buffer stages and some typical input (2) and output (Zo) impedances. (A) Cathode follower, made with 


triode tube; (B) Emitter follower, made with NPN bipolar transistor; (C) Source follower, made with FET; and (D) Voltage 
follower, made with operational amplifier. All of these buffers are terminated with a load resistance, R,, and have an output 
voltage that is approximately equal to the input voltage (gain = 1). ` 
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the cathode follower using a triode tube, 
the emitter follower using a bipolar tran- 
sistor, the source follower using a field- 
effect transistor and the voltage follower, 
using an operational amplifier. 

In some circuits, notably power ampli- 
fiers, the desired goal is to deliver a maxi- 
mum amount of power to the output de- 
vice (such as a speaker or an antenna). 
Matching the amplifier output impedance 
to the output-device impedance provides 
maximum power transfer. A buffer ampli- 
fier may be just the circuit for this type of 
application. Such amplifier circuits must 
be carefully designed to avoid distortion. 


Amplitude Modulation/ 
Demodulation 


Voice signals are transmitted over the 
air by amplitude modulating them on 
higher frequency carrier signals (see the 
Mixers chapter). The process of amplitude 
modulation can be mathematically de- 
scribed as the multiplication (product) of 
the voice signal and the carrier signal. 
Multiplication is a linear process since 
amplitude modulating the sum of two 
audio signals produces a signal that is 
identical to the sum of amplitude modu- 
lating each audio signal individually. 
When two equal-strength SSB signals are 
transmitted on the same frequency, the 
observer hears both of the voices simul- 
taneously. Another aspect of the linear 
behavior of amplitude modulation is that 
amplitude-modulated signals can be de- 
modulated to be exactly in their original 
form. Amplitude demodulation is the 
converse of amplitude modulation, and is 
represented as a division operation. 

In the linear model of amplitude modu- 
lation, the signal to be modulated (such as 
the audio signal in an AM transmitter) is 
shifted in frequency by multiplying it with 
the carrier. The modulated waveform is 
considered to be a linear function of the 
signal. The carrier is considered to be part 
of a time-varying linear system and not a 
second signal. 

A curious trait of amplitude modulation 
is that it can be performed nonlinearly. 
Each nonlinear form of amplitude modu- 
lation generates the desired linear product 
term in addition to other unwanted terms 
that must be removed. Accurate analog 
multipliers and dividers are difficult and 
expensive to fabricate. Two common non- 
linear amplitude modulating schemes are 
much simpler to implement but have dis- 
advantages as well. 

Power-law modulators generate many 
frequencies in addition to the desired ones. 
These unwanted frequencies, often called 
intermodulation products, steal energy 
from the desired first order product. The 
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unwanted signals must be filtered out. The 
inefficiency of this process makes this 
type of modulator good only for low-level 
modulation, with additional amplification 
required for the modulated signal. A 
square-law modulator can be imple- 
mented with a single FET, biased in its 
saturation region, as the only active com- 
ponent. 

Switching modulators are more effi- 
cient and provide high-level modulation. 
A single active device acts as a switch to 
turn the signal on and off at the carrier 
frequency. Both the signal and the carrier 
must be amplified to relatively high levels 
prior to this form of modulation. The 
modulated carrier must be filtered by a 
tank circuit to remove unwanted fre- 
quency components generated by the 
switching artifacts. 

Nonlinear demodulation of an ampli- 
tude-modulated signal can be realized 
with a single diode. The diode rectifies the 
signal (a nonlinear process) and then the 
nonlinear products are filtered out before 
the desired signal is recovered. 


NONLINEAR OPERATORS 


All signal processing doesn't have to be 
linear. Any time that we treat various 
signal levels differently, the operation is 
called nonlinear. This is not to say that all 
signals must be treated the same for a cir- 
cuit to be linear. High frequency signals 
are attenuated in a low-pass filter while 
low frequency signals are not, yet the fil- 
ter can be linear. The distinction is that all 
voltages of the high-frequency signal are 
attenuated by the same amount, thus satis- 
fying one of the linearity conditions. What 
if we do not want to treat all voltage levels 
the same way? This is commonly desired 
in analog signal processing for clipping, 
rectification, compression, modulation 
and switching. 


Clipping and Rectification 


Clipping is the process of limiting the 
range of signal voltages passing through a 
circuit (in other words, clipping those volt- 
ages outside the desired range off of the 
signals). There are a number of reasons 
why we would like to do this. Clipping 
generally refers to the process of limiting 
the positive and negative peaks of a sig- 
nal. We might use this technique to avoid 
overdriving an amplifier, for example. 
Another type of clipping results in recti- 
fication. The rectifier clips off all voltages 
of one polarity (positive or negative) and 
allows only the other polarity through, 
thus changing ac to pulsating dc (see the 
Power Supplies and Projects chapter). 
Another use of clipping is when only 
one signal polarity is allowed to drive an 


amplifier input; a clipping stage precedes 
the amplifier to ensure this. 


Logarithmic Amplification 


It is sometimes desirable to amplify a 
signal logarithmically, which means am- 
plifying low levels more than high levels. 
This type of amplification is often called 
signal compression. Speech compression 
is sometimes used in audio amplifiers that 
feed modulators. The voice signal is com- 
pressed into a small range of amplitudes, 
allowing more voice energy to be trans- 
mitted without over modulation (see the 
Modulation Sources chapter). 


ANALOG BUILDING BLOCKS 


Many types of electronic equipment are 
developed by combining basic analog sig- 
nal processing circuits or "building 
blocks." This section describes several of 
these building blocks and how they are 
combined to perform complex functions. 
Although not all basic electronic functions 
are discussed here, the characteristics of 
combining them can be applied generally. 

An analog building block can contain 
any number of discrete components. Since 
our main concern is the effect that circuitry 
has on a signal, we often describe the 
building block by its actions rather than its 
specific components. For this reason, an 
analog building block is often referred to 
as a two-port network or a black box. Two 
basic properties of analog networks are of 
principal concern: the effect that the net- 
work has on an analog signal and the inter- 
action that the network has with the cir- 
cuitry surrounding it. The two network 
ports are the input and output connections. 
The signal is fed into the input port, is 
modified inside the network and then exits 
from the output port. 

An analog network modifies a signal in 
a specific way that can be described math- 
ematically. The output is related to the 
input by a transfer function. The math- 
ematical operation that combines a signal 
with a transfer function is pictured sym- 
bolically in Fig 8.4. The output signal, 
w(t), has a value that changes with time. 
The output signal is created by the action 
of an analog transfer function, h(t), on the 
input signal, g(t). 

While it is not necessary to understand 
transfer functions mathematically to work 


Fig 8.4 — Linear function block. The 
output signal, w(t) is produced by the 
action of the transfer function, h(t) on 
the input signal s(t). 


with analog circuits, it is useful to realize 
that they describe how a signal interacts 
with other signals in an electronic system. 
In general, the output signal of an analog 
system depends not only on the input sig- 
nal at the same time, but also on past val- 
ues of the input signal: This is a very im- 
portant concept and is-the basis of such 
essential functions as analog filtering. 


Cascading Stages 


If an analog circuit can be described 
with a transfer function, a combination of 
analog circuits can also be described simi- 
larly. This description of the combined 
circuits depends upon the relationship 
between the transfer functions of the parts 
and that of the combined circuits. In many 
cases this relationship allows us to predict 
the behavior of large and complex circuits 
from what we know about the parts that 
make them up. This aids in the design and 
analysis of analog circuits. 

When two analog circuits are Gascaded 
(the output signal of óne stage becomes 
the input signal to the next stage) their 
transfer functions are combined. The 
mechanism ofthe combination depends on 
the interaction between the stages. The 
ideal case is when there is no interaction 
between stages. In other words, the action 
of the first stage is unchanged, regardless 
of whether or not the second stage follows 
it. Just as the signal entering the first stage 
is modified by the action of the first 
transfer function, the ideal cascading of 
analog circuits results in changes 
produced only by the individual transfer 
functions. For any number of stages that 
are cascaded, the combination of their 
transfer functions results in a new transfer 
function. The signal that enters the circuit 


is changed by the composite transfer func- ` 


tion, to produce the signal that exits the 
cascaded circuits. 


Cascaded Buffers 


: Buffer stages that are made with single 
active devices can be more effective if 
cascaded, Two types of such buffers are in 
common use. The Darlington pair is a 


cascade of two common-collector transis- | 


tors as shown in Fig 8.5. (The various 
amplifier configurations will be described 
later in this chapter.) The input impedance 
of the Darlington pair is equal to the load 


impedance times the current gain, hpg.” 


The current gain of the Darlington pair is 
the product of the current gains for the two 
transistors. 


Zi = ZLoAD X һер X hgg2 :Q) 


For example, if a typical bipolar tran- 
sistor has hpg = 100 and a circuit has a 
ZLOAD = 15 КО, a pair of these transistors 


in the Darlington-pair configuration 
would have: 


71= 15 КО x 100 x 100 = 150 MQ. 


The shunt capacitance at the input of real 
transistors can lower the actual impedance 
as the frequency increases. 

A common-emitter amplifier followed 
by a common-base amplifier is called a 
cascode buffer (see Fig 8.6). Cascodes are 
also made with FETs by following a com- 


_mon-source amplifier by a common-gate 


configuration. The input impedance and 
current gain of the cascode are approxi- 
mately the same as those of the first stage. 


The output impedance is much higher than 
that of a single stage. Cascode amplifiers, 


have excellent input/output isolation (very 


low unwanted feedback) and this can pro- 


vide high gain with’ good stability. An 


example of a cascode buffer made with - 


bipolar.transistors has moderate input 
impedance, 71 = 1 КО, high current gain, 
һвь = 50 and high output impedance, 
Zo = 1 MQ. There is very little reverse 
internal feedback in the cascode design, 
making it very stable, and the amplifier 
design has little effect on external tuning 
components. Cascode circuits are often 


‘used in tuned amplifier designs for these 


reasons. 


Interstage Loading and Impedance 
Matching 


If the transfer function of a stage 
changes when it is cascaded with another 
stage, we say that the second stage has 
loaded the first stage. This often occurs 
when an appreciable amount of current 
passes from one stage to the next. 

Every two-port network can be further 
defined by its input and output impedance. 


The input impedance is the opposition to . 


current, as a function of frequency, that is 
seen when looking into the input port of 


the network. Likewise, the output imped- ' 


ance is similarly defined. when looking 
back into a network through its output 
port. Interstage loading is related to the 
relative output impedance of a stage and 
the input impedance of the stage that is 
cascaded after it. ` | 


In some applications the goal is to trans- ` 


fer a maximum amount of power. In an RF 


-amplifier, the impedance at the input of 


the transmission line feeding an antenna is 
transformed by means of a matching net- 
work to produce the resistance the ampli- 
fier needs in order to efficiently produce 
RF power. 

In contrast, it is the goal of most analog 
signal processing circuitry to modify a sig- 
nal rather than to deliver large amounts of 
energy. Thus, an impedance-matched con- 
dition may not be what is desired. Instead, 
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Fig 8.5 — Darlington pair made with two 


: emitter followers. Input impedance, Z,, 


is far higher than for a single transistor 
and output impedance, Zo, is nearly the 
same as for a single transistor. DC 

biasing has been omitted for simplicity. 


xs 


Fig 8.6 — Cascode pair made with two 
NPN bipolar transistors has a medium 
input impedance and high output 
impedance. DC biasing has been 
omitted for simplicity. 


1 


\ 


current between stages can be minimized 
by having mismatched impedances. Ide- - 
ally, if the output impedance of a network 
approaches zero ohms and the input im- 
pedance of the following stage is very 
high, very little current will pass between 
the stages, and interstage loading will be 


_ negligible. 


Noise 


Generally we are only interested in 
specific man-made signals. Nature allows ` 


‘many signals to combine, however, so the 


desired signal becomes combined with 
many other unwanted signals, both man- 


: made and naturally occurring. The broad- 


est definition of noise is any signal that is 


not the one in which we are interested. One : 


of the goals of signal processing is to 
separate desired signals from noise. 

‚ One form of noise that occurs naturally 
and must be dealt with in low-level pro- 
cessing circuits is called thermal noise, or 
Johnson noise. Thermal noise is produced 
by random motion of free electrons in con- 
ductors and semiconductors. This motion 
increases as temperature increases, hence 
the name. This kind of noise is present at 
all frequencies and is proportional to tem- 
perature. Naturally occurring noise can be 


‘reduced either by decreasing the band- 


width or by reducing the temperature in 
the system. Thermal noise voltage and 
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current vary with the circuit impedance, 
according to Ohm’s Law. Low-noise-am- 
plifier-design techniques are based on 
these relationships (see the Amplifiers 
chapter). 

Analog signal processing stages are 
characterized in part by the noise they add 
to a signal. A distinction is made between 
enhancing existing noise (such as ampli- 
fying it) and adding new noise. The noise 
added by analog signal processing is com- 
monly quantified by the noise factor, f. 
Noise factor is the ratio of the total output 
noise power (thermal noise plus noise 


Analog Devices 


There are several different kinds of 
components that can be used to build cir- 
cuits for analog signal processing. The 
same processing can be performed with 
vacuum tubes, bipolar semiconductors, 
field-effect semiconductors or integrated 
circuitry, each with its own advantages 
and disadvantages. 


TERMINOLOGY 


A similar terminology is used for most 
active electronic devices. The letter V 
stands for voltages and I for currents. 
Voltages generally have two subscripts 
indicating the terminals the voltage is 
measured between (V pg is the voltage be- 
tween the base and the emitter of a bipolar 
transistor). Currents have a single sub- 
script indicating the terminal that the cur- 
rent flows into (Ip is the current into the 
plate of a vacuum tube). If the current 
flows out of the device, it is generally in- 
dicated with a negative sign. Power sup- 
ply voltages have two subscripts that are 
the same, indicating the terminal to which 
the voltage is applied (Vpp is the power 
supply voltage applied to the drain of a 
field-effect transistor). A transfer charac- 
teristic is a ratio of an output parameter to 
an input parameter, such as output current 
divided by input current. Transfer charac- 
teristics are represented with letters, such 
as h, s, y or z. Resistance is designated 
with the letter r, and impedance with the 
letter Z. For example, rpg is resistance 
between drain and source of an FET and Z; 
is input impedance. In some designators, 
values differ for dc and ac signals. This is 
indicated by using capital letters in the 
subscripts for dc and lower-case subscripts 
for ac. For example, the common-emitter 
dc current gain for a bipolar transistor is 
designated as hpg, and hg, is the ac current 
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added by the stage) to the input noise power 

when the termination is at the standard tem- 

perature of 290 K (17°C). When the noise 

factor is expressed in dB, we often call it 

noise figure, МЕ. NF is calculated as: 
Pro 

NF = 10 log (3) 


NTH 


where: 
Py о = total noise output power, 
A = amplification gain, and 
PN TH = input thermal noise power. 


The noise factor can also be calculated 
as the difference between the input and 


gain. Qualifiers are sometimes added to 
the subscripts to indicate certain operat- 
ing modes of the device. SS for saturation, 
BR for breakdown, ON and OFF are all 
commonly used. 

The abbreviations for tubes existed be- 
fore these standards were adopted so some 
tube-performance descriptors are differ- 
ent. For example, B+ is usually used for 
the plate bias voltage. Since integrated 
circuits are collections of semiconductor 
components, the abbreviations for the type 
of semiconductor used also apply to the 
integrated circuit. Vcc is a power supply 
voltage for an integrated circuit made with 
bipolar transistor technology. 


Amplifier Types 

Amplifier configurations are described 
by the common part of the device. The 
word “common” is used to describe the 
connection of a lead directly to a refer- 
ence. The most common reference is 
ground, but positive and negative power 
sources are also valid references. The type 
of reference used depends on the type of 
device (vacuum tube, transistor [NPN or 
PNP], FET [P-channel or N-channel]), 
which lead is common and the range of 
signal levels. Once a common lead is cho- 
sen, the other two leads are used for signal 
input and output. Based on the biasing 
conditions, there is only one way to select 
these leads. Thus, there are three possible 
amplifier configurations for each type of 
three-lead device. 

The operation of an amplifier is speci- 
fied by its gain. A gain in this sense is 
defined as the change (A) in the output 
parameter divided by the corresponding 
change in the input parameter. If a particu- 
lar device measures its input and output as 
currents, the gain is called a current gain. 


output signal-to-noise ratios (SNR), with 
SNR expressed in dB. 

In a system of many cascaded signal 
processing stages, each stage affects the 
noise of the system. The noise factor of 
the first stage dominates the noise factor 
of the entire system. Designers try to 
optimize system noise factor by using a 
first stage with a minimum possible noise 
factor and maximum possible gain. A cir- 
cuit that overloads is often as useless as 
one that generates too much noise. See the 
Transceivers chapter for more informa- 
tion about circuit noise. 


If the input and output are voltages, the 
amplifier is defined by its voltage gain. If 
the input is a voltage and the output is a 
current, the ratio is called the trans- 
conductance. 


Characteristic Curves 


Analog devices are described most 
completely with their characteristic 
curves. Almost all devices that we deal 
with are nonlinear over a wide range of 
operating parameters. We are often inter- 
ested in using a device only in the region 
that approximates a linear response. The 
characteristic curve is a plot of the interre- 
lationships between two or three variables. 
The vertical (y) axis parameter is the out- 
put, or result of the device being operated 
with an input parameter on the horizontal 
(x) axis. Often the output is the result of 
two input values. The first input param- 
eter is represented along the x axis and the 
second input parameter by several curves, 
each for a different value. For example, a 
vacuum tube characteristic curve may 
have the plate current along the y axis, the 
grid voltage along the x axis and several 
curves, each representing a different value 
of the plate bias voltage (see Fig 8.7). 

The parameters plotted in the character- 
istic curve depend on how the device will 
be used. The common amplifier configu- 
ration defines the input and output leads, 
and their relationship is diagrammed by 
the curves. Device parameturs are usually 
derived from the characteristic curve. To 
calculate a gain, the operating region of 
the curve is specified, usually a straight 
portion of the curve if linea operation is 
desired. Two points along that portion of 
the curve are selected, each defined by its 
location along the x and y axes. If the two 
points are defined by (х,у) and (x2,y2). 


-5 
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Fig 8.7 — Tube characteristic curve. 
Input signal is the grid voltage, V,, 
along the x-axis and the output signal 
is the plate current, lp, along the y-axis. 
Different curves are plotted for various 
values of гче bias voltage, Vp (also 
called B+). 


the slope, m, of the curve, which can be a 
gain, a resistance or a conductance; is cal- 
` culated as: 


_ Ау n-Y 


m= дубу Ту, (4) 


A characteristic curve that plots device 
output voltage and current along the x and 
y axes permits the inclusion of an addi- 
tional curve. The load line is a straight line 
with a slope that is equal to the load im- 
pedance. The intersections between the 
load line and the characteristic curves in- 
dicate the operating points for that circuit. 
Load lines are only applicable to output 
_ Characteristic plots; they cannot be used 
with input or transfer (input versus out- 
put) characteristic curves. 


BIASING 


The operation of an analog signal pro- 
cessing device is greatly affected by which 
portion of the characteristic curve'is used 
to do the processing. As an example, con- 
sider the vacuum tube characteristic 
curves in Fig 8.8 and Fig 8.9. 

The relationship between the input and 
the output of a tube amplifier is illustrated 
in Fig 8.8. The input signal (a sine wave in 
this example) is plotted in the vertical 
direction and below the graph. For a grid 
bias level of —5 V, the sine wave causes the 
grid voltage, V,, to deviate between —3 
and —7 V. These values correspond to a 
range of plate currents, I,, between 1.4 arid 
2.6 mA. With a plate bias of 200 V and a 
load resistance, Rp, of 50 kQ, the cor- 
responding change in plate voltage, Ур, is 
between 70 and 130 V: Thus, this triode 
amplifier configuration changes a rangé 
of 4 V at the input to 60 V at the output. 
Also there is a change of output-signal 
voltage polarity; this amplifier both am- 
plifies the signal magnitude 15 times and 


. shifts the phase of the signal by 180°. 


In the previous example the signal was 
biased so that it fell on a linear (straight) 
portion of the characteristic curve. If a 
different bias voltage is selected so that 
the signal does not fall on a linear portion 
of the curve, the output signal will be a 
distorted version of the input signal: This 
is illustrated in Fig 8.9. The input signal is 


' amplified within a curved region of the 


characteristic curve. The positive part of 
the signal is amplified more than the nega- 


‘tive part of the signal. Proper biasing is 


crucial to ensure amplifier linearity. 
‘Input biasing serves to modify the rela- 
tive level (dc offset) of the input signal so 
that it falls on the desired portion of the 
characteristic curve. Devices that perform 
signal processing (vacuum tubes, diodes, 
bipolar transistors, field-effect transistors 
and operational amplifiers) usually re- 
quire appropriate input signal biasing. 


Manufacturers’ Data Sheets 


Manufacturer’s data sheets list device 
characteristics, along with the specifics of 
the .part type (polarity, semiconductor 
type), identification of the pins, and the 
typical use (such as small signal, КЕ, 
switching or power amplifier). The pin 
identification is important because, 
although common package. pinouts are 
normally used, there are exceptions. 


` Manufacturers may differ slightly in the 


values reported, but certain basic param- 
eters are listed. Different batches of the 
same devices are rarely identical, so manu- 
facturers specify the guaranteed limits for 
the parameters of their device. There are 
usually three columns of values listed in 
the data sheet. For each parameter, the 


columns may list the guaranteed minimum ` 


value, the guaranteed maximum value 
and/or the typical value. ` 

Another section of the data sheet lists 
ABSOLUTE MAXIMUM RATINGS, beyond 
which device damage may result. For ex- 
ample, the parameters listed in the ABSO- 
LUTE MAXIMUM RATINGS section for a solid- 
state device are typically voltages, 
continuous currents, total device power 
dissipation (Pp) and operating- and stor- 
age-temperature ranges. - 

Rather than plotting the characteristic 
curves for each device, the manufacturer 
often selects key operating parameters that 
describe the device operation for the 
configurations and parameter ranges that 
are most commonly used. For example, a 
bipolar transistor data sheet might include 
an OPERATING PARAMETERS section. 
Parameters are listed in an OFF CHARAC- 


_ TERISTICS subsection and. an ON CHARAC- 


TERISTICS subsection that describe the con- 
duction properties of the device for dc 
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Fig 8.8 — Determination of output 
signal (to the right of the plot) for a 
given input signal (below the plot, 
turned on its side) with a tube 
characteristic curve plotted for a given 
plate bias. Note that the grid bias 
voltage, -5 V, causes the entire range 
of the input signal to be mapped onto 
the linear (diagonal straight line) 
portion of the characteristic curve. The 
output signal has the same shape as 
the input signal except that it is larger 
in amplitude. 
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Increasing Time 


Plate Current, I, (mA) ` 


O Grid Voltage, 
Vg () 


Time. | 


Increasing 


Fig 8.9 — Same characteristic curve 
and input signal'as in Fig 8.8 except 
the grid bias voltage is now about 
—8.75 V. The input signal fails on the 
curved (non-linear) portion of the plot 


` and causes distortion in the output 
- signal. Note how the upper portion of 


the output sine wave was amplified 


‚ more than the lower portion. 


voltages. The SMALL-SIGNAL CHARACTER- 
ISTICS section often contains the guaran- 
teed minimum Gain-Bandwidth Product 


. (fp), the guaranteed maximum output ca- . 


pacitance, the guaranteed maximum input ` 
capacitance and the guaranteed range of 
the transfer parameters applicable to a 
given device. Finally; the SWITCHING 
CHARACTERISTICS section lists absolute 
maximum ratings for Delay Time (tg), 
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Rise Time (t,), Storage Time (t,) and Fall 
Time (ty). Other types of devices list char- 
acteristics important to operation of that 
specific device. 

When selecting equivalent parts for re- 
placement of specified devices, the data 
sheet provides the necessary information 
to tell if a given part will perform the 
functions of another. Lists of equiva- 
lencies generally only specify devices that 
have nearly identical parameters. There 
are usually a large number of additional 
devices that can be chosen as replace- 
ments. Knowledge of the circuit re- 
quirements adds even more to the list of 
possible replacements. The device param- 
eters should be compared individually to 
make sure that the replacement part meets 
or exceeds the parameter values of the 
original part required by the circuit. Be 
aware that in some applications a far 
superior part may fail as a replacement, 
however. A transistor with too much gain 
could easily oscillate if there were in- 
sufficient negative feedback to ensure 
stability. 


VACUUM TUBES 


Current is generally described as the 
flow of electrons through a conductor, 
such as metal. The vacuum tube controls 
the flow of electrons in a vacuum, which is 
analogous to a faucet that adjusts the flow 
of a fluid. The British commonly refer to 
vacuum tubes as valves. Although the 
physics of the operation of vacuum tubes 
varies greatly from that of semiconduc- 
tors, there are many similarities in the way 
that they behave in analog circuits. 


Thermionic Theory 


Metals are elements that are character- 
ized by their large number of free elec- 
trons. Individual atoms do not hold onto 
all of their electrons very tightly, and it is 
relatively easy to dislodge them. This 
property makes metals good conductors of 
electricity. Under electrical pressure 
(voltage), electrons collide with metal 
atoms, dislodging an equal number of 
free electrons from the metal. These col- 
lide with adjoining metal atoms to con- 
tinue the process, resulting in a flow of 
electrons. 

It is also possible to cause the free elec- 
trons to be emitted into space if enough 
energy is added to them. Heat is one way 
of adding energy to metal atoms, and the 
resulting flow of electrons into space is 
called thermionic emission. It is important 
to remember that the metal atoms don’t 
permanently lose electrons; the emitted 
electrons are replaced by others that come 
from an electrical connection to the heated 
metal. Thus, an electron that flows into the 
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Fig 8.10 — Vacuum tube diode. (A) 
Schematic symbol detailing heater (H), 
cathode (C) and plate (P). (B) Power 
supply circuit using diode as a half 
wave rectifier. 


heated metal collides with and is captured 
by a metal atom, knocking loose a highly 
energized electron that is emitted into 
space. 

In a vacuum, there are no other atoms 
with which the emitted electron can col- 
lide, so it follows a straight path until it 
collides with another atom. A vacuum tube 
has nearly all of the air evacuated from it, 
so the emitted electrons proceed un- 
hindered to another piece of metal, where 
they continue to move as part of the elec- 
trical current. 


Components of a Vacuum Tube 


A basic vacuum tube contains at least 
two parts; a cathode and a plate. The 
electrons are emitted from the cathode. 
The cathode can either be heated directly 
by passing a large dc current through it, or 
it can be located adjacent to a heating 
element. Although ac currents can also be 
used to directly heat cathodes, if any of the 
ac voltage mixes with the signal, ac hum 
will be introduced into the output. If the ac 
heater supply voltage can be obtained from 
acenter tapped transformer, and the center 
tap is connected to the signal ground, hum 
can be minimized. Cathodes are made of 
substances that have the highest emission 
of electrons for the lowest temperatures 
and voltages. Tungsten, thoriated tungsten 
and oxide-coated metals are commonly 
used. 

Every vacuum tube needs a receptor for 
the emitted electrons. After moving 
though the vacuum, the electrons are 
absorbed by the plate. Since the plate 
receives electrons, it is also called the 


anode. Each electron has a negative 
charge, so a positively biased plate will 
attract the emitted electrons to it, and a 
current will result. For every electron that 
is accepted by the plate, another electron 
flows into the cathode; the plate and 
cathode currents must be the same. As the 
plate voltage is increased, there is a larger 
electrical field attracting electrons, 
causing more of them to be emitted from 
the cathode. This increases the current 
through the tube. This relationship con- 
tinues until a limitis reached where further 
increases to the electrical field do not 
cause any more electrons to be emitted. 
This is the saturation point of the vacuum 
tube. 

A vacuum tube that contains only a 
cathode and a plate is called a diode tube 
(di- for two components). See Fig 8.10. 
The diode tube is similar to a semicon- 
ductor diode since it allows current to pass 
in only one direction; it is used as a recti- 
fier. When the plate voltage becomes 
negative, the electrical field that is set up 
repels electrons, preventing them from 
being emitted from the cathode. 

To amplify signals, a vacuum tube must 
also contain a control grid. This name 
comes from its physical construction. The 
grid is a mesh of wires located between the 
cathode and the plate. Electrons from the 
cathode pass between the grid wires on 
their way to the plate. The electrical field 
that is set up by the voltage on these wires 
affects the electron flow from cathode 
to plate. A negative grid voltage sets up 
an electrical field that repels electrons, 
decreasing emission from the cathode 
because of the higher energy needed for 
the electrons to escape from their atoms 
into the vacuum. A positive grid voltage 
will have the opposite effect. Since the 
plate voltage is always positive, however, 
grid voltages are usually negative. The 
more negative the grid, the less effective 
the electrical field from the plate will be at 
attracting electrons from the cathode. 

Vacuum tubes containing a cathode, a 
grid and a plate are called triode tubes 
(tri- for three components). See Fig 8.11. 
They are generally used as amplifiers, 
particularly at frequencies in the HF 
range and below. Characteristic curves for 
triodes normally relate grid bias voltage 
and plate bias voltage to plate current for 
the triode (Fig 8.7). There are three de- 
scriptors of a tube's performance that can 
be derived from the characteristic curves. 
The plate resistance, ry, describes the 
resistance to the flow of electrons from 
cathode to plate. The r, is calculated by 
selecting a vertical line in the characteris- 
tic curve and dividing the change in plate- 
to-cathode voltage (AV) of two of the 


Input 
Signal 


Fig 8.11 — Vacuum tube triode. (A) 
Schematic symbol detailing heater (H), 
cathode (C), grid (G) and plate (P). 

(B) Audio amplifier circuit using a 
triode. C1 and СЗ are ас blocking 
capacitors for the input and output 
signals to isolate the grid and plate bias 


voltages. C2 is a bypass filter capacitor ` 


to decrease noise in the plate bias 
voltage, B+. R1 is the grid bias resistor, 
R2 is the cathode bias resistor and R3 
is the plate bias resistor. Note that 
although the cathode and grid bias 
voltages are positive with respect to 
ground, they are still negative with | 

. respect to the plate. 


lines by the corresponding change in plate 
current (Ар). 


AV, 


а ИР: 
р 5 
| Al, 0) 


The ratio of change in plate voltage 
(АУ р) to the change in grid-to-cathode 


voltage (AV g) for a given plate current is. . 


the amplification factor (u). Amplifica- 

‘tion factor is calculated by selecting a 
horizontal line in the characteristic curve 
and dividing the difference in plate volt- 
age of two of the lines by the difference in 
grid voltages that corresponds to the same 
points. 


AV, 


AV, c (6) 


Triode amplification factors range from 
10 to about 100. 

The plate current flows to the plate bias 
supply, so the output from a triode ampli- 
fier is often expressed as the voltage that 
is developed as this current passes through 
a load resistor. The value of the load re- 


и = 


sistance affects the tube amplification, as 


illustrated by the dynamic characteristic 
curves in Fig 8.12, so the tube р does not 
fully describe its action as an amplifier. 
Grid-plate transconductance (gm) takes 
into account the change of amplification 


. due.to load resistance. The slope of the 


lines in the characteristic curve represents 
£m. (Since ће various lines are nearly par- 
allel in the linear operating region, they 
have about the same slope.) 

AT, 


(7) 


| This ratio represents a conductance, ` 
‘which is measured in siemens. Triodes 


have gm values that range from about 1000. 


‘to several thousand microsiemens, the 
` higher values indicating greater possible 
‚ amplification. 


The input impedance of a vacuum tube 
amplifier is directly related to the grid 
current. Grid current varies with grid volt- 
age, increasing as the.voltage becomes 
more positive. The normal operation uses 
a negative grid-bias voltage, and the input 
impedance can be in the megohm range 
for very negative grid bias values. This is 
limited by the desired operating point on 


the characteristic curve, however, as illus- 


trated in Figs 8.8 and 8.9. The output im- 
pedance of the amplifier is a function of 
the plate resistance, г,, in parallel with the 
output capacitance. Epic output imped- 
ance is on the order of hundreds of ohms. 
The physical configuration of the com- 
ponents within the vacuum tube appear as 
conductors that are separated by an insu- 
lator (in this case, the vacuum). This de- 
scription is very similar to that of a capaci- 
tor. The capacitance between the cathode 


` and grid, between the grid and plate, and 


between the cathode and plate can be large 
enough to affect the operation of the am- 
plifier at high frequencies. These capaci- 
tances, which are usually on the order of a 


: few picofarads, can limit the frequency 


response of a vacuum tube amplifier and 
can also provide signal feedback paths that 


may lead to unwanted oscillation. Neutral- ` 


izing circuits are sometimes used to coun- 
teract the effects of internal capacitances 
and to prevent oscillations. 

The grid-to-plate capacitance is the 
chief source of unwanted signal feedback. 
A special form of vacuum tube has been 
developed to deal with the grid-to-plate 
capacitance. A second grid, called a screen 
grid, is inserted between the original grid 
(now called a control grid) and the plate. 
The additional tube component leads to 


the name for this new tube — tetrode ` 


(tetra- for four components). See Fig 8.13. 


The screen grid reduces the capacitance 


between the control grid and the plate, but 
it also reduces the electrical field from 
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grid Voltage, Vq (V) 


Fig 8.12 — Vacuum tube dynamic 
characteristic curve. This corresponds 
to the V, = 300 line in Fig 8.7 with 
different values of load resistance. This 
shows how the tube will behave when 
cascaded to circuits with different 
input impedances. 


Grids 


Screen 


Control 


Fig 8.13 — Vacuum tube tetrode. 
Schematic symbol detailing heater (H), 
cathode (C), the two grids: control and 
screen and plate (P). 


the plate that attracts electrons from the 
cathode. Like the control grid, the screen | 


` grid is made of a wire mesh and electrons 


pass through the spaces between the wires 
to get to the plate. The bias of the screen 
grid is positive with respect to the cath- 
ode, in order to enhance the attraction of 
electrons from the cathode. The electrons 


accelerate toward the screen grid and most 


of them pass through the spaces and con- 
tinue to accelerate until they reach the 
plate. The presence of the screen grid 


‘adversely affects the overall efficiency of 
` the tube, since some of the electrons strike 
‘the grid wires. A bypass capacitor with a 


low reactance at the frequency being am- 
plified by the vacuum tube is generally . 
connected between the screen grid and the 
cathode. - | 

A special form of tetrode concentrates 


the electrons flowing between the cathode 


and the plate into a tight beam. The de- 
creased electron-beam area increases the 
efficiency of the tube. Beam tetrodes per- 
mit higher plate currents with lower plate 
voltages and large power outputs with 
smaller grid driving power. RF power 
amplifiers are usually made with this type 
of vacuum tube. 


\ 


8.9 


Grids 


Supressor 


Screen 


Control 


Output 


Plate Tank 
Circuit 


Fig 8.14 — Vacuum tube pentode. (A) Schematic symbol detailing heater (H), 
cathode (C), the three grids: control, screen and suppressor, and plate (P). (B) RF 
amplifier circuit using a pentode. C1, C2 and C3 are bypass (filter) capacitors and 
C4 is a dc blocking capacitor to isolate the plate bias voltage from the output 
signal. R1 is the cathode bias resistor and R2 is the screen voltage dropping 
resistor. The plate tank circuit is tuned to the desired frequency bandpass. As is 


common, the heater circuit is not shown. 


Output 


Fig 8.15 — Grounded grid amplifier 
schematic. The input signal is 
connected to the cathode, the grid is 
biased to the appropriate operating 
point by a dc bias voltage, – Vc, and 
the output voltage is obtained by the 
voltage drop through R, that is 
developed by the plate current, Ip. 


Another unwanted effect in vacuum 
tubes is the emission of electrons from the 
plate. The electrons flowing within the 
tube have so much energy that they are 
capable of dislodging electrons from the 
metal atoms in the plate. These secondary 
emission electrons are repelled back to the 
plate by the negative bias of the grid in a 
triode and are of no concern. In the tetrode, 
the screen grid is positively biased and 
attracts the secondary emission electrons, 
causing a reverse current from the plate to 
the screen grid. 

A third grid, called the suppressor grid, 
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Fig 8.16 — Cathode follower 
schematic. The input signal is biased 
by -Va and fed into the grid. The plate 
bias, B+ is fed directly into the plate 
terminal. The output is derived by the 
cathode current (which is equal to the 
plate current, Ip) dropping the voltage 
through the load resistor, В. 


can be added between the screen grid and 
the plate. This overcomes the effects of 
secondary emission in tetrodes. A vacuum 
tube with three grids is called a pentode 
(penta- for five components). See Fig 
8.14. The suppressor grid is negatively 
biased with respect to the screen grid and 
the plate. In some tube designs it is inter- 
nally connected to the cathode. The sup- 
pressor grid repels the secondary emission 
electrons back to the plate. 

As the number of grids is increased be- 
tween the cathode and the plate, the effect 
of the electrical field from the positive 
plate voltage at the cathode is decreased. 
This limits the number of electrons that 
can be emitted from the cathode and the 


characteristic curves tend to flatten out as 
the grid bias becomes less negative. This 
flattening is another nonlinearity of the 
tube as an amplifier, since the response 
saturates at a given plate current and will 
go no higher. Tube saturation can be used 
advantageously in some circuits if a con- 
stant current source is desired, since the 
current does not change within the satura- 
tion region regardless of changes in plate 
voltage. 


Types of Vacuum Tube Amplifiers 


The descriptions of vacuum tube ampli- 
fiers up to this point have been for only 
one configuration, the common cathode, 
where the cathode is connected to the sig- 
nal reference point, the grid is the input 
and the plate is the output. Although this is 
the most common configuration of the 
yacuum tube as an amplifier, other con- 
figurations exist. If the signal is intro- 
duced into the cathode and the grid is at a 
reference level (still negatively biased but 
with no ac component), with the output at 
the plate, the amplifier is called a 
grounded-grid (Fig 8.15). This amplifier 
is characterized by a very low input im- 
pedance, on the order of a few hundred 
ohms, and a low output impedance, that is 
mainly determined by the plate resistance 
of the tube. 

The third configuration is called the 
cathode follower (Fig 8.16). The plate is 
the common element, the grid is the input 
and the cathode is the output. This type of 
amplifier is often used as a buffer stage 
due to its high input impedance, similar to 
that of the common cathode amplifier, and 
its very low output impedance. The output 
impedance (Z,) can be calculated from the 
tube characteristics as: 


(8) 


where: 
Tp = tube plate resistance 
и = tube amplification factor. 


For a close approximation, we can sim- 
plify this equation as: 
Z = 


Ip 
° p 


Other Types of Tubes 


Vacuum tube identifiers do not gener- 
ally indicate what type of tube the device 
is. The format is typically a number, one 
or two letters and a number (such as 6AU6 
or 12AT7). The first number in the identi- 
fier indicates the heater voltage (usually 
either 6 or 12 V). The last number often 
indicates the number of elements, includ- 
ing the heater. Some tubes also have an 


additional letter following the identifier 
(usually A or B) that indicates a revision 
of the tube design that represents an im- 
provement in its operating parameters. 
There are also tubes that do not follow this 
naming convention, many of which are 
power amplifiers or military-type tubes 
(such as 6146 and 811). . 


To reduce stray reactances, some tubes . 


do not have the plate connection in the tube 
base, where all the other connections are 
located. Rather, a connection is made at 
the top of the tube though a metallic cap. 
This requires an additional connector for 
the plate circuitry. | 

Tubes may share components ina single 
envelope to reduce size and incidental 
power requirements. À very common ex- 
ample of this is the dual triode tube (such 
as 12AT7 or 12AU7) that contains a single 
heater circuit and two complete triode 
tubes in the same device. Other configura- 


tions of multiple devices contained in a. 


single vacuum tube also exist. The 6GW8 
and 6EA8 tubes each contain both a triode 
and a pentode. The 6BN8 contains three 
'distinct devices, one triode and two 
diodes. 

Most common vacuum tubes are en- 
cased in glass. It is also possible to encase 
them in metal or ceramic materials to at- 
tain higher tube power and smaller size. 
Since heat dissipation from the plate is one 
of the major limiting factors for vacuum 
tube power amplifiers, the alternate mate- 
rials remove heat more efficiently. These 
tubes can be cooled by convection, with 

` the casing connected to a large heat sink, 
' or with water flowing past the tube for 
hydraulic cooling. 

A variation of the vacuum tube that is 
widely used in oscilloscopes and televi- 
sion monitors is the cathode ray tube 
(CRT), diagrammed in Fig 8.17. The CRT 


has a cathode and grid much like a triode : 


tube. The plate, usually referred to as the 
anode in this device, is designed to accel- 
erate the electrons to very high velocities, 
with anode voltages that can be as high as 
tens of thousands of volts. The anode of 
the CRT differs from the plates of other 
vacuum tubes, since it is designed as a set 
of plates that are parallel to the electron 
beam. The anode voltage accelerates the 
electrons but does not absorb them. The 
electron beam passes by the anode and 
continues to the face of the tube. The cath- 
ode, grid and anode are all located in the 
neck of the CRT and are collectively re- 
ferred to as the electron gun. 

The electron beam is deflected from its 
path by either magnetic deflectors that 
surround the yoke of the tube or by elec- 
trostatic deflection plates that are built into 
the tube neck just beyond the electron gun. 
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Fig 8.17 — Cross section of CRT. The electron gun generates a stream of 


-electrons and is made up of a heater, cathode, grid and anode (plate). The 


electron beam passed by two pairs of deflection plates that deviate the path of the 
beam in the vertical (y) direction and then the horizontal (x) direction. The 
deflected electron beam strikes a phosphor screen and causes it to glow at that 
spot. Any electrons that bounce off the screen are absorbed by the conductive 
layer along the sides of the tube, preventing spurious luminescence 


` 


A CRT typically has two sets of deflectors: 
vertical and horizontal. When a potentiàl 
is applied to a set of deflectors, the passing 
electron beam is bent, altering its path. In 
an oscilloscope, the time base typically 
drives the horizontal deflectors and the 
input signal drives the vertical deflectors, 
although in many oscilloscopes it is pos- 
sible to connect another input signal to the 
horizontal deflectors to obtain an X-Y, or 
vector, display. In televisions and some 
computer monitors, the deflectors are typi- 
cally driven by a raster generator. The hori- 
zontal deflectors are driven by a sawtooth 
pattern that causes the beam to move re- 
peatedly from left to right and then retrace 
quickly to the left. The vertical deflectors 
are driven by a slower sawtooth pattern 
that causes the beam to move repeatedly 
from top to bottom and then retrace 
quickly to the top. The relative timing of 
the two sawtooth patterns is such that the 
beam scans from left to right, retraces to 
the left and then begins the next horizontal 
trace just below the previous one. 
Beyond the deflectors, the CRT flares 


` out: The front face is coated with a phos- 


phorescent material that glows when 
struck by the electron beam. To prevent 
spurious phosphorescence, a conductive 
layer along the sides of the tube absorbs 


_any electrons that reflect off the glass. 


Vector displays have better resolution 


than raster scanning. The trace lines аге 


clearer, which is the reason oscilloscope 
displays use this technique. It is faster to 
fill the screen using raster scanning, how- 
ever. Thisis why TVs use raster scanning. 

Some CRT tubes are designed with 
multiple electron beams. The beams are 
sometimes generated by different electron 
guns that are placed next to each other in 
the neck of the tube. They can also be gen- 
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erated by splitting the output of a single 
electron gun into two or more beams. Very 
high quality oscilloscopes use two elec- 
tron beams to trace two input channels 
rather than the more common method of 
alternating a single beam between the two 
inputs. Color television tubes use three 
electron beams for the three primary col- 
ors (red, green and blue). Each beam is 
focused on only one of these colored phos- 
phors, which are interleaved on the face of 
the tube. A metal shadow mask keeps the 
colors separate as the beams scan across 
the tube. 

A variation of the CRT is the vidicon 
tube. The vidicon is used in many video 
cameras and operates in a similar fashion 
to the CRT. The vidicon absorbs light from 
the surroundings, which charges the plate 
at the location of the light. This charge 
causes the cathode-to-plate current to in- 
crease when the raster scan points the elec- 
tron beam at that location. The current 
increase is converted to a voltage that is 
proportional to the amount of light ab- 
sorbed. This results in an electrical signal 
that represents the pattern of a visual im- 
age. | 

Standard vacuum tubes work ‘well for 
frequencies up to hundreds of megahertz. 
At frequencies higher than this, the 
amount of time that it takes for the elec- 
trons to move between the cathode and tlie 
plate becomes a limiting factor. There are 
several special tubes designed to work at 
microwave frequencies. The klystron tube 
uses the principle of velocity modulation 
of the electrons to avoid transit time limi- 


.tations. The beam of electrons travels 


down a metal drift tube that has interac- 
tion gaps along its sides. RF voltages are 
applied to the gaps and the electric fields 
thatthey generate accelerate or decelerate 
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the passing electrons. The relative posi- 
tions of the electrons shift due to their 
changing velocities causing the electron 
density of the beam to vary. The modula- 
tion of the electron density is used to 
perform amplification or oscillation. 
Klystron tubes tend to be relatively large, 
with lengths ranging from 10 cm to 2 m 
and weights ranging from as little as 150 g 
to over 100 kg. Unfortunately, klystrons 
have relatively narrow bandwidths, and 
are not retunble by amateurs for operation 
on different frequencies. 

The magnetron tube is an efficient os- 
cillator for microwave frequencies. Mag- 
netrons are most commonly found in mi- 
crowave ovens and high powered radar 
equipment. The anode of a magnetron is 
made up of a number of coupled resonant 
cavities that surround the cathode. The 
magnetic field causes the electrons to ro- 
tate around the cathode and the energy that 
they give off as they approach the anode 
adds to the RF electric field. The RF power 
is obtained from the anode through a 
vacuum window. Magnetrons are self os- 
cillating with the frequency determined by 
the construction of their anodes, however 
they can be tuned by coupling either in- 
ductance or capacitance to the resonant 
anode. The range of frequencies depends 
on how fast the tuning must be accom- 
plished. The tube may be tuned slowly over 
arange of approximately 10% of the center 
frequency. If faster tuning is necessary, 
such as is required for frequency modula- 
tion, the range decreases to about 5%. 

A third type of tube capable of operat- 
ing in the microwave range is the travel- 
ing wave tube. For wide band amplifiers in 
the microwave range this is the tube of 
choice. Either permanent magnets or elec- 
tromagnets are used to focus the beam of 
electrons that emerges from an electron 
gun similar to the one described for the 
CRT tube. The electron beam passes 
through a helical slow-wave structure, in 
which electrons are accelerated or decel- 
erated, providing density modulation due 
to the applied RF signal, similar to that in 
the klystron. The modulated electron beam 
induces voltages in the helix that provides 
an amplified tube output whose gain is 
proportional to the length of the slow- 
wave structure. After the RF energy is 
extracted from the electron beam by the 
helix, the electrons are collected and re- 
cycled to the cathode. Traveling wave 
tubes can often be operated outside their 
designed frequencies by carefully opti- 
mizing the beam voltage. 


PHYSICAL ELECTRONICS OF 
SEMICONDUCTORS 


Every atom of matter consists of, among 
other things, an equal number of protons 
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and electrons. These two subatomic par- 
ticles must match in number to neutralize 
theelectric charge: one positive charge for 
a proton and one negative charge for an 
electron. 

Electrons orbit the nucleus, which con- 
tains the protons, at different energy lev- 
els. The binding of the electrons to the 
nucleus determines how an atom will be- 
have electrically. Loosely bound electrons 
are easily liberated from their nuclei; at- 
oms with this property are called conduc- 
tors. In contrast, tightly bound electrons 
require considerable energy to be dis- 
lodged from their atoms; these atoms are 
called insulators. In between these two 
extremes is a class of elements called 
semiconductors, or partial conductors. As 
energy is added to a semiconductor atom, 
electrons are more easily freed. This prop- 
erty leads to many potential applications 
for this type of material. 

In a conductor, such as a metal, the 
outer, or valence, electrons of each atom 
are shared with the adjacent atoms so there 
are many electrons that can move about 
freely between atoms. The moving free 
electrons are the constituents of electrical 
current. In a good conductor, the concen- 
tration of these free electrons is very high, 
on the order of 1022 electrons / cm?. In an 
insulator, nearly all the electrons are 
tightly held by their atoms; the concentra- 
tion of free electrons is very small, on the 
order of 10 electrons / cm?. 

Semiconductor atoms (germanium — 
Ge and silicon — Si) share their valence 
electrons in a chemical bond that holds ad- 
jacent atoms together. The electrons are 
not free to leave their atom in order to 
move into the sphere of the adjacent atom, 
as in a conductor. They can be shared by 
the adjacent atom, however. The sharing 
of electrons means that the adjacent atoms 
are attracted to each other, forming a bond 
that gives the semiconductor its physical 
structure. 

When energy is added to a semiconduc- 
tor lattice, generally in the form of heat, 
some electrons are liberated from their 
bonds and move freely throughout the 
structure. The bond that loses an electron 
is then unbalanced and the space that the 
electron came from is referred to as a hole. 
Electrons from adjacent bonds can leave 
their positions and fill the holes, thus cre- 
ating new holes in the adjacent bonds. Two 
opposite movements can be said to occur: 
negatively charged electrons move from 
bond to bond in one direction and posi- 
tively charged holes move from bond to 
bond in the opposite direction. Both of 
these movements represent forms of elec- 
trical current, but this is very different 
fromi the current in a conductor. While the 
conductor has free electrons that flow re- 


gardless of the crystalline structure, the 
current in a semiconductor is constrained 
to move only along the crvstalline lattice 
between adjacent bonds. 

Crystals formed from pure semiconduc- 
tor atoms (Ge or Si) are called intrinsic 
semiconductors. In these materials the 
number of free electrons is equal to the 
number of holes. Each atom has four 
valence electrons that form bonds with 
adjacent atoms. Impurities can be added 
to the semiconductor material to enhance 
the formation of electrons or holes. These 
are extrinsic semiconductors. There are 
two types of impurities that can be added: 
one kind with five valence electrons 
donates free electrons to the crystalline 
structure; this is called an N-type impurity, 
for the negative charge that it adds. Some 
examples are antimony (Sb), phosphorus 
(P) and arsenic (As). N-type extrinsic 
semiconductors have more electrons and 
fewer holes than intrinsic semiconductors. 
Impurities with three valence electrons 
accept free electrons from the lattice, add- 
ing holes to the overall structure. These 
are called P-type impurities, for the net 
positive charge; some examples are boron 
(B), gallium (Ga) and indium (In). 

Intrinsic semiconductor material can be 
formed by combining equal amounts of 
N-type and P-type impurity materials. 
Some examples of this include gallium- 
arsenide (GaAs), gallium-phosphate 
(GaP) and indium-phosphide (InP). To 
make an N-type compound semicon- 
ductor, a slightly higher amount of N-type 
material is used in the mixture. A P-type 
compound semiconductor has a little more 
P-type material in the mixture. 

The conductivity of an extrinsic semi- 
conductor depends on the charge density 
(in other words, the concentration of free 
electrons in N-type, and holes in P-type, 
semiconductor material). As the energy in 
the semiconductor increases, the charge 
density also increases. This is the basis of 
how all semiconductor devices operate: the 
major difference is the way in which the 
energy level is increased. Variations are: 
The transistor, where conductivity is al- 
tered by injecting current into the device 
via a wire; the thermistor, where the level 
of heat in the device is detected by its con- 
ductivity, and the photoconductor, where 
light energy that is absorbed by the semi- 
conductor material increases the conduc- 
tivity. 


The PN Semiconductor Junction 


If a piece of N-type semiconductor 
material is placed against a piece of P-type 
semiconductor material, the loction at 
which they join is called a PN semicon- 
ductor junction. The junction has charac- 
teristics that make it possible to develop 


diodes and transistors. The action of the 
junction is best described by a diode oper- 
ating as a rectifier. Initially, when the two 
types of semiconductor material are placed 
` in contact, each type of material will have 
only its majority carriers: P-type will have 


only holes and N-type will have only free 
The net positive charge of. 


electrons. 
.the P-type máterial attracts free electrons 
from across the junction and the opposite 
is true in the N-type material. These attrac- 
tions lead to diffusion of some of the ma- 
jerity carriers across the junction, which 


neutralize the carriers immediately on the . 


other side. The region close to the junction 


is then depleted of carriers, and, as such, іѕ 


. named the depletion region (or the space- 
charge region or the transition region). 


The width of the depletion region is very . 


small, on the order of 0.5 um. 

^ If the N-type material is placed at a more 

negative voltage than the P-type material, 

current will pass through the junction be- 

cause electrons are attracted from the 
_ Jower potential to the higher potential and 

holes are attracted in the opposite direc- 


tion. When the polarity is reversed, cur-- 


rent does not flow because the electrons 
that are trying to enter the N-type material 
are repelled, as are the holes trying to enter 
the P-type material. This unidirectional 
current is what allows a semiconductor 
diode to act as rectifier. · g 


Diodes are commonly made of silicon ог : 


germanium. Although they act similarly, 
they have slightly different characteristics. 
The junction threshold voltage, or junc- 
tion barrier voltage, is the forward bias 
voltage at which current begins to pass 
_through the device. This voltage is differ- 
ent for the two kinds of diodes. In the 
diode response curve of Fig 8.18, this 
value corresponds to the voltage at which 
the positive portion of the curve begins 
to rise sharply from the x axis. Most sili- 
‚соп diodes have a junction’ threshold 
‘voltage of about 0.7 V, while the value for 
germanium diodes typically is 0.3 V. The 
reverse biased leakage current is much 
lower for silicon diodes (in the nanoamp 
' range) than for germanium diodes (in the 
microamp range). The forward resistance 
of a diode is typically very low and varies 
with the amount of forward current. 


. Multiple Junctions 


A bipolar transistor is formed when two. 


PN junctions are placed next to each other. 


If N-type materialis surrounded by P-type . 


material, the result is a PNP transistor. 
Alternatively, if P-type material is in the 
middle of two layers of N-type material, 
the NPN transistor is formed (Fig 8.19). 

Physically, we can think of the transis- 
toras two PN junctions back-to-back, such 
as two diodes connected at their anodes 
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Fig 8.18 — Semiconductor diode (PN 
junction) response curve. (A) Forward 
biased (anode voltage higher than 
cathode) response for Germanium — 
Ge and Silicón — Si devices. Each 
curve breaks away from the x-axis at its 
junction threshold voltage. The slope of 
each curve is its forward resistance. 

(B) Reverse biased response. Very 
small reverse current increases until it - 


‘reaches the reverse saturation current 


(lo). The reverse current increases 
suddenly and drastically when the 
reverse voltage reaches the reverse 
breakdown voltage, Van. 


(the positive terminal) for an NPN transis- 
tor or two diodes connected at their cath- 
odes (the negative terminal) for a PNP 


transistor. The connection point is the base 


of the transistor. (You can't actually make 


a transistor this way.) A transistor con- . 


ducts when the base-emitter junction is 
forward biased and the base-collector is 
reverse biased. Under these conditions, 


the emitter region emits majority carriers . 


into the base region, where they are 
minority carriers because the materials of 
the emitter and base regions have opposite 


polarity. The excess minority carriers in, 


the base are attracted across the base- 
collector junction, where they are col- 
lected and are once again considered 
majority carriers. The flow of majority 


carriers from emitter to collector can be . 


modified by the application of a bias cur- 
rent to the base terminal. If the bias cur- 
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Fig 8.19 — Bipolar transistors. (A) A 
layer of N-type semiconductor 
sandwiched between two layers of P- 
type semiconductor makes a PNP 
device, the schematic symbol has three 
leads: collector (C), base (B) and 
emitter (E), with the arrow pointing in 
toward the base. (B) A layer of P-type 
semiconductor sandwiched between. 
two layers of N-type semiconductor 
makes an NPN device, the schematic 
symbol has three leads: collector (C), 
base (B) and emitter (E), with the arrow 
pointing out away from the base. 


rent has the same polarity as the base 
material (for example holes flowing into 
a P-type base) the emitter-collector cur- 
rent increases. A transistor allows a small 


-base current to control a much larger col- 


lector current. 

‚ As in a semiconductor diode, the for- 
ward biased base-emitter junction has a 
threshold voltage (Vgg) that must be 
exceeded before the emitter current 
increases. 


PNPN Diode 


If four alternate layers of P-type and 
N-type material are placed together, a 
PNPN (usually pronounced like pinpin) 
diode with three junctions is obtained (see 
Fig 8.20). This device, when the anode is 
at a higher potential than the cathode, has 
its first and third junctions forward biased 
and its center junction reverse biased. In 
this state, there is little current, just as in 
the reverse biased diode. As the forward 
bias voltage is increased, the current 
through the device increases slowly until 
the breakover (or firing) voltage, Vgo, is 
reached and the flow of current abruptly 
increases. The PNPN diode is often con- 
sidered to be a switch that is off below Уво 
and on above it. 


Bilateral Diode Switch 
A semiconductor device similar to two 
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PNPN diodes facing in opposite directions 
and attached in parallel is the bilateral 
diode switch or diac. This device has the 
characteristic curve of the PNPN diode for 
both positive and negative bias voltages. 
Its construction, schematic symbol and 
characteristic curve are shown in Fig 8.21. 


Silicon Controlled Rectifier 


Another device with four alternate lay- 
ers of P-type and N-type semiconductor is 
the silicon controlled rectifier (SCR), or 
thyristor. In addition to the connections to 
the outer two layers, two other terminals 
can be brought out for the inner two layers. 
The connection to the P-type material near 
the cathode is called the cathode gate and 
the N-type material near the anode is called 
the anode gate. In nearly all commercially 
available SCRs, only the cathode gate is 
connected (Fig 8.22). 

Like the PNPN diode switch, the SCR is 
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Fig 8.20 — PNPN diode. (A) Alternating 
layers of P-type and N-type semi- 
conductor. (B) Schematic symbol with 
cathode (C) and anode (A) leads. (C) 
Voltage-current response curve. Reverse 
biased response is the same as normal 
PN junction diodes. Forward biased 
response acts as a hysteresis switch. 
Resistance is very high until the bias 
voltage reaches Vg, and exceeds the 
cutoff current, lg. The device exhibits a 
negative resistance with the current 
increases as the bias voltage decreases 
until a voltage of V, and saturation 
current of І» is reached. After this the 
resistance is very low, with large 
increases in current for small voltage 
increases. 
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used to abruptly start conducting when the 
voltage exceeds a given level. By biasing 
the gate terminal appropriately, the 
breakover voltage can be adjusted. The 
SCR is highly efficient and is used in 
power control applications. SCRs are 
available that can handle currents of 
greater than 100 A and voltage differen- 
tials of greater than 1000 V, yet can be 
switched with gate currents of less than 
50 mA. 


Triac 


A five layered semiconductor whose 
operation is similar to a bidirectional SCR 
is the triac (Fig 8.23). This is also similar 
to a bidirectional diode switch with a bias 
control gate. The gate terminal of the triac 
can control both positive and negative 
breakover voltages and the devices can 
pass both polarities of voltage. 

SCRs and triacs are often used to modify 
ac power sources. A sine wave with a given 
RMS value can be switched on and off at 
preset points during the cycle to decrease 
the RMS voltage. When conduction is de- 
layed until after the peak (as Fig 8.24 
shows) the peak-to-peak voltage is re- 


Fig 8.21 — Bilateral switch. (A) Alter- 
nating layers of P-type and N-type 
semiconductor. (B) Schematic symbol. 
(C) Voltage-current response curve. The 
right-hand side of the curve is identical 
to the PNPN diode response in Fig 8.20. 
The device responds identically for 
both forward and reverse bias so the 
left-hand side of the curve is 
symmetrical to the right-hand side. 


duced. If conduction starts before the 
peak, the RMS voltage is reduced, but the 
peak-to-peak value remains the same. This 
method is used to operate light dimmers 
and 240 V ac to 120 V ac converters. The 


Cathode 


Cathode 
Gate 


Fig 8.22 — SCR. (A) Alternating layers of 
P-type and N-type semiconductor. This is 
similar to a PNPN diode with gate 
terminals attached to the interior layers. 
(B) Schematic symbol with anode (A), 
cathode (C), anode gate (Ga) and 
cathode gate (Gc). Many devices are 
constructed without Ga. (C) Voltage- 
current response curve with different 
responses for various gate currents. 

16 = 0 has the same response as the 
PNPN diode. 


Fig 8.23 — Triac. (A) Alternating layers of 
P-type and N-type semiconductor. This 
behaves as two SCR devices facing in 
opposite directions with the anode of one 
connected to the cathode of the other 
and the cathode gates connected 
together. (B) Schematic symbol. 
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. Fig 8.24 — Triac operation on sine 
wave. The dashed line is the original 
sine wave and the solid line is the 

"portion that conducts through the triac. 
The relative delay.and conduction 

. period times are controlled by the 
amount or timing of gate current, Ig. 
The response of an SCR is the same as 
this for positive voltages (above the 
x-axis) and with no conduction for 
negative voltages. ; 


sharp switching transients created when 
these devices switch are common sources 
‘of RF interference. SCRs are used as 

"crowbars" in power supply circuits, to 

short the output to ground and blow a fuse 
. when an overvoltage condition exists: 


FIELD-EFFECT TRANSISTORS 


The field-effect transistor (FET) con- 
trols the current between two points but 
does so differently than the bipolar tran- 
sistor. The FET operates by the effects of 
an electric field on the flow of electrons 
through a single type of semiconductor 
material. This is why the FET is some- 


times called a unipolar transistor. Also, · 


unlike bipolar semiconductors that can be 
arranged in many configurations -to pro- 
vide diodes, transistors, photoelectric de- 
vices, temperature sensitive devices and 
so on, the field effect is usually only used 
to make transistors, although FETs are 
. also available as special-purpose diodes, 
for use as constant current sources. 

. Current moves within the FET in a 
channel, from the source connection to 
the drain connection. A gate terminal gen- 
erates an electric field that controls the 
current. (see Fig 8.25). The channel is 
made of either N-type or P-type semi- 


conductor material; an FET is specified as - 
either an N-channel or P-channel device. : 
Majority carriers flow from source to 


drain. In N-channel devices, electrons 
‘flow so the drain potential must be higher 
than that of the source (Vpg.» 0). In 
‘P-channel devices, the flow of holes re- 
quires that Vps < 0. The polarity of the 
electric field that controls current in the 


‘channel is determined by the majority : 


carriers of the channel, ordinarily positive 
for P-channel FETs and negative for 
N-channel FETs. 

Variations of FET technology are based 


on different ways of generating the elec- 


Substrate 


Substrate 


. (B) 


` Fig 8.25 — JFET devices with terminals 


labeled: source (S), gate (G) and drain 


'(D). A) Pictorial of N-type channel 


embedded in P-type substrate and 
schematic symbol. B) P-channel 
embedded in N-type substrate and 
schematic symbol. . 


tric field. In all of these, however, elec- 
trons at the gate are used only for their 
charge in order to create an electric field 
around the channel, and there is a minimal 
flow of electrons through the gate. This 
leads to a very high dc input resistance in 
devices that use FETs for their input cir- 
cuitry. There may be quite a bit of capaci- 
tance between the gate and the other FET 
terminals, however. The input impedance 
may be quite low at RF. 

The current through an FET only has to 


pass through a single type of semi- . 
conductor material. There.is very little 


resistance in the absence of an electric 
field (no bias voltage). The drain-source 


resistance (rps ow) is between a few 


hundred ohms to less than an ohm. The 
output impedance of devices made with 
FETs is generally quite low. If a gate bias 
voltage is added to operate the transistor 
near cut off, the circuit output тарона 
may be much higher. 

FET devices are constructed on a süb: 
strate of doped semiconductor material. 
The channel is formed within the substrate 


and has the opposite polarity (a P-channel : 


FET has N-type substrate). Most FETs are 
constructed with silicon. In order to 


` achieve a higher gain-bandwidth product, 


other materials have been used. Gallium 
Arsenide (GaAs) has electron mobility 
and drift velocities that are far higher than 


the standard doped silicon. Amplifiers. 


designed with GaAs. FET devices have 


much higher frequency response and. 


lower noise factor at VHF and UHF than 
those made with standard FETs. 


JFET 
" There are two basic types of FET. Inthe 
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- junction FET (JFET), the gate material is 


made of the opposite polarity semiconduc- 
tor to the channel material (for a P-chan- 
nel FET the gate is made of N-type semi- 
conductor material) The gate-channel 
junction is similar to a diode's PN junc- 
tion. As with the diode, current is high if 
the junction is forward biased and is ex- 
tremely small when the junction is reverse 


biased. The latter case is the way that 


JFETs are used, since any current in the 
gate is undesirable. The magnitude of the 
reverse bias at the junction is proportional 


'to the size of the electric field that 


“pinches” the channel. Thus, the current 
in the channel is reduced for higher re- 
verse gate bias voltage. 

Because the gate-channel junction in a 
JFET is similar to a bipolar junction di- 
ode, this junction must never be forward 
biased; otherwise large currents will pass 
through the gate and into the channel. For 
an N-channel JFET, the gate must always 
be at a lower potential than the source 


(Vas < 0). The channel is as fully open as 


it can get when the gate and source volt- 
ages are equal (Vgs = 0). The prohibited 
condition is when Vgs > 0. For P-channel 
JFETs these conditions are reversed (in 
normal operation Vgs 0 and the prohib- 
ited condition is when Vgs < 0). 


MOSFET 


Placing an insulating layer between the 
gate and the channel allows for a wider 
range of control (gate) voltages and fur- 
‘ther decreases the gate current (and thus 
increases the device input resistance). The 
insulator is typically made of an oxide 
(such as silicon dioxide, SiO2). This type 
of device is called a metal-oxide-semicon- 
ductor FET (MOSFET) or insulated-gate 
FET (IGFET). The substrate is often con- 
nected to the source internally. The insu- 
lated gate is on the opposite side of the 
channel from the substrate (see Fig 8.26). 
The bias voltage on the gate terminal either 
attracts or repéls the majority carriers of 
the substrate across the PN junction with 
the channel. This narrows (depletes) or 
widens (enhances) the channel, re- 
spectively, as Vas changes polarity. For 
N-channel MOSFETs, positive gate volt- 


ages with respect to the substrate and the 
. source (Vgs > 0) repel holes from the 


channel into the substrate, thereby widen- 
ing the channel and decreasing channel 
resistance. Conversely, Vgs < 0 causes 
holes to be attracted from the substrate, 
narrowing the channel and increasing the 
channel resistance. Once again, the polari- 
ties discussed in this example are reversed 
for P-channel devices. The common ab- 
breviation for an N-channel MOSFET is 


: NMOS, and for a P-channel MOSFET, 


PMOS. 
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Fig 8.26 — MOSFET devices with terminals labeled: source (S), gate (G) and drain 
(D). N-channel devices are pictured. P-channel devices have the arrows reversed 
in the schematic symbols and the opposite type semiconductor material for each 
of the layers. (A) N-channel depletion mode device schematic symbol and 
pictorial of P-type substrate, diffused N-type channel, SiO; insulating layer and 
aluminum gate region and source and drain connections. The substrate is 
connected to the source internally. A negative gate potential narrows the channel. 
(B) N-channel enhancement mode device schematic and pictorial of P-type 
substrate, N-type source and drain wells, SiO? insulating layer and aluminum gate 
region and source and drain connections. Positive gate potential forms a channel 


between the two N-type wells. 


Because of the insulating layer next to 
the gate, input resistance of a MOSFET is 
usually greater than 10!2 Q (a million 
megohms). Since MOSFETs can both de- 
plete the channel, like the JFET, and also 
enhance it, the construction of MOSFET 
devices differs based on the channel size 
in the resting state, Vgs = 0. A depletion 
mode device (also called a normally on 
MOSFET) has a channel in resting state 
that gets smaller as a reverse bias is ap- 
plied; this device conducts current with no 
bias applied (see Fig 8.26 A and B). An 
enhancement mode device (also called a 
normally off MOSFET) is built without a 
channel and does not conduct current 
when Vas = 0; increasing forward bias 
forms a channel that conducts current (see 
Fig 8.26 C and D). 


Semiconductor Temperature 
Effects 


The number of excess holes and elec- 
trons is increased as the temperature of 
a semiconductor increases. Since the 
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conductivity of a semiconductor is re- 
lated to the number of excess carriers, this 
also increases with temperature. With 
respect to resistance, semiconductors 
have a negative temperature coefficient. 
The resis-tance of silicon decreases by 
about 8% / °C and by about 6% / °C for 
germanium. Semiconductor temperature 
properties are the opposite of most metals, 
which increase their resistance by about 
0.4% / °C. These opposing temperature 
characteristics permit the design of cir- 
cuits with opposite temperature coeffi- 
cients that cancel each other out, making a 
temperature insensitive circuit. Left by 
itself, the semiconductor can experience 
an effect called thermal runaway as the 
current causes an increase in temperature. 
The increased temperature decreases 
resistance and may lead to a further in- 
crease in current (depending on the circuit) 
that leads to an additional temperature in- 
crease. This sequence of events can con- 
tinue until the semiconductor destroys 
itself. 


Semiconductor Failure 


There are several common failure 
modes for semiconductors that are related 
to heat. The semiconductor material is 
connected to the outside world through 
metallic leads. The point at which the 
metal and the semiconductor are con- 
nected is one common place for the semi- 
conductor device to fail. As the device 
heats up and cools down, the materials 
expand and contract. The rate of expan- 
sion and contraction of semiconductor 
material is different from that of metal. 
Over many cycles of heating and cooling 
the bond between the semiconductor and 
the metal can break. Some experts have 
suggested that the lifetime of semiconduc- 
tor equipment can be extended by leaving 
the devices on all the time. While this 
would decrease the type of failure just 
described, inadequate cooling can lead to 
another type of semiconductor failure. 

Impurities are introduced into intrinsic 
semiconductors by diffusion, the same 
physical property that lets you smell cook- 
ies baking from several rooms away. 
Smells diffuse through air much faster 
than molecules diffuse through solids. 
Once the impurities diffuse into the semi- 
conductor, they tend to stay in place. Rates 
of diffusion are proportional to tempera- 
ture, and semiconductors are doped with 
impurities at high temperature to save 
time. Once the doped semiconductor 
material is cooled, the rate of diffusion of 
the impurities is so low that they are 
essentially immobile for many years to 
come. 

А common failure mode of semiconduc- 
tors is due to the heat generated during 
semiconductor use. If the temperatures at 
the junctions rise to high enough levels for 
long enough periods of time, the impuri- 
ties start to diffuse across the PN junctions. 
When enough of these atoms get across the 
junction, it stops functioning properly and 
the semiconductor device fails. 


Thermistors 


The effect of temperature on current in 
semiconductors is put to use in a controlled 
fashion in a thermistor. The temperature 
coefficients of silicon and germanium are 
highly dependent on the amount of dop- 
ing. For stability, thermistors are made of 
oxides such as nickel oxide (NiO), 
dimanganese trioxide (Mn 703) or dicobalt 
trioxide (Co203). If the doping concentra- 
tion of a semiconductor is high enough, it 
will start to take on some of the properties 
of a metal and the temperature coefficient 
becomes positive. A device made from this 
type of material is sometimes called a 
sensistor. 
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| SEMICONDUCTOR DIODES 


Although many types of semiconductor 
diodes are available, there are not many 


differences between them. The diode is. 


. made of a single PN junction that affects 
current differently depending on its direc- 


‘tion. This leads to a large number of appli- · 


cations in electronic circuitry. - > 

The diode symbol is shown in Fig 8.27. 
Current passes most easily from anode to 
. cathode, in the direction. of the arrow. This 
is often referred to as the forward direc- 
‘tion and the opposite is the reverse direc- 
tion. Remember that current refers to the 


flow of electricity from higher to lower 
_ cies that it can act on. The diode response : 


potentials and is in the opposite direction 


to the flow of electrons (current moves’ 


. from anode to cathode and electrons flow 
from cathode to anode, as based on the 
definitions of the words, anode and cath- 
ode). The anode of a semiconductor junc- 
tion diode is made of P-type material and 
the cathode is made of N-type material, as 

-indicated in Fig 8.27. Most diodes are 


` marked with a band on the cathode end. 


(Fig 8.27). The ideal diode would have 


' most important diode parameters to con- 


zero resistance in the forward direction ` 


and infinite resistance in the reverse di- 


rection. This is not the case for actual de- . 


vices, which behave as shown in the plot 
of a diode response in Fig 8.18. Note that 
the scales of the two parts of the graph are 
drastically different, The inverse of the 
slope of the line (the change in voltage 
between two points on a straight portion 
of the line divided by the corresponding 
-change in current) on the upper right is the 
resistance of the diode in the forward 


direction. The range of voltages is small _ 


_and the range of currents is large since the 
forward resistance is very small (in this 
example, about 2 Q). The lower left 
„ portion of the curve illustrates a much 
` higher resistance that increases from tens 
of kilohms to thousands of megohms as 
the reverse voltage gets larger, and then 
decreases to.near zero (a nearly vertical 
line) very suddenly at the peak inverse 
voltage (PIV = 100 V in this example). 
There are four major characteristics that 
distinguish standard junction diodes from 
one another: the PIV, the current or power 
handling capacity, the response speed and 
the junction barrier voltage. Each of these 
characteristics can be manipulated during 
manufacture to produce special purpose 
diodes. 
The most common application. of a 
diode is to perform rectification; that is, 


‚ sider for power rectification are the PIV 


and current ratings. The peak negative 
voltages that are stopped by the diode must 


be smaller in magnitude than the PIV and — 
` the peak current through the diode when it - 


is forward biased must be less than the 
maximum amount for which the device 


was designed. Exceeding the current rat- 


ing in a diode will cause excessive heating 
(based on P = I x Vp) that leads to PN 
junction failure as described earlier.. - 


Fast Diodes 
„The speed of a diode affects the frequen- 


in Fig 8.18 is a steady state response, 


showing how that diode will act at.dc. As ` 


the frequency increases, the diode may not 
be able to keep up with the changing 
polarity of the signal and its response will 
not be as expected. Diode speed mainly 


depends on chargestorage in the depletion ` 


region. Underreverse bias, excess charges 
move away from the junction, forming a 
larger space-charge region that is the 
equivalent of a dielectric. The diode thus 
exhibits capacitance, which is inversely 
proportional to the width of the dielectric 


and directly proportional to the cross- . 
‚ trolled rather than reduced, a diode can be 


sectional surface area of the junction. 
One way to decrease charge storage 


time in the depletion region is to form a 
metal-semiconductor junction, This can 


be accomplished with a point-contact di- 


` ode, where a thin piece of aluminum wire, 
often called a whisker, is placed in contact. 
.with one face of a piece of lightly doped 


N-type material. In fact, the original di- 


* odes used for detecting radio signals 


» 


(“cats whisker diodes") were made this 


way. À more recent improvement to this 
technology, the hot-carrier diode, is like a 
point-contact diode with more ideal char- 
acteristics attained by using more efficient 
metals, such as platinum and gold, that act 
to lower forward resistance ard increase 
PIV. This type of contact is known as a 
Schottky barrier, and diodes made this 
way are called Schottky diodes. 

The PIN diode, shown in Fig 8.27C is a 


slow response diode that is capable of pass- 


ing microwave signals when it is forward 


biased. This device is constructed with a 
. layer of intrinsic (undoped) semiconduc- 


tor placed between very highly doped 


_ P-type and N-type material (called P*-type 


б and Nt-type material to indicate the high 


allowing positive voltages to pass and : 


stopping negative voltages. Rectification. 


i$ used in power supplies that convert acto _ 


dc and in amplitude demodulation. The 


level of doping), creating a PIN junction. 


These devices provide very effective 
switches for RF signals and are often used 
in TR switches in transceivers. PIN diodes 
have longer than normal carrier lifetimes, 
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Fig 8.27 — Practical semiconductor 


diodes. All devices are aligned with 


` anode on the left and cathode on the 


right. (A) Standard PN junction diode. 
(B) Point-contact or “cat’s whisker” 
diode. (C) PIN diode formed with 
heavily doped P-type (Pt), undoped 
(intrinsic) and heavily doped N-type 
(N*) semiconductor material. (D) Diode 
schematic symbol. (E) Diode package 
with marking stripe on the cathode end. 


resulting in a slow switching process that 
causes them to act more like resistors than 
diodes at high radio frequencies. 


Varactors 
If the PN junction capacitance is con- 


made to act as a variable capacitor. As the 
reverse bias voltage on a diode increases, 
the width of the junction increases, which 
decreases its capacitance. A varactor is a 
diode whose junction is specially formu- 
lated to have a relatively large range of 
capacitance values for a modest range of 
reverse bias voltages (Fig 8.28). Although 
special forms of varactors are available 
from manufacturers, other types of diodes 
may be used as inexpensive varactor 
diodes, but the relationship between re- 
verse voltage and capacitance is not always 
reliable. When designing with varactor 
diodes, the reverse bias voltage must be ab- 
solutely free of noise since any variations 
in the bias voltage will cause changes in 


` capacitance. Unwanted frequency shifts or 


instability will result if the reverse bias 
voltage is noisy. It is possible to frequency 
modulate a signal by adding the audio 
signal to the reverse bias on a varactor 
diode used in the carrier oscillator. 


Zener Diodes . 


When the PIV of a reverse biased diode 
is exceeded, the diode begins to conduct 


` current as it does when it is forward biased. 


This current does not destroy the diode if 
it is limited to less than the device’s 


maximum allowable value. When the PIV | 


is controlled during manufacture to be at 
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desired levels, the device is called a Zener 
diode. Zener diodes (named after the 
American physicist Clarence Zener) pro- 
vide accurate voltage references and are 
often used for this purpose in power supply 
regulators. 


When the reverse breakdown voltage is 
exceeded, the reverse voltage drop across 
the Zener diode remains constant. With an 
appropriate current limiting resistor in 
series with it, the Zener diode provides an 
accurate voltage reference (Fig 8.29). 
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Zener diodes are rated by their reverse 
breakdown voltage and their power 
handling capacity. The power is a product 
of the current passing through the reverse 
biased Zener diode “in breakdown” (that 
is, in the breakdown mode of operation) 


Fig 8.29 — Zener diode. (A) Schematic 
symbol. (B) Basic voltage regulating 
circuit. Vz is the Zener reverse 
breakdown voltage. The Zener diode 
draws more current until V, - ljR = Vz. 
The circuit design should select R so 
that when the maximum current is 
drawn, R < (V, – Vz) / lo. The diode 
should be capable of passing the same 
current when there is no output current 
drawn. (C) For small voltages, several 
forward biased diodes can be used in 
place of Zener diodes. Each diode will 
drop the voltage by about 0.7 V for 
silicon or 0.3 V for germanium. 


Fig 8.28 — Varactor diode. (A) 
Schematic symbol. (B) Equivalent 
circuit of the reverse biased varactor 
diode. Rs is the junction resistance, Ry 
is the leakage resistance and C, is the 
junction capacitance, which is a 
function of the magnitude of the 
reverse bias voltage. (C) Plot of 
junction capacitance, Cy, as a function 
of reverse voltage, Vp, for three 
different varactor devices. Both axes 
are plotted on a logarithmic scale. (D) 
Oscillator circuit with varactor tuning. 
D1-L1 is a tuned circuit with a dual 
varactor diode that is controlled by the 
voltage from potentiometer R2. C1 is a 
filter capacitor to insure that the 
varactor bias voltage is clean dc. C2 
and C6 are dc blocking capacitors. Q1 
is an N-channel JFET in common drain 
configuration with feedback to the gate 
through C3. R3 is the gate bias resistor. 
R4 is the drain voltage resistor with 
filter capacitor C5. 
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Fig 8.30 — Current regulator diode. 

(A) Schematic symbol and package with 
line marking cathode end. (B) Diode 
characteristic curve (1N5283 device). 
When forward bias voltage exceeds 
about 4 V the current passing through 
the device is held constant regardless of 
the voltage across the device. 


Fig 8.31 — Diode circuits. (A) Half wave 
rectifier circuit. Only when the ac voltage is 
positive does current pass through the 
diode. Current flows only during half of the 
cycle. (B) Full-wave center-tapped rectifier 
circuit. Center-tap on the transformer 
secondary is grounded and the two ends of 
the secondary are 180° out of phase. During 
the first half of the cycle the upper diode 
conducts and during the second half of the 
cycle the lower diode conducts. There is 
conduction during the full cycle with only 
positive voltages appearing at the output. 
(C) Full-wave bridge rectifier circuit. In each 
half of the cycle two diodes conduct 
capacity. (D) Polarity protection for external 
power connection. J1 is the connector that 
power is applied to. If polarity is correct, 
the diode will conduct and if reversed the 
diode will block current, protecting the 
circuit that is being powered. (E) Over- 
voltage protection circuit. If excessive 
voltage is applied to J1, D1 will conduct 
current until fuse, F1, is blown. (F) Bipolar 
voltage clipping circuit. In the positive 
portion of the cycle, D2 is forward biased 
but no current is shunted to ground 
because D1 is reverse biased. D1 starts to 
conduct when the voltage exceeds the 
Zener breakdown voltage and the positive 
peak is clipped. When the negative portion 
of the cycle is reached, D1 is forward 
biased but no current is shunted to ground 
because D2 is reverse biased. When the 
voltage exceeds the Zener breakdown 
voltage of D2, it also begins to conduct and 
the negative peak is clipped. (G) Diode 
switch. The signal is ac coupled to the 
diode by C1 at the input and C2 at the 
output. R2 provides a reference for the bias 
voltage. When switch S1 is in the ON 
position, a positive dc voltage is added to 
the signal so it is forward biased and is 
passed through the diode. When S1 is in 
the OFF position, the negative dc voltage 
added to the signal reverse biases the 
diode and the signal does not get through. 
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Fig 8.32 — Transistor response curve. The x-axis is the output voltage and the 
y-axis is the output current. Different curves are plotted for various values of 
input current. The three regions of the transistor are its cutoff region, where no 
current flows in any terminal, its active region, where the output current is nearly 
independent of the output voltage and there is a linear relationship between the 
input current and the output current, and the saturation region, where the output 
current has large changes for small changes in output voltage. 


and the breakdown voltage. Since the same 
current must always pass though the re- 
sistor to drop the source voltage down to 
the reference voltage, with that current 
divided between the Zener diode and the 
load, this type of power source is very 
wasteful of current. The Zener diode does 
make an excellent and efficient voltage 
reference in a larger voltage regulating 
circuit where the load current is provided 
from another device whose voltage is 
set by the reference. (See the Power 
Supplies and Projects chapter for more 
information about using Zener diodes as 
voltage regulators.) The major sources of 
error in Zener-diode derived voltages are 
the variation with load current and the 
variation due to heat. Temperature 
compensated Zener diodes are available 
with temperature coefficients as low as 
0.0005 % /°C. If this is unacceptable, volt- 
age reference integrated circuits based on 
Zener diodes have been developed that 
include additional circuitry to counteract 
temperature effects. 


Constant Current Diodes 


A form of diode, called a field-effect 
regulator diode, provides a constant 
current over a wide range of forward 
biased voltages. The schematic symbol 
and characteristic curve for this type of 
device are shown in Fig 8.30. Constant 
current diodes are very useful in any appli- 
cation where a constant current is desired. 
Some part numbers are 1N5283 through 
1N5314. 
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Common Diode Applications 


Standard semiconductor diodes have 
many uses in analog circuitry. Several 
examples of diode circuits are shown in 
Fig 8.31. Rectification has already been 
described. There are three basic forms of 
rectification using semiconductor diodes: 
half wave (1 diode), full-wave center- 
tapped (2 diodes) and full-wave bridge 
(4 diodes). These are more fully described 
in the Power Supplies and Projects 
chapter. 

Diodes are commonly used to protect 
circuits. In battery powered devices a 
forward biased series diode is often used 
to protect the circuitry from the user in- 
advertently inserting the batteries back- 
wards. Likewise, when a circuit is 
powered from an external dc source, a 
diode is often placed in series with the 
power connector in the device to prevent 
incorrectly wired power supplies from 
destroying the equipment. Diodes are 
commonly used to protect analog meters 
from both reverse voltage and over 
voltage conditions that would destroy the 
delicate needle movement. 

Zener diodes are sometimes used to pro- 
tectlow-current (a few amps)circuits from 
over-voltage conditions. A reverse biased 
Zener diode connected between the posi- 
tive power lead and ground will conduct 
excessive current if its breakdown voltage 
is exceeded. Used in conjunction with a 
fuse in series with the power lead, the 
Zener diode will cause the fuse to blow 
when an over-voltage condition exists. 


Very high, short-duration voltage 
spikes can destroy certain semiconduc- 
tors, particularly MOS devices. Standard 
Zener diodes can't handle the high pulse 
powers found in these voltage spikes. 
Special Zener diodes are designed for 
this purpose, such as the mosorb. (General 
Semiconductor Industries, Inc calls these 
devices TransZorbs.) A reverse biased 
TransZorb with a low-value series resistor 
can decrease the voltage reaching the 
sensitive device. Since the polarity of the 
spike can be positive, negative, or both, 
over voltage transient suppressor circuits 
can be designed with two devices wired 
back-to-back. They protect a circuit over a 
range of voltages rather than just suppress- 
ing positive peaks. 

Diodes can be used to clip signals, simi- 
lar to rectification. If the signal is appro- 
priately biased it can be clipped at any 
level. Two Zener diodes placed back-to- 
back can be used to clip both the positive 
and negative peaks of a signal. Such an 
arrangement is used to convert a sine wave 
to an approximate square wave. 

Care must be taken when using Zener 
diodes to process signals. The Zener diode 
is a relatively noisy device and can add 
excessive noise to the signals if it operates 
in breakdown. The Zener diode is often 
specified for use in circuits that intention- 
ally generate noise, such as the noise 
bridge (see the Test Procedures and 
Projects chapter). The reverse biased 
Zener diode in breakdown generates wide 
band (nearly white) noise levels as high 
as 2000 рУ / 4 Hz. (The noise voltage is 
determined by multiplying this value by 
the square root of the circuit bandwidth in 
Hz.) 

Diodes are used as switches for ac 
coupled signals when a dc bias voltage can 
be added to the signal to permit or inhibit 
the signal from passing through the diode. 
In this case the bias voltage must be added 
to the ac signal and be of sufficient 
magnitude so that the entire envelope of 
the ac signal is above or below the junc- 
tion barrier voltage, with respect to the 
cathode, to pass through the diode or in- 
hibit the signal. Special forms of diodes, 
such as the PIN diode described earlier, 
which are capable of passing higher fre- 
quencies, are used to switch RF signals. 


BIPOLAR TRANSISTORS 


The bipolar transistor is a current- 
controlled device. The current between the 
emitter and the collector is governed by 
the current that enters the base. The con- 
vention when discussing transistor opera- 
tion is that the three currents into the 
device are positive (Ic into the collector, 
Ip into the base and Te into the emitter). 


Kirchhoff’ s current law applies to transis- 
tors just as it does to passive electrical 
networks: the total current entering the 
device must be zero. Thus, the relation- 
ship between the currents into a transistor 
can be generalized as 


О=1,+ +1, (9) 


which can be rearranged as necessary. For 
example, if we are interested in the emitter 
current, 

k=- (I, + Ip) (10) 


The back-to-back diode model is ap- 
propriate for visualization of transistor 
construction. In actual transistors, how- 
ever, the relative sizes of the collector, 
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base and emitter regions differ. A com- 
mon transistor configuration that spans a 
distance of 3 mm between the collector 
and emitter contacts typically has a base 
region that is only 25 um across. 
Current conduction between collector 
and emitter is described by regions in the 
common-base response curves of the tran- 
sistor device (see Fig 8.32). The transistor 
is in its active region when the base-col- 
lector junction is reverse biased and the 
base-emitter junction is forward biased. 
The slope of the output current (Io) versus 
the output voltage (Vo) is virtually flat, 
indicating that the output current is nearly 
independent of the output voltage. The 
slight slope that does exist is due to base- 
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width modulation (known as the “Early 
effect”). Under these conditions, there is a 
linear relationship between the input cur- 
rent (Ij) and Ig. When both the junctions 
in the transistor are forward biased, the 
transistor is said to be in its saturation 
region. In this region, Vo is nearly zero 
and large changes in Ig occur for very 
small changes in Vo. The cutoff region 
occurs when both junctions in the tran- 
sistor are reverse biased. Under this con- 
dition, there is very little current in the 
output, only the nanoamperes or micro- 
amperes that result from the very small 
leakage across the input-to-output junc- 
tion. These descriptions of junction 
conditions are the basis for the use of 
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Fig 8.33 — The,three configurations of transistor amplifiers. Each has a table of its relative impedance and current gain. The 
output characteristic curve is plotted for each, with the output voltage along the x-axis, the output current along the y-axis 
and various curves plotted for different values of input current. The input characteristic curve is plotted for each 
configuration with input current along the x-axis, input voltage along the y-axis and various curves plotted for different 
values of output voltage. (A) Common base configuration with input terminal at the emitter and output terminal at the 
collector. (B) Common emitter configuration with input terminal at the base and output terminal at the collector. (C) Common 
collector with input terminal at the base and output terminal at the emitter. 
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transistors. Various configurations of the 
transistor in circuitry make use of the 
properties of the junctions to serve dif- 
ferent purposes in analog signal process- 
ing. 

In the common base configuration, 
where the input is at the emitter and the 
output is at the collector, the current gain 
is defined as 


Ale (11) 

In the common emitter configuration, 

with the input at the base and the output at 
the collector, the current gain is 

TES 

Alg 


(12) 


Co 


Output 
RL 


and the relationship between o and В is 
defined as 


. P 
OT ae B 


Since the common-emitter configura- 
tion is the most used transistor-amplifier 
configuration, another designation for В is 
often used: hpg, the forward dc current 
gain. (The “h” refers to “h parameters," a 
set of parameters for describing a two-port 
network.) The symbol, hfe, is used for 
the forward current gain of ac signals. 
Other transistor transfer function relation- 
ships that are measured are hje, the input 
impedance, hoe, the output admittance 
(reciprocal of impedance) and h,,, the 


(13) 


Fig 8.34 — Transistor biasing circuits. (A) Fixed bias. Input signal is ac coupled 
through C,. The output has a voltage that is equal to Vcc — lc x Rc. This signal is 
ac coupled to the load, R,, through C,. For dc signals, the entire output voltage is 
based on the value of Rc. For ac signals, the output voltage is based on the value 
of Rc in parallel with R,. (B) Characteristic curve for the transistor amplifier 
pictured in (A). The slope of the dc load line is equal їо ~ 1 / Rc. For ac signals, 
the slope of the ac load line is equal to – 1 / (Rc ІІ R,). The quiescent operating 
point, Q, is based on the base bias current with no input signal applied and where 
this characteristic line crosses the dc load line. The ac load line must also pass 
through point Q. (C) Self-blas. Similar to fixed bias circuit with the base bias 
resistor split into two: R1 connected to Vcc and R2 connected to ground. Also an 
emitter bias resistor, Re, is included to compensate for changing device 
characteristics. (D) This is similar to the characteristic curve plotted in (B) but 
with an additional "bias curve" that shows how the base bias current varies as 
the device characteristics change with temperature. The operating point, Q, 
moves along this line and the load lines continue to intersect it as it changes. 
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voltage feedback ratio. 

The behavior of a transistor can be de- 
fined in many ways, depending on which 
type of amplifier it is wired to be. A 
complete description of a transistor must 
include characteristic curves for each con- 
figuration. Typically, two sets of char- 
acteristic curves are presented: one de- 
scribing the input behavior and the other 
describing the output behavior in each am- 
plifier configuration. Different transistor 
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Fig 8.35 — FET schematic symbols. 


‘amplifier configurations have different 


gains, input and output impedances. At · 


low frequencies, where parasitic capaci- 


. tances aren't a factor, the common emitter : 


configuration has a high current gain 
(about — 50, with the negative sign indi- 
cating a 180° phase shift), medium to high 
input impedance (about 50 kQ) and 
a medium to low output impedance (about 
1 kQ). The common collector has a high 
current gain (about 50), a high input im- 
pedance (about 150 kQ).and a low output 
impedance (about 80 Q). The common 
. base amplifier has a low current gain 
(about 1), a low input impedance (about 
25 Q) and a very high output impedance 


(about 2 MQ). Depending on the intended . 


use of the transistor amplifier in an analog 
circuit, one configuration will be more 
appropriate than others. Once the common 
lead of the transistor amplifier configura- 
tion is chosen, the input and output imped- 
ance are functions of the device bias levels 
` and circuit loading (Fig 8.33). The actual 
input and output impedances of a transis- 
tor amplifier are highly dependent on the 
` input, biasing and load resistors that are 
used in the circuit. 
A typical general-purpose bipolar- 
transistor data sheet lists important device 
specifications. Parameters listed in the 
"ABSOLUTE MAXIMUM RATINGS section are 
the three junction voltages (Vcgo, Vcgo 
` and Vggo), the continuous collector 
current (Ic), the total device power 
dissipation (Pp) and the operating and stor- 
age temperature range. In the OPERATING 
PARAMETERS section, the three guaranteed 
minimum junction breakdown voltages 
are listed — V(BR)CEO: V(BR)CBO and 
V(BR)EBO — along with the two guaran- 
teed maximum collector cutoff currents — 
Ісво and Ісво — under OFF CHARACTERIS- 
Tics. Under ON CHARACTERISTICS are the 
‘guaranteed minimum dc current gain 
(hpg), guaranteed maximum collector- 
emitter saturation voltage — VCE (sat) — 
and the guaranteed maximum base-emitter 
on voltage — Увв(опу. The next section is 
SMALL-SIGNAL CHARACTERISTICS, where the 
guaranteed minimum current gain-band- 
width product — fr, the guaranteed maxi- 


mum output capacitance — Cobo» the guar- . 


anteed maximum input capacitance — Cibo» 
the guaranteed range of input impedance — 
hie the small-signal current gain — hfe, the 
guaranteed maximum voltage feedback 
; ratio — hj, and output admittance — h,, 
are listed. Finally, the SWITCHING CHARAC- 
TERISTICS section lists absolute maximum 
ratings for delay time — tg, rise time — t,, 
storage time — t, and fall time — ty. 


. Transistor Biasing 
Biasing in a transistor adds or subtracts 
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Fig 8.36 — JFET output and transconductance response curves for common 
source amplifier configuration. (A) Output voltage (Vps) on the x-axis versus 
output current (Ip) on the y-axis, with different curves plotted for various values of 
input voltage (Vas). (B) Transconductance curve has the same three variables 
rearranged, Ves оп the x-axis, lo on the y-axis and curves plotted for different 


values of Vps. 


a fixed amount of current from the signal 
at the input port. This differs from vacuum 
tube, FET and operational amplifier bias- 
ing where a bias voltage is added to the 
input signal. Fixed bias is the simplest 
form, as shown in Fig 8.34A. The operat- 
ing point is determined by the intersection 
between the characteristic curves, the load 
line and the quiescent current bias line (Fig 
8.34B). The problem with fixing the bias 
current is that if the transistor parameters 
drift due to heat, the operating point will 
change. The operating point can be stabi- 
lized by self biasing, also called emitter 
biasing, as pictured in Fig 8.34C. If Ic in- 
creases dué to temperature changes, the 


current in Rg increases. The larger current - 


through Rg increases the voltage drop 
across that resistor, causing a decrease in 
the base current, Ig. This, in turn, leads to 
a decreasing Ic, minimizing its variation 
due to heat. The operating point for this 
type of biasing is plotted in Fig 8.34D. 


FIELD-EFFECT TRANSISTORS 


FET devices are more closely related to 
vacuum tubes than are bipolar transistors. 
Both the vacuum tube and the FET are 
controlled by the voltage levelofthe input 
rather than the input current, as in the 
bipolar transistor. FETs have three basic 


. terminals, the gate, the source and the 


drain. These are related to both vacuum 
tube and bipolar transistor terminals: the 
gate to the grid and the base, the source 
to the cathode and the emitter, and the 
drain to the plate and the collector. Differ- 
ent forms of FET devices are pictores in 
Fig 8.35. 

The characteristic curves for FETs are 
similar to those of vacuum tubes. The two 


most useful relationships are called the 
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Fig 8.37 — JFET input leakage curves 
for common source amplifier con- 
figuration. Input voltage (Vgs).on the x- 
axis versus input current (Ig) on the y- 
axis, with two curves plotted for 
different operating temperatures, 25°C 
and 125°C. Input current increases 
greatly when the gate voltage exceeds 
the junction breakpoint voltage. 

, N 


transconductance and output curves (Fig 
8.36). Transconductance curves give the 


-drain current, Ip, due to different gate- 


source voltage differences, Vas, for vari- 
ous drain-source voltages, Vps. The same 
parameters are interrelated in a different 
way in the output curve. For different val- 
ues of Vgs, Ip is plotted against Урс. In 
both of these representations, the device 
output is the drain current and these curves 
describe.the FET in the common-source 
configuration. The action of the FET chan- 
nel is so nearly ideal that, as long as the 
JFET gate does not become forward bi- 
ased, the drain and source currents are 
virtually identical. For JFETs the gate 
leakage current, Ig, is a function of Vgs 
and this is often expressed with an input 
curve (Fig 8.37). The point at which 
there is a great increase in Ig is called the 
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Transistor Amplifier Design—a Practical Approach 


The design of a transistorized amplifier is a straight- 
forward process. Just as you don’t need a degree in 
mechanical engineering to drive an automobile, neither do 
you need detailed knowledge of semiconductor physics in 
order to design a transistor amplifier with predictable and 
repeatable properties. 

This sidebar will describe how to design a small-signal 
“Class A” transistor amplifier, following procedures detailed 
in one of the best books on the subject— Solid State 
Design for the Radio Amateur, by Wes Hayward, W7ZOI, 
and Doug DeMaw, W1FB. For many years, both hams and 
professional engineers have used this classic ARRL book 
to design untold numbers of working amplifiers. 


How Much Gain? 


One of the simple, yet profound, observations made in 
Solid State Design for the Radio Amateur is that a 
designer should not attempt to extract every last bit of 
gain from a single amplifier stage. Trying to do so virtually 
guarantees that the circuit will be "touchy"—it may end up 
being more oscillator than amplifier! While engineers 
might debate the exact number, modern semiconductors 
circuits are inexpensive enough that you should try for no 
` more than 25 dB of gain in a single stage. 

For example, if you are designing a high-gain amplifier 
system to follow a direct-conversion receiver mixer, you 
will need a total of about 100 dB of audio amplification. 
We would recommend a conservative approach where 
you use four stages, each with 25 dB of gain. But you 
might risk oscillation and instability by using only two 
stages, with 50 dB gain each. The component cost will 
not be greatly different between these approaches, but 
the headaches and lack of reproducibility of the "simpler" 
two-stage design will very likely far outweigh any та! 
cost advantages! 


Biasing the Transistor Amplifier 


The first step in amplifier design is to bias the transistor 
properly. A small-signal linear amplifier is biased properly 
when there is current at all times. Once you have biased 
the stage, you can then use several simple rules of thumb 
to determine all the major properties of the resulting 
amplifier. 

Solid State Design for the Radio Amateur introduces 
several elegant transistor models. We won't get into that 
much detail here, except to say that the most fundamental 
property of a transistor is this: When there is current in 
the base-emitter junction, a larger current will flow in the 
collector-emitter junction. When the base-emitter junction 
is thus forward biased, the voltage across the base and 
emitter leads of a silicon transistor will be relatively 
constant, at 0.7 V. For most modern transistors, the dc 
current in the collector-emitter junction will be at least 50 
to 100 times greater than the base-emitter current. This 
dc current gain is called the transistor's Beta (В). 

See Fig A, which shows a simple capacitively coupled 
low-frequency amplifier suitable for use at 1 MHz. 
Resistors R1 and R2 form a voltage divider feeding the 
base of the transistor. The amount of current in the 
resistive voltage divider is purposely made large enough 
so the base current is small in comparison, thus creating 
a "stiff" voltage supply for the base. As stated above, the 
voltage at the emitter will be 0.7 V less than the base 
voltage for this NPN transistor. The emitter voltage Ve 
appears across the series combination of R4 and R5. 
Note that R5 is bypassed by capacitor C4 for ac current. 

By Ohm's Law, the emitter current is equal to the 
emitter voltage Vg divided by the sum of R4 plus R5. 
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Now, the emitter current is made up of both the base- 
emitter and the collector-emitter current, but since the 
base current is much smaller than the collector current, 
the amount of collector current is essentially equal to the 
emitter current, at Ve / (R4 + R5). 

Our design process starts by specifying the amount of 
current we want to flow in the collector, with the dc 
collector voltage equal to half the supply voltage. For 
good bias stability with temperature variation, the total 
emitter resistor should be at least 100 О for a small-signal 
amplifier. Let's choose a collector current of 5 mA, and 
use a total emitter resistance of 200 Q, with R4 = R5 = 
100 Q each. The voltage across 200 Q for 5 mA of current 
is 1.0 V. This means that the voltage at the base must be 
1.0 V + 0.7 V = 1.7 V, provided by the voltage divider R1 
and R2. 

The dc base current requirements for a collector current 
of 5 mA is approximately 5 mA / 50 = 0.1 mA if the 
transistor's dc Beta is at least 50, a safe assumption for 
modern transistors. To provide a "stiff" base voltage, we 
want the current through the voltage divider to be about 
five to ten times greater than the base current. For 
convenience then, we choose the current through R1 to 
be 1 mA. This is a convenient current value, because the 
math is simplified—we don't have to worry about decimal 
points for current or resistance: 1 mA x 1.8 kQ = 1.8 V. 
This is very close to the 1.7 V we are seeking. We thus 
choose a standard value of 1.8 kQ for R2. The voltage 
drop across R1 is 12 V — 1.8 V = 10.2 V. With 1 mA in R1, 
the necessary value is 10.2 kQ, and we choose the 
closest standard value, 10 kO. 

Let's now look at what is happening in the collector part 
of the circuit. The collector resistor R3 is 1 kQ, and the 
5 mA of collector current creates a 5 V drop across R3. 
This means that the collector dc voltage must be 
12V — 5 У = 7 V. The dc power dissipated in the transis- 
tor will be essentially all in the collector-emitter junction, 
and will be the collector-emitter voltage (7 V — 1 V = 6 V) 
times the collector current of 5 mA = 0.030 W, or 30 mW. 
This dissipation is well within the 0.5 W rating typical of 
small-signal transistors. 

Now, let's calculate more accurately the result from 
using standard values for R1 and R2. The actual base 
voltage will be 12 V x [1.8 KQ / (1.8 КО + 10 kQ)] = 1.83 V, 


Fig A—Example of a simple low-frequency capacitively 
coupled transistorized small-signal amplifier. The 
voltages shown are the preliminary values desired for a 
collector current of 5 mA. The ac voltage gain is the ratio 
of the collector load resistor, R3, divided by the 
unbypassed portion of the emitter resistor, R4. 


rather than 1.7 V. The resulting emitter voltage is 

1.83 V - 0.7 V = 1.13 V, resulting in 1.13 V / 200 Q = 

5.7 mA of collector current, rather than our desired 5 mA. 
We are close enough—we have finished designing the bias 
circuitry! 


Performance: Voltage Gain 


Now we can analyze how our little amplifier will work. 
The use of the unbypassed emitter resistor R4 results in 
emitter degeneration—a fancy word describing a form of 
negative feedback. The bottom line for us is that we can 
use several handy rules of thumb. The first is for the ac 
voltage gain of an amplifier: Ay = R3 / R4, where Ay is 
shorthand for voltage gain. The ac voltage gain of such an 
amplifier is simply the ratio of the collector load resistor 
and the unbypassed emitter resistor. In this case, the gain 
is 1000 / 100 = 10, which is 20 dB of voltage gain. This 
expression for gain is true virtually without regard for the 
exact kind of transistor used in the circuit, provided that we 
design for moderate gain in a single stage, as we have 
done. 


Performance: Input Resistance 


Another useful rule of thumb stemming from use of an. 
unbypassed emitter resistor is the expression for the ac 
input resistance: Rin = Beta x R4. Ifthe ac Beta at low 
frequencies is about 50, then the input 
resistance of the transistor is 50 x 100 Q 
= 5000 О. The actual input resistance 
includes the shunt resistance of voltage 
divider R2 and R1, about 1.5 КО. Thus 
the biasing resistive voltage divider 
essentially sets the input resistance of 
the amplifier. 


Performance: Overload 


We can accurately predict how this 
amplifier will perform. If we were to 
supply a peak positive 1 V signal to the 
base, the voltage at the collector will try 
' to fall by the voltage gain of 10. How- | 
ever, since the dc voltage at the.collector 
is only 7 V, it is clear that the collector 
. voltage cannot fall 10 V. In theory, the 
collector voltage could fall as low as the 
1.13 V dc level at the emitter. This 
amplifier will “run out of voltage" at a 
negative collector voltage swing of about 
6.3 V — 1.13 V = 5.17 V, when the input 
voltage is 5.17 divided by the gain of 10 
= 0.517 V. 

When a negative-going ac voltage is 
supplied to the base, the collector 
current falls, and the collector voltage 
will rise by the voltage gain of 10. The 
maximum amount of voltage possible 
is the 12 V supply voltage, where the: 
transistor is cut off with no collector . 
current. The maximum positive collector 
swing is from the standing collector 
dc voltage to the supply voltage: 

12 V-6.3 V = 5.7 V positive swing. This 
occurs with a peak negative input . 
voltage of 5.7 V / 10 2 0.57 V. Our 

- amplifier will overload rather sym- 
metrically on both negative and positive 
peaks. This is no accident—we biased it 
to have a collector voltage halfway 
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. environmental-conditions conceivable. That wasn't too 


Fig B—Output IMD (intermodulation distortion) as a function of input. In : 
the region below the 1 dB compression point, a decrease in input level of 
10 dB results in a drop of IMD products by 30 dB below the level of each 
output tone in a two-tone signal. 


between ground and the supply voltage. 

When the amplifier “runs out of output voltage” in either 
direction, another useful rule of thumb is that this is the 
1 dB compression point. This is where the amplifier just 
begins to depart from linearity, where it can no longer 
provide any more output for further input. For our 
amplifier, this is with a peak-to-peak output swing of 
approximately 5.1 V x 2 = 10.2 V, or 3.6 V rms. The 
output power developed in output resistor R3 is 
(3.6)? / 1000 = 0.013 W = 13 mW, which is +11.1 dBm 
(referenced. to 1 mW on 50 Q). 

At the 1 dB compression point, the third- order /MD 
(intermodulation distortion) will be roughly 25 dB below 
the level of each tone. Fig B shows a graph of output 
versus input levels for both the desired signal and for 
third-order IMD products. The rule of thumb for IMD is 
that if the input level is decreased by 10 dB, the IMD will 
decrease by 30 dB. Thus, if input is restricted to be 10 dB 
‘below the 1 dB compression point, the IMD will be 25 dB 
+ 30 dB = 55 dB below each output tone. 

With very simple math we have thus designed and 
characterized a simple amplifier. This amplifier will be 
stable for both dc and ac under almost any thermal and 


difficult, was it?—R. Dean Straw, N6BV, ARRL Senior 
Assistant Technical Editor 
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Fig 8.38 — MOSFET output [(A) and (C)] and transconductance [(B) and (D)] 
response curves. Plots (A) and (B) are for an N-channel depletion mode device. 
Note that Ves varies from negative to positive values. Plots (C) and (D) are for an 
N-channel enhancement mode device. Vas has only positive values. 


junction break point voltage. The insu- 
lated gates in MOSFET devices do away 
with any appreciable gate leakage current. 
MOSFETs do not need input and reverse 
transconductance curves. Their output 
curves (Fig 8.38) are similar to those of 
the JFET. 

The parameters used to describe a FET’s 
performance are also similar to those of 
vacuum tubes. The dc channel resistance, 
Tps, is specified in data sheets to be less 
than a maximum value when the device is 
biased on (rpg(on))- For ac signals, ras(on) 
is not necessarily the same as rps(op;, but 
it is not very different as long as the fre- 
quency is not so high that capacitive reac- 
tance becomes significant. The common 
source forward transconductance, gfs, is 
obtained as the slope of one of the lines in 
the forward transconductance curve, 


AI 
Es = =D 


EM (14) 


When gate voltage is maximum (Vgs = 
0 for a JFET) rps(oy; is minimum. This 
describes the effectiveness of the device 
as an analog switch. 

A typical FET data sheet gives 
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ABSOLUTE MAXIMUM RATINGS for Vps, 
Vpg. Vas and Ip, along with the usual 
device dissipation (Pp) and storage tem- 
perature range. The OFF CHARACTERISTICS 
listed are the gate-source breakdown volt- 
age, Усѕвв). the reverse gate current, 
Igss and the gate-source cutoff voltage, 
Vasiorry. The ON CHARACTERISTIC is the 
zero-gate-voltage drain current (Ipgss). 
The SMALL SIGNAL CHARACTERISTICS in- 
clude the forward transfer admittance, у, 
the output admittance, yog, the static drain- 
source on resistance, Tygon) and various 
capacitances such as input capacitance, 
Су, reverse transfer capacitance, С, 
the drain-substrate capacitance, Сасзць). 
FUNCTIONAL CHARACTERISTICS include the 
noise figure, NF and the common source 
power gain Gps- 

The relatively flat regions in the 
MOSFET output curves are often used to 
provide a constant current source. As is 
plotted in these curves, the drain current, 
Ip, changes very little as the drain-source 
voltage, Vps. varies in this portion of the 
curve. Thus, for a fixed gate-source volt- 
age. Vgs. the drain current can be 
considered to be constant over a wide 


range of drain-source voltages. 

Multiple gate MOSFETs are also avail- 
able (MFE130, MPF201, МРЕ211, 
MPF521). Due to the insulating layer, the 
two gates are isolated from each other and 
allow two signals to control the channel 
simultaneously with virtually no loading 
of one signal by the other. A common ap- 
plication of this type of device is an auto- 
matic gain control (AGC) amplifier. The 
signal is applied to one gate and a recti- 
fied, low-pass filtered form of the output 
(the AGC voltage) is fed back to the other 
gate. Another common application is for 
mixers. 


FET Biasing 


There are two ways to bias an FET, with 
and without feedback. Source self biasing 
for an N-channel JFET is pictured in 
Fig 8.39A. In this common-drain ampli- 
fier circuit, bias level is determined by 
the current through Rs, since Ig is very 
small and there is essentially no voltage 
drop across Rg. The characteristic curve 
for this configuration is plotted in 
Fig 8.39B. The operating points of the am- 
plifier are where the load line intersects 
the curves. An example of feedback bias- 
ing is shown in Fig 8.39C. R, is generally 
much larger than Rg and the load line is 
determined by the sum of these resistors, 
as shown in Fig 8.39D. Feedback biasing 
increases the input impedance of the am- 
plifier, but is rarely required, since input 
resistance (Rg) can be made very large. 


MOSFET Gate Protection 


The MOSFET is constructed with a very 
thin layer of SiO» for the gate insulator. 
This layer is extremely thin in order to 
improve the gain of the device but this 
makes it susceptible to damage from high 
voltage levels. If enough charge accumu- 
lates on the gate terminal, it can punch 
through the gate insulator and destroy it. 
The insulation of the gate terminal is so 
good that virtually none of this potential is 
eased by leakage of the charge into the 
device. While this condition makes for 
nearly ideal input impedance (approach- 
ing infinity), it puts the device at risk of 
destruction from even such seemingly 
innocuous electrical sources as static 
electricity in the air. 

Some MOSFET devices contain an 
internal Zener diode with its cathode 
connected to the gate and its anode to the 
substrate. If the voltage at the gate rises to 
adamaging level the Zener junction breaks 
down and bleeds the excess charges off to 
the substrate. When voltages are within 
normal operating limits the Zener has little 
effect on the signal at the gate, although it 
may decrease the input impedance of the 


Output 


Output. 


Fig 8.39 — FET biasing circuits. (A) Self biased common drain JFET circuit. (B) Transconductance curve for self biased JFET 
in (A). Gate bias is determined by current through Rs. Load line has a slope of - 1 / Rs and gate bias voltage can vary 
between where the load line crosses the characteristic curves. (C) Feedback bias common drain JFET circuit. 


MOSFET. This solution will not work for 
all MOSFETs. The Zener diode must al- 
ways be reverse biased to be effective. In 
the enhancement mode MOSFET, Vgs > 
0 for all valid uses of the part. In depletion 
mode devices Усс can be both positive 
and negative; when negative, a protection 
Zener diode would be forward biased and 
the MOSFET would not work properly. In 
some depletion mode MOSFET devices, 
back-to-back Zener diodes are used to pro- 
tect the gate. 

MOSFET devices are at greatest risk of 
damage from static electricity when they 
are out of circuit. Even though static elec- 
tricity is capable of delivering little cur- 
rent, it can generate thousands of volts. 
When storing MOSFETs, the leads should 
be placed into conductive foam. When 
working with MOSFETs, it is a good idea 
to minimize static by wearing a grounded 
wrist strap and working on a grounded 
table. A humidifier may help to decrease 


the static electricity in the air. Before in- 
serting a MOSFET into a circuit board it 
helps to first touch the device leads with 
your hand and then touch the circuit board. 
This serves to equalize the excess charge 
so that when the device is inserted into the 
circuit board little charge will flow into 
the gate terminal. 


OPTICAL SEMICONDUCTORS 


In addition to electrical energy and heat 
energy, light energy also affects the be- 
havior of semiconductor materials. If a 
device is made to allow light to fall on 
the surface of the semiconductor material, 
the light energy will break covalent bonds 
and increase the number of electron-hole 
pairs, decreasing the resistance of the 
material. 


Photoconductors 


In commercial photoconductors (also 
called photoresistors) the resistance can 
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change by as much as several kilohms for 
a light intensity change of 100 ft-candles. 
The most common material used in 
photoconductors is cadmium sulfide 
(CdS), with a resistance range of more 
than 2 MQ in total darkness to less than 
10 Q in bright light. Other materials used 
in photoconductors respond best at spe- 
cific colors. Lead sulfide (PbS) is most 
sensitive to infrared light and selenium 
(Se) works best in the blue end of the vis- 
ible spectrum. 

A similar effect is used in some diodes 
and transistors so that their operation can 
be controlled by light instead of electrical 
current biasing. These devices are called 
photodiodes and phototransistors. The 
flow of minority carriers across the reverse 
biased PN junction is increased by light 
falling on the doped semiconductor mate- 
rial. In the dark, the junction acts the same 
as any reverse biased PN junction, with a 
very low current (on the order of 10 uA) 
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Fig 8.40 — Photodiode response curve. Reverse voltage is plotted on the x-axis 
and current through diode is plotted on the y-axis. Various response lines are 
plotted for different illumination. Except for the zero illumination line, the 
response does not pass through the origin since there is current generated at the 
PN junction by the light energy. A load line is shown for a 50 kQ resistor in series 


with the photodiode. 


that is nearly independent of reverse volt- 
age. The presence of light not only in- 
creases the current but also provides a re- 
sistance-like relationship (reverse current 
increases as reverse voltage increases). 
See Fig 8.40 for the characteristic response 
of a photodiode. Even with no reverse 
voltage applied, the presence of light 
causes a small reverse current, as indicated 
by the points at which the lines in Fig 8.40 
intersect the left side of the graph. 
Photoconductors and photodiodes are 
generally used to produce light-related 
analog signals that require further 
processing. The phototransistor can often 
be used to serve both purposes, acting as 
an amplifier whose gain varies with the 
amount of light present. It is also more 
sensitive to light than the other devices. 
Phototransistors have lots of gain, but 
photodiodes normally have less noise, so 
they make sensitive detectors. 


Photovoltaic Effect 


When illuminated, the reverse biased 
photodiode has a reverse current due to 
excess minority carriers. As the reverse 
voltage is reduced, the potential barrier 
to the forward flow of majority carriers is 
also reduced. Since light energy leads to 
the generation of both majority and 
minority carriers, when the resistance to 
the flow of majority carriers is decreased 
these carriers form a forward current. The 
voltage at which the forward current 
equals the reverse current is called the 
photovoltaic potential of the junction. If 
the illuminated PN junction is not con- 
nected to a load, a voltage equal to the 
photovoltaic potential can be measured 
across it. Devices that use light from the 
sun to produce electricity in this way are 
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called solar cells or solar batteries. Com- 
mon operating characteristics of silicon 
photovoltaic cells are an open circuit volt- 
age of about 0.6 V and a conversion effi- 
ciency of about 10 to 15%. 


Light Emitting Diodes 

In the photodiode, energy from light 
falling on the semiconductor material is 
absorbed to make additional electron-hole 
pairs. When the electrons and holes re- 
combine, the same amount of energy is 
given off. In normal diodes the energy 
from recombination of carriers is given off 
as heat. In certain forms of semiconductor 
material, the recombination energy is 
given off as light with a mechanism called 
electroluminescence. Unlike the incan- 
descent light bulb, electroluminescence is 
a cold light source that typically operates 
with low voltages and currents (such as 
1.5 V and 10 mA). Devices made for this 
purpose are called light emitting diodes 
(LEDs). They have the advantages of low 
power requirements, fast switching times 
(on the order of 10 ns) and narrow spectra 
(relatively pure color). The LED emits 
light when it is forward biased and excess 
carriers are present. As the carriers recom- 
bine, light is produced with a color that 
depends on the properties of the semicon- 
ductor material used. Gallium arsenide 
(GaAs) generates light in the infrared re- 
gion, gallium phosphide (GaP) gives off 
red light when doped with oxygen or green 
light when doped with nitrogen. Orange 
light is attained with a mixture of GaAs 
and GaP (GaAsP). Silicon doped with 
carbon gives off yellow light but does not 
produce much illumination. Other colors 
are also possible with different types and 
concentrations of dopants but usually have 


lower illumination efficiencies. 

The LED is very simple to use. It is 
connected across a voltage source with a 
series resistor that limits the current to the 
desired level for the amount of light to be 
generated.The cathode lead is connected 
to the lower potential, and is usually spe- 
cially marked (flattening of the lead near 
the package, a dot of paint next to the lead, 
and a flat portion of the round device lo- 
cated next to the lead are all common 
methods). 


Optoisolators 


Aninteresting combination of optoelec- 
tronic components proves very useful in 
many analog signal processing applica- 
tions. An optoisolator consists of an LED 
optically coupled to a phototransistor, 
usually in an enclosed package. The 
optoisolator, as its name suggests, isolates 
different circuits from each other. Typi- 
cally, isolation resistance is on the order 
of 10!! Q and isolation capacitance is less 
than 1 pF. Maximum voltage isolation 
varies from 1,000 to 10,000 V ac. The most 
common optoisolators are available in 
6 pin DIP packages. 

Optoisolators are used for voltage level 
shifting and signal isolation. The isolation 
has two purposes: to protect circuitry from 
excessive voltage spikes and to isolate 
noisy circuitry from noise sensitive cir- 
cuitry. A disadvantage of an optoisolator 
is that it adds a finite amount of noise and 
is not appropriate for use in many applica- 
tions with low level signals. Optoisolators 
also cannot transfer signals with high 
power levels. The power rating of the 
LED in a 4N25 device is 120 mW. Opto- 
isolators have a limited frequency re- 
sponse due to the high capacitance of 
the LED. A typical bandwidth for the 
4N25 series is 300 kHz. 

As an example of voltage level shifting, 
the input to an optoisolator can be derived 
from a tube amplifier that has a signal 
varying between 0 and 150 V by using a 
series current limiting resistor. In order to 
drive a semiconductor circuit that oper- 
ates in the —1 to 0 V range, the output of 
the optoisolator can be biased to operate in 
that range. This conversion of voltage 
levels, without a common ground con- 
nection between the circuits, is not easily 
performed in any other way. 

A 1000 V spike that is high enough to 
destroy a semiconductor circuit will only 
saturate the LED in the optoisolator and 
will not propagate to the next stage. The 
worst that will happen is the LED will be 
destroyed, but very often it is capable of 
surviving even very high voltage spikes. 

Optoisolators are also useful for isolat- 
ing different ground systems. The input 


and output signals are totally isolated from 
each other, even with respect to the refer- 
ences for each signal. A common applica- 
tion for optoisolation is when a computer 
is used to control radio equipment. The 
computer signal, and even its ground ref- 
erence, typically contains considerable 
wide band noise due to the digital cir- 
cuitry. The best way to keep this noise out 
of the radio is to isolate both the signal and 
its reference; this is easily done with an 
optoisolator. 

The design of circuits with optoisolators 
is not different from the design of circuits 
with LEDs and with transistors. The LED 
is forward biased and usually driven with 
a series current limiting resistor whose 
value is set so that the forward current will 
be less than the maximum value for the 
device (such as 60 mA in a 4N25). Signals 
must be appropriately dc shifted so that 
the LED is always forward biased. The 
phototransistor typically has all three 
leads available for connection. The base 
lead is used for biasing, since the signal is 
usually derived from the optics, and the 
collector and emitter leads are used as 
they would be in any transistor amplifier 
circuit. 


Fiber Optics 


An interesting variation of the 
optoisolator is the fiber optic connection. 
Like the optoisolator, the signal is intro- 
duced to an LED device that modulates 
light. The signal is recovered by a 
photodetecting device (photoresistor, 
photodiode, or phototransistor). Instead of 
locating the input and output devices next 
to each other, the light is transmitted in a 
fiber optic cable, an extruded glass fiber 
that efficiently carries light over long dis- 
tances and around fairly sharp bends. The 
fiber optic cable isolates the two circuits 
and provides an interesting transmission 
line. Fiber optics generally have far less 
loss than coaxial cable transmission lines. 
They do not leak RF energy, nor do they 
pick up electrical noise. Special forms of 
LEDs and phototransistors are available 
with the appropriate optical couplers for 
connecting to fiber optic cables. These 
devices are typically designed for higher 
frequency operation with bandwidths in 
the tens and hundreds of megahertz. 


LINEAR INTEGRATED CIRCUITS 


If you look into a transistor, the actual 
size of the semiconductor is quite small 
compared to the size of the packaging. 
For most semiconductors, the packaging 
takes considerably more space than the 
actual semiconductor device. Thus, an 
obvious way to reduce the physical size of 
circuitry is to combine more of the circuit 


inside a single package. 


Hybrid Integrated Circuits 


It is easy to imagine placing several 
small semiconductor chips in the same 
package. This is known as hybrid cir- 
cuitry, a technology in which several 
semiconductor chips are placed in the 
same package and miniature wires are 
connected between them to make com- 
plete circuits. 

Hybrid circuits miniaturize analog 
electronic circuits by replacing much of 
the packaging that is inherent in discrete 
electronics. The term discrete refers to the 
use of individual components to make a 
circuit, each in its own package. One ap- 
plication that still exists for hybrid cir- 
cuitry is microwave amplifiers. The com- 
ponents of the amplifier are placed in a 
standard TO-39 package that is only 1 cm 
in diameter. The small dimensions of these 
circuits permit operation at VHF. For 
example, the Motorola MWASI157 can 
provide over 23 dB of gain at 1 GHz. 

Both discrete and hybrid circuitry re- 
quire that connections be made between 
the leads of the components. This takes 
space, is relatively expensive to construct 
and is the source of most failures in elec- 
tronic circuitry. If multiple components 
could be placed on a single piece of semi- 
conductor with the connections between 
them as part of the semiconductor chip, 
these three disadvantages would be over- 
come. 


Monolithic Integrated Circuits 


In order to build entire circuits on a 
single piece of semiconductor, it must be 
possible to fabricate other devices, such 
as resistors and capacitors, as well as tran- 
sistors and diodes. The entire circuit is 
combined into a single unit, or chip, that is 
called a monolithic integrated circuit. 

An integrated circuit (IC) is fabricated 
in layers. An example of a semiconductor 
circuit schematic and its implementation 
in an IC is pictured in Fig 8.41. The base 
layer of the circuit, the substrate, is made 
of P-type semiconductor material. Al- 
though less common, the polarity of the 
substrate can also be N-type material. 
Since the mobility of electrons is about 
three times higher than that of holes, bipo- 
lar transistors made with N-type collec- 
tors and FETs made with N-type channels 
are capable of higher speeds and power 
handling. Thus, P-type substrates are far 
more common. For devices with N-type 
substrates, all polarities in the ensuing 
discussion would be reversed. Other sub- 
strates have been used, one of the most 
successful of which is the silicon-on-sap- 
phire (SOS) construction that has been 
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used to increase the bandwidth of inte- 
grated circuitry. Its relatively high manu- 
facturing cost has impeded its use, how- 
ever. 

On top of the P-type substrate is a thin 
layer of N-type material in which the ac- 
tive and passive components are built. 
Impurities are diffused into this layer to 
form the appropriate component at each 
location. To prevent random diffusion of 
impurities into the N-layer, its upper sur- 
face must be protected. This is done by 
covering the N-layer with a layer of sili- 
con dioxide (SiO7). Wherever diffusion of 
impurities is desired, the SiO, is etched 
away. The precision of placing the com- 
ponents on the semiconductor material 
depends mainly on the fineness of the etch- 
ing. The fourth layer of an IC is made of 
metal (usually aluminum) and is used to 
make the interconnections between the 
components. 

Different components are made in a 
single piece of semiconductor material by 
first diffusing a high concentration of ac- 
ceptor impurities into the layer of N-type 
material. This process creates P-type 
semiconductor — often referred to as 
P*-type semiconductor because of its high 
concentration of acceptor atoms—that iso- 
lates regions of N-type material. Each of 
these regions is then further processed to 
form single components. A component is 
produced by the diffusion of a lesser con- 
centration of acceptor atoms into the 
middle of each isolation region. This re- 
sults in an N-type isolation well that con- 
tains P-type material, is surrounded on its 
sides by P*-type material and has P-type 
material (substrate) below it. The cross 
sectional view in Fig 8.41B illustrates the 
various layers. Contacts to the metal layer 
are often made by diffusing high concen- 
trations of donor atoms into small regions 
of the N-type well and the P-type material 
in the well. The material in these small 
regions is N*-type and facilitates electron 
flow between the metal contact and the 
semiconductor. In some configurations, it 
is necessary to connect the metal directly 
to the P-type material in the well. 

An isolation well can be made into a 
resistor by making two contacts into the 
P-type semiconductor in the well. Resis- 
tance is inversely proportional to the 
cross-sectional area of the well. An alter- 
nate type of resistor that can be integrated 
in a semiconductor circuit is a thin film 
resistor, where a metallic film is deposited 
on the SiO, layer, masked on its upper 
surface by more SiO; and then etched to 
make the desired geometry, thus adjusting 
the resistance. 

There are two ways to form capacitors 
in a semiconductor. One is to make use of 
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Fig 8.41 — Integrated circuit layout. (A) Circuit containing two diodes, a resistor, a capacitor, an NPN transistor and an 


N-channel MOSFET. Labeled leads are D for diode, R for resistor, DC for diode-capacitor, E for emitter, S for source, CD for 
collector-drain and G for gate. (B) Integrated circuit that is Identical to circuit in (A). Same leads are labeled for comparison. 
Circuit is built on a P-type semiconductor substrate with N-type wells diffused into it. An insulating layer of SiO; is above 
the semiconductor and is etched away where aluminum metal contacts are made with the semiconductor. Most metal-to- 


semiconductor contacts are made with heavily doped N-type material (N*-type semiconductor). 


the PN junction between the N-type well 
and the P-type material that fills it. Much 
like a varactor diode, when this junction is 
reverse biased a capacitance results. Since 
a bias voltage is required, this type of ca- 
pacitor is polarized, like an electrolytic 
capacitor. Nonpolarized capacitors can 
also be formed in an integrated circuit by 
using thin film technology. In this case, a 
very high concentration of donor ions is 
diffused into the well, creating an N*-type 
region. A thin metallic film is deposited 
over the SiO, layer covering the well and 
the capacitance is created between the me- 
tallic film and the well. The value of the 
capacitance is adjusted by varying the 
thickness of the SiO; layer and the cross- 
sectional size of the well. This type of thin 
film capacitor is also known as a metal 
oxide semiconductor (MOS) capacitor. 
Unlike resistors and capacitors, it is 
very difficult to create inductors in in- 
tegrated circuits. Generally, RF circuits 
that need inductance require external 
inductors to be connected to the IC. In 
some cases, particularly at lower frequen- 
cies, the behavior of an inductor can be 
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mimicked by an amplifier circuit. In many 
cases the appropriate design of IC ampli- 
fiers can obviate the need for external 
inductors. 

Transistors are created in integrated cir- 
cuitry in much the same way that they are 
fabricated in their discrete forms. The 
NPN transistor 15 the easiest to make since 
the wall of the well, made of N-type semi- 
conductor, forms the collector, the P-type 
material in the well forms the base and a 
small region of N*-type material formed 
in the center of the well becomes the emit- 
ter. A PNP transistor is made by diffusing 
donor ions into the P-type semiconductor 
in the well to make a pattern with P-type 
material in the center (emitter) surrounded 
by aring of N type material that connects 
all the way down to the well material 
(base), and this is surrounded by another 
ring of P-type material (collector). This 
configuration results in a large base width 
separating the emitter and collector, caus- 
ing these devices to have much lower 
current gain than the NPN form. This is 
one reason why integrated circuitry is 
designed to use many more NPN tran- 


sistors than PNP transistors. 

The simplest form of diode is generated 
by connecting to an N*-type connection 
point in the well for the cathode and to the 
P-type well material for the anode. Diodes 
are often converted from NPN transistor 
configurations. Integrated circuit diodes 
made this way can either short the col- 
lector to the base or leave the collector un- 
connected. The base contact is the anode 
and the emitter contact is the cathode. 

FETs can also be fabricated in IC form. 
Due to its many functional advantages, the 
MOSFET is the most common form used 
for digital ICs. MOSFETs are made in a 
semiconductor chip much the same way as 
MOS capacitors, described earlier. In ad- 
dition to the signal processing advantages 
offered by MOSFETS over other transis- 
tors, the MOSFET device can be fabri- 
cated in 5% of the physical space required 
for bipolar transistors. MOSFET ICs can 
contain 20 times more circuitry than bipo- 
lar ICs with the same chip size. Just as 
discrete MOSFETs are at risk of gate de- 
struction, IC chips made with MOSFET 
devices have a similar risk. They should 


be treated with the same care to protect 
them from static electricity as discrete 
MOSFETs. Integrated circuits need not be 
made exclusively with MOSFETs or bipo- 
lar transistors. It is common to find IC 
chips designed with both technologies, 
taking advantage of the strengths of each. 


Complementary Metal Oxide 
Semiconductors 


Power dissipation in a circuit can be 
reduced to very small levels (on the order 
of a few nW) by using the MOSFET de- 
vices in complementary pairs (CMOS). 
Each amplifier is constructed of a series 
circuit of MOSFET devices, as in Fig 8.42. 
The gates are tied together for the input 
signal, as are the drains for the output sig- 
nal. In saturation and cutoff, only one of 
the devices conducts. The current drawn 
by the circuit under no load is equal to the 
OFF leakage current of either device and 
the voltage drop across the pair is equal to 
Уру, So the steady state power used by the 
circuit is always equal to Vpp x Тро). 
For ac signals, power consumption is pro- 
portional to frequency. 

CMOS circuitry could be built with dis- 
crete components, however the number of 
extra parts and the need for the comple- 
mentary components to be matched has 
made it an unusual design technique. Al- 
though CMOS is most commonly used in 
digital integrated circuitry, its low power 
consumption has been put to advantage by 
several manufacturers of analog ICs. 


integrated Circuit Advantages 


There are many advantages of mono- 
lithic integrated circuitry over similar 
circuitry implemented with discrete 
components. The integration of the inter- 
connections is one that has already been 
mentioned. This procedure alone serves to 
greatly decrease the physical size of the 
circuit and to improve its reliability. In 
fact, in one study performed on failures of 
electronic circuitry, it was found that the 
failure rate is not necessarily related to the 
complexity of the circuit, as had been pre- 
viously thought, but is more closely a 
function of the number of interconnections 
between packages. Thus, the more cir- 
cuitry that can be integrated onto a single 
piece of semiconductor material, the more 
reliable the circuit should be. 

The amount of circuitry that can be 
placed onto a single semiconductor chip is 
a function of two factors: the size of the 
chip and how closely the various compo- 
nents are spaced. A revolution in IC manu- 
facture occurred when semiconductor 
material was created in the laboratory 
rather than found in nature. The man-made 
semiconductor wafers are more pure and 
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Fig 8.42 — Complementary metal oxide semiconductor (CMOS). (A) CMOS device 
is made from a pair of enhancement mode MOS transistors, the upper is a P- 
channel device and the lower is an N-channel device. When one transistor is 
biased on, the other is biased off so there is minimal current from Vpp to ground. 
(B) Implementation of a CMOS pair as an integrated circuit. 


allow for larger wafer sizes. This, along 
with the steady improvement of the etch- 
ing resolution on the chips, has caused an 
exponential increase over the past two 
decades in the amount of circuitry that can 
be placed in a single IC package. Cur- 
rently, it is not unusual to find chips with 
more than one million transistors on them. 

Decreased circuit size and improved 
reliability are only two of the advantages 
of monolithic integrated circuitry. The 
uncertainty of the exact behavior of the 
integrated components is the same as it is 
for discrete components, as discussed ear- 
lier. The relative properties of the devices 
on a single chip are very predictable, how- 
ever. Since adjacent components on a 
semiconductor chip are made simulta- 
neously (the entire N-type layer is grown 
at once, a single diffusion pass isolates all 
the wells and another pass fills them), the 
characteristics of identically formed com- 
ponents on a single chip of silicon should 
be identical. Even if the exact characteris- 
tics of the components are unknown, very 
often in analog circuit design the major 
concern is how components interact. For 
instance, push-pull amplifiers require per- 
fectly matched transistors, and the gain of 
many amplifier configurations is gov- 
erned by the ratio between two resistors 
and not their absolute values of resistance. 

Integrated circuits often have an advan- 


tage over discrete circuits in their tempera- ' 


ture behavior. The variation of perfor- 
mance of the components on an integrated 
circuit due to heat is no better than that of 
discrete components. While a discrete cir- 
cuit may be exposed to a wide range of 
temperature changes, the entire semicon- 
ductor chip generally changes temperature 
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by the same amount; there are fewer “hot 
spots" and “cold spots." Thus, integrated 
circuits can be designed to better compen- 
sate for temperature changes. 

A designer of analog devices imple- 
mented with integrated circuitry has more 
freedom to include additional components 
that could improve the stability and per- 
formance of the implementation. The in- 
clusion of components that could cause a 
prohibitive increase in the size, cost or 
complexity of a discrete circuit would 
have very little effect on any of these fac- 
tors in an integrated circuit. 

Once an integrated circuit is designed 
and laid out, the cost of making copies of 
it is very small, often only pennies per 
chip. Integrated circuitry is responsible for 
the incredible increase in performance 
with a corresponding decrease in price of 
electronics over the last 20 years. While 
this trend is most obvious in digital com- 
puters, analog circuitry has also benefited 
from this technology. 

The advent of integrated circuitry has 
also improved the design of high fre- 
quency circuitry. One problem in the 
design and layout of RF equipment is the 
radiation and reception of spurious 
signals. As frequencies increase and 
wavelengths approach the dimensions of 
the wires in a circuit board, the inter- 
connections act as efficient antennas. The 
dimensions of the circuitry within an IC 
are orders of magnitude smaller than in 
discrete circuitry, thus greatly decreasing 
this problem and permitting the process- 
ing of much higher frequencies with fewer 
problems of interstage interference. An- 
other related advantage of the smaller 
interconnections in an IC is the lower in- 


8.31 


herent inductance of the wires, and lower 
stray capacitance between components 
and traces. 


Integrated Circuit Disadvantages 


Despite the many advantages of inte- 
grated circuitry, disadvantages also exist. 
ICs have not replaced discrete compo- 
nents, even tubes, in some applications. 
There are some tasks that ICs cannot per- 
form, even though the list of these contin- 
ues to decrease over time as IC technology 
improves. 

Although the high concentration of 
components on an IC chip is considered to 
be an advantage of that technology, it also 
leads to a major limitation. Heat generated 
in the individual components on the IC 
chip is often difficult to dissipate. Since 
there are so many heat generating compo- 
nents so close together, the heat can build 
up and destroy the circuitry. It is this limi- 
tation that currently causes many power 
amplifiers to be designed with discrete 
components. 

Integrated circuits, despite their short 
interconnection lengths and lower stray 
inductance, do not have as high a fre- 
quency response as similar circuits built 
with appropriate discrete components. 
(There are exceptions to this generaliza- 
tion, of course. Monolithic microwave in- 
tegrated circuits —-MMICs—are available 
for operation on frequencies up through 
10 GHz.) The physical architecture of an 
integrated circuit is the cause of this limi- 
tation. Since the substrate and the walls of 
the isolation wells are made of opposite 
types of semiconductor material, the PN 
junction between them must be reverse 
biased to prevent current from passing into 
the substrate. Like any other reverse bi- 
ased PN junction, a capacitance is created 
at the junction and this limits the fre- 
quency response of the devices on the IC. 
This situation has improved over the years 
as isolation wells have gotten smaller, thus 
decreasing the capacitance between the 
well and the substrate, and techniques 
have been developed to decrease the PN 
junction capacitance at the substrate. One 
such technique has been to create an 
Nt-type layer between the well and the 
substrate, which decreases the capacitance 
of the PN junction as seen by the well. As 
an example, in the 1970s the LM324 
operational amplifier IC package was 
developed by National Semiconductor 
and claimed a gain-bandwidth product of 
1 MHz. In the 1990s the HFA1102 opera- 
tional amplifier IC, developed by Harris 
Semiconductor, was introduced with a 
gain-bandwidth product of 600 MHz. 

A major impediment to the introduction 
of new integrated circuits, particularly 
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with special applications, is the very high - 


cost of development of new designs. The 
masking cost alone for a designed and 
tested integrated circuit can exceed 
$100000. Adding the design, layout and 
debugging costs motivates IC manufactur- 
ers to produce devices that will be widely 
used so that they can recoup the develop- 
ment costs by volume of sales. While a 
particular application would benefit from 
customization of circuitry on an IC, the 
popularity of that application may not be 
wide enough to compel an IC manu- 
facturer to develop that design. A designer 
who wishes to use IC chips must often 
settle for circuits that do not behave 
exactly as desired for the specific appli- 
cation. This trade-off between the ad- 
vantages afforded by the use of integrated 
circuitry and the loss of performance if the 
available IC products do not exactly meet 
the desired specifications must be consid- 
ered by equipment designers. It often leads 
to the use of discrete circuitry in sensitive 
applications. Once again, the improve- 
ments afforded by technology have miti- 
gated this problem somewhat. The design 
and layout of ICs has been made more af- 
fordable by computer-based aids. Interac- 
tion between the computer aided design 
(CAD) software and modern chip mask- 
ing hardware has also decreased the mask- 
ing costs. As these development costs de- 
crease, we are seeing an increase in the 
number of specialty chips that are being 
marketed and also of small companies that 
are created to fill the needs of the niche 
markets. 


Common Types of Linear 
Integrated Circuits 


The three main advantages of designing 
acircuit into an IC are to take advantage of 
the matched characteristics of like com- 
ponents, to make highly complex circuitry 
more economical, and to miniaturize the 
circuit. As a particular technology be- 
comes popular, a rash of integrated cir- 
cuitry is developed to service that technol- 
ogy. A recent example is the cellular 
telephone industry. Cellular phones have 
become so pervasive that IC manufactur- 
ers have developed a large number of de- 
vices targeted toward this technology. 
Space limitations prohibit a comprehen- 
sive listing of all analog special function 
ICs but a sampling of those that are more 
useful in the radio field is presented. 


Component Arrays 


The most basic form of linear integrated 
circuit is the component array. The most 
common of these are the resistor, diode 
and transistor arrays. Though capacitor 
arrays are also possible, they are used less 


often. Component arrays usually provide 
space saving but this is not the major ad- 
vantage of these devices. They are the least 
densely packed of the integrated circuits, 
limited mainly by the number of off-chip 
connections needed. While it may be pos- 
sible to place over a million transistors on 
a single semiconductor chip, individual 
access to these would require a total of 
three million pins and this is beyond the 
limits of practicability. More commonly, 
resistor and diode arrays contain from 
five to 16 individual devices and transistor 
arrays contain from three to six individual 
transistors. The advantage of these arrays 
is the very close matching of component 
values within the array. In a circuit that 
needs matched components, the com- 
ponent array is often a good method of ob- 
taining this feature. The components 
within an array can be internally combined 
for special functions, such as termination 
resistors, diode bridges and Darlington 
pair transistors. A nearly infinite number 
of possibilities exists for these combina- 
tions of components and many of these are 
available in arrays. 


Multivibrators 


A multivibrator is a circuit that oscil- 
lates, usually with a square wave output in 
the audio frequency range. The frequency 
of oscillation is accurately controlled with 
the addition of appropriate values of ex- 
ternal resistance and capacitance. The 
most common multivibrator in use today 
is the 555 (NES55 by Signetics [now 
Philips] or LM555 by National Semicon- 
ductor). This very simple eight-pin DIP 
device has a frequency range from less 
than one hertz to several hundred kilo- 
hertz. Such a device can also be used in 
monostable operation, where an input 
pulse generates an output pulse of a differ- 
ent duration, or in astable operation, 
where the device freely oscillates. Some 
other applications of a multivibrator are as 
a frequency divider, a delay line, a pulse 
width modulator and a pulse position 
modulator. 


Operational Amplifiers 


An operational amplifier, or op amp, is 
one of the most useful linear devices that 
has been developed in integrated circuitry. 
While it is possible to build an op amp 
with discrete components, the symmetry 
of this circuit requires a close match of 
many components and is more effective, 
and much easier, to implement in inte- 
grated circuitry. Fig 8.43 shows a basic 
op-amp circuit. The op amp approaches a 
perfect analog circuit building block. 

Ideally, an op amp has an infinite input 
impedance (Z;), a zero output impedance 


(Z,) and an open loop voltage gain (A,) of 
infinity. Obviously, practical op amps do 
not meet these specifications, but they do 
come closer than most other types of am- 
plifiers. An older op amp that is based on 
bipolar transistor technology, the LM324, 
has the following characteristics: guaran- 
teed minimum CMRR of 65 dB, guaran- 
teed minimum A, of 25000, an input bias 
current (related to Z;) guaranteed to be 
below 250 nA (2.5 x 10-7 A), output cur- 
rent capability (which determines Z,) 
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guaranteed to be above 10 mA and a gain- 
bandwidth product of 1 MHz. The TL084, 
which is a pin compatible replacement for 
the LM324 but is made with both JFET 
and bipolar transistors, has a guaranteed 
minimum CMRR of 80 dB, an input bias 
current guaranteed to be below 200 pA 
(2.0 x 10-10 A, almost 1000 times smaller 
than the LM324) and a gain-bandwidth 
product of 3 MHz. Philips has recently 
introduced the LMC6001 op amp with an 
input bias current of 25 fA (2.5 x 10-14 A, 
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Fig 8.43 — Schematic of the components that make up an operational amplifier. 
Q1 and Q2 are matched emitter-coupled amplifiers. Q3 provides a constant 
current source. The symmetry of this device makes the matching of the 
components critical to its operation. This is why this circuit is usually 
implemented only in integrated circuitry. This simple op amp design has a large 
dc offset voltage at the output. Most practical designs include a level-shifting 
circuit, so the output voltage can exist near ground potential. 
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Fig 8.44 — Operational amplifier 
schematic symbol. The terminal marked 
with a + sign is the noninverting input. 
The terminal marked with a — sign is the 
inverting input. The output is to the 
right. On some op amps, externai 
compensation is needed and leads are 
provided, pictured here below the 
device. Usually, the power supply leads 
are not shown on the op amp itself but 
are specified in the data sheet. 


almost 10000 times smaller than the 
TL084). This is equivalent to 156 electrons 
entering the device every millisecond and 
corresponds to nearly infinite input im- 
pedance. Op amps can be customized to 
perform a large variety of functions by the 
addition of external components. 

The typical op amp has three signal ter- 
minals (see Fig 8.44). There are two input 
terminals, the noninverting terminal 
marked with a + sign and the inverting ter- 
minal marked with a – sign. The output of 
the amplifier has a single terminal and all 
signal levels within the op amp float, 
which means they are not tied to a specific 
reference. Rather, the reference of the in- 
put signals becomes the reference for the 
output signal. In many circuits this refer- 
ence level is ground. Older operational 
amplifiers have an additional two connec- 
tions for compensation. To keep the am- 
plifier from going into oscillation at very 
high gains (increase its stability) it is often 
necessary to place a capacitor across the 
compensation terminals. This also de- 
creases the frequency response of the op 
amp. Most modern op amps are internally 
compensated and do not have separate pins 
to add compensation capacitance. Addi- 
tional compensation can be attained by 
connecting a capacitor between the op amp 
output and the inverting input. 

One of the major advantages of using an 
op amp is its very high common mode 
rejection ratio (CMRR). Since there are 
two input terminals to an op amp, anything 
that is common to both terminals will be 
subtracted from the signal during amplifi- 
cation. The CMRR is a measure of the 
effectiveness of this removal. High CMRR 
results from the symmetry between the cir- 
cuit halves. The rejection of power-supply 
noise is also an important parameter of an 
op amp. This is attained similarly, since 
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Fig 8.45 — Operational amplifiers arranged as an instrumentation amplifier. The 
balanced and cascaded series of op amps work together to perform differential 
amplification with good common-mode rejection and very high input impedance 
(no load resistor required) on both the inverting (V1) and noninverting (V2) inputs. 
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the power supply is connected equally to 
both symmetrical halves of the op amp 
circuit. Thus, the power supply rejection 
ratio (PSRR) is similar to the CMRR and 
is often specified on the device data sheets. 

Just as the symmetry of the transistors 
making up an op amp leads to a device 
with high values of Z;, A, and CMRR and 
a low value of Z,, a symmetric combina- 
tion of op amps is used to further improve 
these parameters. This circuit, shown in 
Fig 8.45, is called an instrumentation 
amplifier. 

The op amp is capable of amplifying 
signals to levels limited mainly by the 
power supplies. Two power supplies are 
required, thus defining the range of signal 
voltages that can be processed. In most 
op amps the signal levels that can be 
handled are less than the power supply 
limits (rails), usually one or two diode 
drops (0.7 V or 1.4 V) away from each rail. 
Thus, if an op amp has 15 V connected as 
its upper rail (usually denoted V*) and 
ground connected as its lower rail (V^), 
input signals can be amplified to be as high 
as 13.6 V and as low as 1.4 V in most am- 
plifiers. Any values that would be ampli- 
fied beyond those limits are clamped (out- 
put voltages that should be 1.4 V or less 
appear as 1.4 V and those that should be 
13.6 V or more appear as 13.6 V). This 
clamping action is illustrated in Fig 8.1. 
Recently, op amps have been developed to 
handle signals all the way out to the power 
supply rails (for example, the MAX406, 
from Maxim Integrated Products). 

If a signal is connected to the input ter- 
minals of an op amp, it will be amplified as 
much as the device is able (up to Ay), and 


Fig 8.46 — Operational amplifier circuits. 
(A) Noninverting configuration. 
(B) Inverting configuration. 
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will probably grow so large that it clamps, 
as described above. Even if such large 
gains are desired, Ay varies from one de- 
vice to the next and cannot be guaranteed. 
In most applications the op amp gain is 
limited to a more reasonable value and this 
is usually realized by providing a negative 
feedback path from the output terminal to 
the inverting input terminal. The closed 
loop gain of an op amp depends solely on 
the values of the passive components used 
to form the loop (usually resistors and, for 
frequency-selective circuits, capacitors). 
Some examples of different circuit con- 
figurations that manipulate the loop gain 
follow. 

The op amp is often used as either an 
inverting or a noninverting amplifier. 
Accurate amplification can be achieved 
with just two resistors: the feedback re- 
sistor, Re, and the input resistor, R; (see 
Fig 8.46). If connected in the noninverting 
configuration, the input signal is con- 
nected to the noninverting terminal. The 
feedback resistor is connected between the 
output and the inverting terminal. The in- 
verting terminal is connected to Rj, which 
is connected to ground. The gain of this 
configuration is: 


(15) 


where: 
V, is the output voltage, and 
V, is the input voltage to the nonin- 
verting terminal. 


In the inverting configuration, the input 
signal (V;) is connected through R; to the 
inverting terminal. The feedback resistor 
is again connected between the inverting 
terminal and the output. The noninverting 
terminal can be connected to ground or to 
a dc offset voltage. The gain of this circuit 
is: 


(16) 


where V; represents the voltage input to 
Ri. 

The negative sign in equation 16 indi- 
cates that the signal is inverted. For ac sig- 
nals, inversion represents a 180° phase 
shift. The gain of the noninverting op amp 
can vary from a minimum of x 1 to the 
maximum of which the device is capable. 
The gain of the inverting op amp con- 
figuration can vary from a minimum of 
x 0 (gains from x 0 to x 1 attenuate the 
signal while gains of x 1 and higher am- 
plify the signal) to the maximum that the 
device is capable of, as indicated by Ay for 
dc signals, or the gain-bandwidth product 
forac signals. Both parameters are usually 
specified in the manufacturer's data sheet. 


A voltage follower is a type of op amp 
that is commonly used as a buffer stage. 
The voltage follower has the input con- 
nected directly to the noninverting termi- 
nal and the output connected directly to 
the inverting terminal (Fig 8.47). This 
configuration has unity gain and provides 
the maximum possible input impedance 
and the minimum possible output imped- 
ance of which the device is capable. 

A differential amplifier is a special ap- 
plication of an operational amplifier (see 
Fig 8.48). It amplifies the difference be- 
tween two analog signals and is very use- 
ful to cancel noise under certain condi- 
tions. For instance, if an analog signal and 
a reference signal travel over the same 
cable they may pick up noise, and it is 
likely that both signals will have the same 
amount of noise. When the differential 
amplifier subtracts them, the signal will 
be unchanged but the noise will be com- 
pletely removed, within the limits of the 
CMRR. The equation for differential am- 
plifier operation is 
V = 


o 
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Fig 8.47 — Voltage follower. This 
operational amplifier circuit makes a 
nearly ideal buffer with a voltage gain 
of about one, extremely high input 
impedance and extremely low output 
impedance. 


Fig 8.48 — Differential amplifier. This 
operational amplifier circuit amplifies 
the difference between the two input 

signals. 
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Note that the differential amplifier re- 
sponse is identical to the inverting op amp 
response (equation 16) if the voltage 
source to the noninverting terminal is 
equal to zero. If the voltage source to the 
inverting terminal (V;) is set to zero, the 
analysis is a little more complicated but it 
is possible to derive the noninverting op 
amp response (equation 15) from the 
differential amplifier response by taking 
into account the influence of R, and Rg. 

DC offset is an important consideration 
in op amps for two reasons. Actual op 
amps have a slight mismatch between the 
inverting and noninverting terminals that 
can become a substantial dc offset in the 
output, depending on the amplifier gain. 
The op amp output must not be too close to 
the clamping limits or distortion will oc- 
cur. Introduction of a small dc correction 
voltage to the noninverting terminal is 
sometimes used to apply an offset voltage 
that counteracts the internal mismatch and 
centers the signal in the rail-to-rail range. 

The high input impedance of an op amp 
makes it ideal for use as a summing ampli- 
fier. In either the inverting or noninverting 
configuration, the single input signal can 
be replaced by multiple input signals that 
are connected together through series re- 
sistors, as shown in Fig 8.49. For the in- 
verting summing amplifier, the gain of 
each input signal can be calculated indi- 
vidually using equation 16 and, because 
of the superposition property, the output 
becomes the sum of each input signal 
multiplied by its gain. In the noninverting 
configuration, the output is the gain times 
the weighted sum of the m different input 
signals: 


(19) 


where Rpm is the parallel resistance of all 
m resistors excluding Rm. For example, 
with three signals being summed, Rol is 
the parallel combination of R2 and R3. 

Other combinations of summing and 
difference amplification can be realized 
with a single op amp. The analyses of such 
circuits use the standard op amp equations 
coupled with the principle of superposi- 
tion. 


A voltage comparator is another spe- 
cial form of an operational amplifier. It 
takes in two analog signals and provides a 
binary output that is true if the voltage of 
one signal is bigger than that of the other, 
and false if not. A standard operational 
amplifier can be made to act as a compara- 
tor by connecting the two voltages to the 
noninverting and inverting inputs with no 
input or feedback resistors. If the voltage 
of the noninverting input is higher than 
that of the inverting input, the output volt- 
age will be clamped to the positive clamp- 
ing limit. If the inverting input is at a 
higher potential than the noninverting in- 
put, the output voltage will be clamped to 
the negative clamping limit (although this 
is not necessarily a negative voltage, de- 
pending on the value of the lower rail). 
Some applications of a voltage compara- 
tor are a zero crossing detector, a signal 
squarer (which turns other cyclical wave 
forms into square waves) and a peak de- 
tector. 


Charge Coupled Devices 


As the speed of integrated circuitry in- 
creases, it becomes possible to process 
some of the signals digitally while other 
processing occurs in analog form, all of 
this on the same IC chip. Such a chip is 
often called a mixed modality or hybrid 
chip (not to be confused with the hybrid 
circuitry discussed earlier). An example of 
this is the charge coupled device (CCD). 
Pure digital analysis of signals requires 
digitization in two domains, namely the 
time sampling of a signal into individual 
packets and the amplitude sampling of 
each time packet into digital levels. CCDs 
perform time sampling but the time pack- 
ets remain in analog form; they can take on 
any voltage value rather than a fixed num- 
ber of discrete values. The CCD is often 
used to produce a delay filter. While most 
analog filters introduce some phase shift 
or delay into the signal, the relationship 
between the phase shift and the frequency 
is not always linear; different frequencies 
are delayed by different amounts of time. 
The goal of an ideal delay filter is to delay 
all parts ofthe signal by the same time. The 
CCD is used to realize this by sampling the 
signal, shifting the time packets through a 
series of capacitors and then reconstruct- 
ing the continuous signal at the other end. 
The rate of shifting the time packets and 
the number of stages determines the 
amount of the delay. When originally in- 
troduced in the late 1970s, CCDs were 
described as bucket brigade devices (after 
the old fire fighting technique), where the 
buckets filled with signal packets are 
passed along the line until they are dumped 
at the end and recombined into an analog 
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Fig 8.49 — Summing operational 
amplifier circuits. (A) Inverting 
configuration. (B) Noninverting 
configuration. 


signal. These devices are simply con- 
structed in an IC where each bucket is a 
MOS capacitor that is surrounded by two 
MOSFETs. When the transistors are biased 
to conduct, the charge moves from one 
bucket to the next and, while biased off, 
the charges are held in their capacitors. 
Very accurate filters, called switched ca- 
pacitor filters, can be made with CCDs (see 
the Filters chapter). 

A special form of CCD has also become 
quite popular in recent years, replacing the 
vidicon in modern camera circuitry. A two 
dimensional array of CCD elements has 
been developed with light sensitive semi- 
conductor material; the charge that enters 
the capacitors is proportional to the 
amount of light incident on that location 
of the chip. The charges are held in their 
array of capacitors until shifted out, one 
horizontal line at a time, in a raster format. 
The CCD array mimics the operation of 
the vidicon camera and has many advan- 
tages. CCD response linearity across the 
field is superior to that of the vidicon. Very 
bright light at one location saturates the 
CCD elements only at that location rather 
than the blooming effect in vidicons where 
bright light spreads radially from the origi- 
nal location. CCD imaging elements do 
not suffer from image retention, which is 
another disadvantage of vidicon tubes. 


Balanced Mixers 
The balanced mixer is a device with 
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many applications in modern radio trans- 
ceivers (see the Mixers, Modulation and 
Demodulation chapter). Audio signals 
can be modulated onto a carrier or de- 
modulated from the carrier with a balanced 
mixer. RF signals can be downconverted 
to intermediate frequency (IF) or IF can be 
upconverted to RF with a balanced mixer. 
This device is made with a bridge of four 
matched Schottky diodes and the neces- 
sary transformers packaged in a small 
metal, plastic or ceramic container. The 
consequence of unmatched diodes is poor 
isolation between the local oscillator (LO) 
and the two signals. IC mixers often use a 
“Gilbert cell” to provide LO isolation as 
high as -30 dB at 500 MHz. The isolation 
improves with decreasing frequency. 


Receiver Subsystems 


High performance ICs have been de- 
signed that make up complete receivers 
with the addition of only a few external 
components. Two examples that are very 
similar are the Motorola MC3363 and the 
Philips NE627. Both of these chips have 
all the active RF stages necessary for a 
double conversion FM receiver. The 
MC3363 has an internal local oscillator 
(LO) with varactor diodes that can 
generate frequencies up to 200 MHz, 


although the rest of the circuit is capable 
of operating at frequencies up to 450 MHz 
with an external oscillator. The RF ampli- 
fier has a low noise factor and gives this 
chip a 0.3 mV sensitivity. The inter- 
mediate frequency stages contain limiter 
amplifiers and quadrature detection. The 
necessary circuitry to implement receiver 
squelch and zero crossing detection of 
FSK modulation is also present. The cir- 
cuit also contains received signal strength 
(*S-meter") circuitry (RSSI). The input 
and output of each stage are also brought 
out of the chip for versatility. The audio 
signal out of this chip must be appropri- 
ately amplified to drive a low-impedance 
speaker. This chip can be driven with a dc 
power source from 2 to 7 V and it draws 
only 3 mA with a 2 V supply. 

The Philips NE627 is a newer chip than 
the MC3363 and has better performance 
characteristics even though it has essen- 
tially the same architecture. Its LO can 
generate frequencies up to 150 MHz and 
external oscillator frequencies up to 1 GHz 
can be used. The chip has a 4.6 dB noise 
figure and 0.22 mV sensitivity. The cir- 
cuit can be powered with a dc voltage be- 
tween 4.5 and 8 V and it draws between 
5.1 and 6.7 mA. This chip is also ESD 
hardened so it resists damage from elec- 
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Fig 8.50 — The NE602 functional block diagram in circuit. This device contains a 
doubly balanced mixer, a local oscillator, buffers and a voltage regulator. This 
application uses the NE602 to convert an RF signal in a receiver to IF. 
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trostatic discharges, such as from nearby 
lightning strikes. 

The various stages in the receiver sub- 
system ICs are made available by con- 
nections on the package. There are two 
reasons that this is done. Filtering that is 
added between stages can be performed 
more effectively with inductors and crys- 
tal or ceramic filters, which are difficult to 
fabricate in integrated circuitry, so the 
output of one stage can be filtered exter- 
nally before being fed to the next stage. It 
also adds to the versatility of the device. 
Filter frequencies can be customized for 
different intermediate frequencies. Stages 
can be used individually as well, so these 
devices can be made to perform direct con- 
version or single conversion reception or 
other forms of demodulation instead of 
FM. 

Older integrated circuits that are sub- 
sets of the receiver subsystems are 
popular. The NE602 contains one double 
balanced mixer and a local oscillator, 
along with voltage regulation and buffer- 
ing (Fig 8.50). It contains almost every- 
thing required to construct a direct 
conversion receiver. Its small size, an 
8 pin DIP, makes it more desirable for this 
purpose than using part of an MC3363, 
which is in a 24 pin DIP and is more ex- 
pensive. The NE604 contains the IF am- 
plifiers and quadrature detector that, to- 
gether with two NE602s and an RF 
amplifier, could almost duplicate the func- 
tions of the MC3363 or the NE367. 


Transmitter Subsystems 


Single chips are available to implement 
FM transmitters. One implementation is 
the Motorola MC2831A. This chip con- 
tains a mike preamplifier with limiting, à 
tone generator for CTCSS or AFSK, and a 
frequency modulator. It has an internal 
voltage controlled oscillator that can be 
controlled with a crystal or an LC circuit. 
This chip also contains circuitry to check 
the power supply voltage and produce a 
warning if it falls too low. Together with 
an FM receiver IC, an entire transceiver 
can be fabricated with very few parts. 


Monolithic Microwave Integrated 
Circuit 

A class of bipolar IC that is capable of 
higher frequency responses is the mono- 
lithic microwave | integrated circuit 
(MMIC). There is no formal definition of 
when an IC amplifier becomes an MMIC 
and, as the performance of IC devices 
improves, particularly MOS based de- 
vices, the distinction is becoming blurred. 
MMIC devices typically have predefined 
operating characteristics and require few 
external components. An example of an 


MMIC is a fixed gain amplifier, the 
MSA0204 (Fig 8.51), which can deliver 
12 dB of gain up to 1 GHz. More modern 
MMIC devices are being developed with 
bandwidths in the tens of GHz. 


Comparison of Analog Signal 
Processing Components 


Analog signal processing deals with 
changing a signal to a desired form. 
Vacuum tubes, bipolar transistors, field- 
effect transistors and integrated circuitry 
perform similar functions, each with 
specific advantages and disadvantages. 
These are summarized here. 

Of the four component types, vacuum 
tubes are physically the largest and require 
the most operating power. They have more 
limited life spans, usually because the 
heater filament burns out just as a light 
bulb does. Regardless of its use, a vacuum 
tube always generates heat. Miniaturiza- 
tion is difficult with vacuum tubes both 
because of their size and because of the 
need for air space around them for cool- 
ing. Vacuum tubes do have advantages, 
however. They are electrically robust. You 
need not be as concerned about static 
charges destroying vacuum tubes. A trans- 
mitter with vacuum tube finals usually has 
a variable matching network built in, and 
can be loaded into a higher SWR than one 
with semiconductor finals. Tubes are 
generally able to withstand the high volt- 
ages generated by reflections under high 
SWR conditions. They are not as easily 
damaged by short-term overloads or the 
electromagnetic pulses generated by light- 
ning. The relatively high plate voltages 
mean that the plate current is lower for a 
given power output; thus power supplies 
do not need as high a current handling 
capability. Vacuum tubes are capable of 
considerable heat dissipation and many 
high power applications still use them. 
Special forms of vacuum tubes are also 
still used. Most video displays use CRTs, 
and microwave transmitting tubes are still 
common. 

Bipolar transistors have many advan- 
tages over vacuum tubes. When treated 
properly they can have virtually unlimited 
life spans. They are relatively small and, if 
they do not handle high currents, do not 
generate much heat, improving miniatur- 
ization. They make excellent high-fre- 
quency amplifiers. Compared to MOSFET 
devices they are less susceptible to dam- 
age from electrostatic discharge. RF am- 
plifiers designed with bipolar transistors 
in their finals generally include circuitry 
to protect the transistors from the high 
voltages generated by reflections under 


high SWR conditions. Lightning strikes in 
the area (not direct hits) have been known 
to destroy all kinds of semiconductors, 
including bipolar transistors. Semicon- 
ductors have replaced almost all small- 
signal applications of tubes. 

There are many performance advan- 
tages to FET devices, particularly 
MOSFETs. The extremely low gate cur- 
rents allow the design of analog stages 
with nearly infinite input resistance. Sig- 
nal distortion due to loading is minimized 
in this way. As these characteristics are 
improved by technology, we are seeing an 
increase in FET design at the expense of 
bipolar transistors. 

The current trend in electronics is port- 
ability. Transceivers are decreasing in size 
and in their power requirements. Inte- 
grated circuitry has played a large part in 
this trend. Extremely large circuits have 
been designed with microscopic propor- 
tions. It is more feasible to use MOSFETs 
within an IC chip than as discrete compo- 
nents since the devices at risk are usually 
those that are connected to the outside 
world. It is not necessary to use electro- 
static discharge protection circuitry on the 
gate of every MOSFET in an IC; only the 
ones that connect to the pins on the chip 
need this protection. This arrangement 
both improves the performance of the in- 
ternal MOSFETs and decreases the circuit 
size even further. Semiconductors are 
slowly replacing the last tube applications. 
CCD chips have been so successful in 
video cameras that it is difficult to find an 
application for vidicon tubes. The liquid 
crystal displays (LCDs) in laptop comput- 
ers have given considerable competition 
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to ће CRT tube. 

An important consideration in the use 
of analog components is the future avail- 
ability of parts. At an ever increasing rate, 
as new components are developed to re- 
place older technology, the older compo- 
nents are discontinued by the manufactur- 
ers and become unavailable for future use. 
This tends to be a fairly long term process 
but it is not unusual for a manufacturer to 
stop offering a component when demand 
for it falls. This has become evident with 
vacuum tubes, which are becoming more 
difficult to find and more expensive as 
fewer manufacturers produce them. 

The major disadvantages of IC technol- 
ogy have been power handling capability, 
frequency response and noncustomized 
circuitry. These characteristics have im- 
proved at an amazing pace over recent 
years; it is a process that feeds itself. As 
ICs are improved they are used to make 
more powerful tools (such as computers 
and electronic test equipment) that are 
used in the design of further IC improve- 
ments. Entire transceivers are designed 
with just a few IC chips and the appropri- 
ate transistors for power amplification. 
The quiescent current draw of these de- 
vices has been reduced to the microam- 
pere level so they can operate effectively 
from small battery packs. The improved 
noise performance of circuitry has also de- 
creased the need for high transmitter 
power, further decreasing the current re- 
quirements for these devices. If this trend 
continues, we should eventually see a near 
total switch to IC components with few 
discrete semiconductors and no vacuum 
tubes. 
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Except as indicated, decimal 
values of capacitance are 
in microfarads ( uF); others 
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are in picofarads ( pF); 
resistances are in ohms; 


k= 1,000, M= 1,000,000 


Fig 8.51 — The MSA0204 and MSA0304 MMICs in circuit. Both amplifiers have 
both input and output impedance of 50 © and a bandwidth of more than 2.5 GHz. 
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his chapter, written by James N. 
Woods, KC7FG, will focus on 
= how.to avoid potential hazards as 
we explore Amateur Radio and its many 
facets. We need to learn as much as pos- 
sible about what could go wrong so we can 
avoid factors that might result in acci- 
dents. Amateur Radio activities are not 
inherently hazardous, but like many things 
in modern life, it pays to be informed. 
` Stated another way, while we long to be 
creative and innovative, there is still the 
‚ need to act responsibly. Safety begins with 
our attitude. Make it a habit to plan work 


carefully. Don’t be the one to say, “I didn’t 


-think it could happen to me.” 
Having a good attitude about safety is 


not enough, however. We must be knowl- , 


edgeable about common safety guidelines 
and follow them faithfully. Safety guide- 
lines cannot possibly cover all situations, 
but if we approach each task with a 
measure of common sense, we should be 
able to work safely. 

This chapter will address some of the 
most popular ham radio activities: build- 
ing and erecting antennas, constructing 
radio equipment, and the testing and 
troubleshooting of our radios. Safety as- 
sociated with emergency disaster opera- 


Antenna and Tower 


Many amateurs enjoy building. and in- 
stalling their antennas. and consider this 
one of the most enjoyable aspects of their 
hobby. Since antennas are generally out- 
doors, they are affected by such poten- 


tially hazardous weather as wind, ice and’ 


lightning. Learning about the potential 


hazards and how to do antenna work säfely 


will pay dividends. 

^. It is not feasible to discuss each type 
of antenna and tower in detail, so this sec- 
tion will include highlights you should 


tions are covered best by the agencies and 


| Organizations affected. 


Although the RF, ac and dc voltages in 


_ most amateur stations pose a potentially 


grave threat to life and limb, common 
sense and knowledge of safety practices 
will help you avoid accidents. Building 
and operating an Amateur Radio station 
can be, 'and is for almost all amateurs, a 


' perfectly safe pastime. Carelessness can 


lead to severe injury, or even death, how- 
ever. The ideas presented here are only 
guidelines; it would be impossible to cover 
all safety precautions. Remember: There 


' is no substitute for common sense.. 


Fires in well-designed electronic equip- 
ment are not common but are known to 
occur. Proper use of a suitable fire extin- 
guisher can make the difference between a 


` small fire with limited damage and loss of 
гап entire home. Make, sure you know the 


limitations of your extinguisher.and the 
importance of reporting the fire to your 


local fire department immediately. 


Severaltypes of extinguishers are suit- 
able for electrical fires. The multipurpose 
dry. chemical or *ABC" type units are 
relatively inexpensive and contain a solid 


powder that is nonconductive. Avoid 


buying the smallest size; a 5-pound capac- 
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be aware of. For a full understanding of 


: the specific hardware you will be work-. 


ing with, consult the manufacturer or 


- supplier. If this.is not feasible, discuss 
. your antenna plans with a qualified engi- 
. neer. The ARRL Volunteer Consulting 

Engineer program can steer you to а. 


knowledgeable engineer. In addition, you 
may be required to obtain a building per- 


mit to-erect a tower or antenna. This.is a ' 
way to help ensure that the installation . 


follows good practices and that the instal- 


П 


ity will meet most requirements in the 
home. ABC extinguishers are also the best 
choice for kitchen fires (the most common 
location of home fires): One disadvantage 
of this type is the residue left behind that 
might cause corrosion in electrical con- 
nectors. Another type of fire extinguisher 


‘Suitable for energized electrical equip-. 


ment is the carbon dioxide unit, CO, ex- 
tinguishers require the user to be much 
closer to the fire, are heavy and difficult to 


` handle, and are relatively expensive. For 
i obvious reasons, water extinguishers are 
"not suitable for fires in or near electronic 


equipment. 

Involve your family in Amateur Radio. - 
Having other people close by is always 
beneficial in the event that you need im- 
mediate assistance. Take the valuable step 
of showing family members how to turn 
off the electrical power to your equip- 
ment safely. Additionally, cardiopulmo- 
nary resuscitation (CPR) training can save 
lives in the event of electrical shock. 
Classes are offered in most communities. 


` Take the time to plan with your family 


members exactly what action should be 
taken in the event of an emergency, such 
as electrical shock, equipment fire or 
power outage. 


. lation is safe. Wise amateurs realize that a 


review of drawings and site inspections 
are beneficial and can result in fewer prob- . 


_lems in the future. 


Towers must have a properly engi- 
neered support, both for the tower sections 
themselves as well as guy wire attach- 
ments. Sometimes towers are braced to 
buildings for added support. The Antenna 
Supports chapter of The ARRL Antenna 
Book covers this subject in greater detail. . 


- Towers are available commercially in both 
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guyed and self-supporting styles, and 
constructed of both steel and aluminum 
materials. Masts may be wood or metal. 
One popular and inexpensive mast used to 
support small antennas is the tubular mast 
often sold for TV antenna use. These come 
in telescoping sections, in heights from 
20 to 50 ft. 

Aluminum extension ladders are some- 
times used for temporary antenna sup- 
ports, such as at Field Day sites. One prob- 
lem with this approach is the difficulty in 
holding down the bottom section while 
“walking up" the ladder. Do not try to erect 
this type of support alone. 

Trees are sometimes pressed into ser- 
vice for holding one end of a wire antenna. 
When using slingshots or arrows to string 
up the antenna, be sure no one is in range 
before you launch. 


FACTORS TO CONSIDER WHEN 
SELECTING A TOWER 


* А tower should not be installed in 
a position where it could fall onto a 
neighbor’s property. 

* Towers have design load limitations. 
Make sure the tower you consider has 
the capacity to safely handle the 
antenna(s) you intend to install. 

* The antenna must be located in such a 
position that it cannot possibly tangle 
with power lines, both during normal op- 
eration or if the structure should fall. 

* Sufficient yard space must be available 
to position a guyed tower properly. A 
rule of thumb is that the guy anchors 
should be between 60% and 80% of the 
tower height in distance from the base of 
the tower. 

* Provisions must be made to keep chil- 
dren from climbing the support. 

* Always write to the manufacturer of the 
tower before purchasing and ask for in- 
stallation specifications including guy- 
ing data. 

* Soil conditions at the tower site should 
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be investigated. The footings need to be 
designed around actual soil conditions, 
particularly on a rocky site. 


TOWER TIPS 


* Beware of used towers. Have them pro- 
fessionally inspected and contact the 
manufacturer for installation criteria. 

* Always follow manufacturer's instruc- 
tions, using only parts that are designed 
for the model you have. 

* Never rush into projects. Consult the 
most experienced amateurs in your com- 
munity for assistance, especially if you 
are new to tower installation. 

* Check with your local building officials. 

* Liability may be increased with a tower 

installation. Check with your insurer to 

ensure your coverage is adequate. 

Consider your neighbors and any 

hazards your antennas may present to 

them. 

Don't let your installation become an 

"attractive nuisance." Take steps to in- 

stall positive barriers so your tower can- 

not easily be climbed by others. 

Use only the highest quality materials in 

your system. 

* Make sure you have all the tools needed 
before starting. Some specialized tools 
(such as a gin pole) may be required. 

* Never erect an antenna, tower or rotor 
during an electrical storm or rainstorm, 
or when lightning is a possibility. 

* The assembly crew as well as those 

climbing the tower during erection must 

wear hard hats and use appropriate per- 
sonal protective equipment including 
gloves, boots, climbing belt or harness. 

Don't forget that lifelines are needed 

when the belt is unattached from the 

tower while moving. 

Be careful not to over-stress the tower 

when it is being assembled. The tower 

manufacturer can offer suggestions that 
will avoid jeopardizing the tower. 

* Assign someone in the erection crew to 
monitor the use of safety equipment. 


* After the tower is installed, keep the in- 
stallation safe. Inspection and mainte- 
nance recommended by the tower's 
manufacturer should be carefully fol- 
lowed. 

* If making attachments to houses or in- 
stallations on roofs, have a qualified 
person determine that the method is ad- 
equate and the loading conditions are 
satisfactory. 

* Avoid metal ladders if there are any util- 
ity lines in the vicinity. Assume that any 
line is energized—including cable tele- 
vision and telephone lines. 


POWER LINES 


Hundreds of people have been killed or 
seriously injured when attempting to in- 
stall or dismantle antennas. In virtually all 
cases, the victim was aware of the haz- 
ards, including electrocution, but did not 
take the necessary steps to eliminate the 
risks. Never install antennas, towers and 
masts near power lines. How far away is 
considered safe? Towers and masts should 
be installed twice the height of the instal- 
lation away from power lines. Every elec- 
trical wire must be considered dangerous. 
If the installation should contact power 
lines, you or those around you could be 
killed! If you have any questions about 
power lines, contact your electrical util- 
ity, city inspector or a qualified profes- 
sional. 

If, for some reason your tower starts to 
fall, get away from it immediately. If it 
touches energized lines it may be a lethal 
hazard if you are in contact with the an- 
tenna. If a coworker becomes energized, 
do not touch the person. Instead, use an 
insulated wooden pole to knock the ener- 
gized conductor away from them. Don't 
become a victim yourself! If the person is 
not breathing, immediately start CPR and 
call for emergency assistance. 

Further information about tower safety 
appears in The ARRL Antenna Book. 
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- Although Amateur Radio is basically a 
safe activity, in recent years there has been 
considerable discussion and concern about 
the possible hazards of electromagnetic 
radiation (EMR), including both RF en- 
ergy and power frequency (50-60 Hz) 
electromagnetic fields. Extensive research 

on this topic is underway in many coun- 


tries. This section was prepared by mem- 


bers of the ARRL Committee of the Bio- 
logical Effects on RF Energy (“Bio 
Effects” Committee) and coordinated by 
Wayne Overbeck, N6NB. It summarizes 
what is now known and offers safety pre- 
cautions based on the research to date. 

All life on Earth has adapted to survive 
in an environment of weak, natural low- 
frequency electromagnetic fields (in addi- 
tion to the Earth’s static geomagnetic 
field). Natural low-frequency EM fields 
come from two main sources: the sun, and 
thunderstorm activity. But in the last 100 
years, man-made fields at much higher , 
intensities and with a very differerit spec- 
tral distribution have altered this natural 
EM background in ways that are not yet 
fully understood. Much more research is 
needed to assess the biological effects of ` 
EMR. 

Both RF and 60-Hz fields are classified 
as nonionizing radiation because the fre- 
quency is too low for there to be enough 
photon energy to ionize atoms. Still; at 
sufficiently high power densities, EMR 
poses certain health hazards. It has been 
known since the early days of radio that 
_ RF energy can cause injuries by heating 
body tissue. In extreme cases, RF-induced 
heating can cause blindness, sterility and 
other serious health problems. These heat- 
` related health hazards are called thermal 
effects. But now there is mounting evi- 
dence that even at energy levels too low 
to cause body heating, EMR has observ- 


able biological effects, some of which, 
These are athermal 


may be harmful. 
effects. 


In addition to the ongoing research, 


much else has been done to address this 
issue. For example, the American National 
Standards Institute, among others, has rec- 
` ommended voluntary guidelines to limit 
human exposure to RF energy. And the 


ARRL has established the Bio Effects- 


‘Committee, a committee of concerned 
medical doctors and scientists, serving 
voluntarily to monitor scientific research 


in the fields and to recommend safe prac-: 


tices for radio amateurs. ' 


THERMAL EFFECTS OF RF 
ENERGY ‘ 


Body tissues that are subjected to very 


high levels of RF energy may suffer seri- 
ous heat damage. These effects depend 
upon. the frequency of the energy, the 
power density of the RF field that strikes 


the body, and even on factors such as the А 


polarization of the wave. 

At frequencies near the babuit 
resonant frequency, RF energy is absorbed 
more efficiently, and maximum heating 
occurs. In adults, this frequency usually is 


: about 35 MHz if the person is grounded, 


and about 70 MHz if the person's body is 
insulated from the ground. Also, body 
parts may be resonant; the adult head, for 
example is resonant around 400 MHz, 


while a baby's smaller head resonates near | 
‚700 MHz. Body size thus determines the 


frequency at which most RF energy is 
absorbed. As the frequency is increased 


‘above resonance, less RF heating gener- 
'ally occurs. However, additional longitu- 


dinal resonances occur at about 1 GHz 
near the body surface. 

Nevertheless, thermal effects of RF 
energy should not be a major concern for 
most radio amateurs because of the 
relatively low RF power we normally use 
and intermittent nature of most amateur 
transmissions. Amateurs spend more time 
listéning than transmitting, and many 
amateur transmissions such as CW and 
SSB use low-duty-cycle modes. (With 
FM or RTTY, though, the RF is present 
continuously at its maximum level during 
each' transmission.) In any event, it is 


rare for radio amateurs to be subjected to . 


RF fields strong enough to produce 
thermal effects unless they are fairly close 
to an energized antenna or unshielded 
power amplifier. Specific suggestions for 
avoiding excessive expose are offered 
later. à 


ATHERMAL EFFECTS OF EMR 


Nonthermal effects of EMR, on the 


other hand, may be of greater concern to 
most amateurs because they involve 
lower-level energy fields. In recent years, 
there have been many studies of the health 
effects of EMR, including a number 


-that suggest there may be health hazards 


of EMR even at levels too low to cause 
significant heating of body tissue. The 
research has been of two basic types: 
epidemiological research, and laboratory 
research into biological mechanisms by 
which EMR niay affect animals or 
humans. 

Epidemiologists look at the health 


. patterns of large groups of people using 


statistical methods. A series of epidemio- 
logical studies has shown that persons 


likely to have been exposed to higher lev- 


els of EMR than the general population 
(such as persons living near power lines or 
employed in electrical and related occu- 


-pations) have higher than normal rates of . 


certain types of cancers. For example, 


` several studies have found a higher inci- 


dence of leukemia and lymphatic cancer 
in children living near certain types of 
power transmission and distribution lines 
and near transformer substations than in 
children not living in such areas. These 
studies have found a risk ratio of about 2, 
meaning the chance of contracting the 
disease is doubled. 

Parental exposures may also increase 
the cancer risk of their offspring. Fathers 
in electronic occupations who are also 
exposed to electronic solvents have chil- 
dren with an increased risk of brain can- 
cer, and children of mothers who slept 
under electric blankets while pregnant 
have a 2.5 risk ratio for brain cancer. 

Adults whose occupations expose them 
to strong 60-Hz fields (for example, tele- 
phone line splicers and electricians) have 
been found to have about four times the 
normalrate of brain cancer and male breast 
cancer. Another study found that micro- 
wave workers with 20 years of exposure 
had about 10 times the normal rate of brain 
cancer if they were also exposed to solder- 
ing fumes or electronic solvents. Typi- 
cally, these chemical factors alone have 
risk ratios around 2. 

Dr. Samuel Milham, a Washington state 
epidemiologist, conducted a large study 
of the mortality rates of radio amateurs, 
and found that they had statistically 
significant excess mortality from one type 
of leukemia and lymphatic cancer. 
Milham suggested that this could result 
from the tendency of hams to work in elec- 
trical occupations or from their hobby. 

However, epidemiological research by 
itself is rarely conclusive. Epidemiology 
only identifies health patterns in groups 
—it does not ordinarily determine. their 
cause. And there are often confounding 
factors: Most of us are exposed to many 
different environmental hazards that may’ 
affect our health in various ways. More- 


_ over, not all studies of persons likely to be 


exposed to high levels of EMR have 
yielded the same results. 

There has also been considerable labo- 
ratory research about the biological effects 
of EMR in recent years. For example, it 
has been shown that even fairly low levels 
of EMR can alter the human body’s circa- 
dian rhythms, affect the manner in which 
cancer-fighting T lymphocytes function in 
the immune system, and alter the nature of 
the electrical and chemical signals com- 
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municated through the cell membrane and 
between cells, among other things. 

Much of this research has focused on 
low-frequency magnetic fields, or on RF 
fields that are keyed, pulsed or modulated 
at a low audio frequency (often below 
100 Hz). Several studies suggested that 
humans and animals can adapt to the pres- 
ence of a steady RF carrier more readily 
than to an intermittent, keyed or modu- 
lated energy source. There is some evi- 
dence that while EMR may not directly 
cause cancer, it may sometimes combine 
with chemical agents to promote its 
growth or inhibit the work of the body’s 
immune system. 

None of the research to date conclu- 
sively proves that low-level EMR causes 
adverse health effects. Although there has 
been much debate about the meaning and 
significance of this research, many medi- 
cal authorities now urge “prudent avoid- 
ance” of unnecessary exposure to moder- 
ate or high-level electromagnetic energy 
until more is known about this subject. 


Safe Exposure Levels 


How much EM energy is safe? Scien- 
tists have devoted a great deal of effort to 
deciding upon safe RF-exposure limits. 
This is a very complex problem, involving 
difficult public health and economic con- 
siderations. The recommended safe levels 
have been revised downward several times 
in recent years—and not all scientific bod- 
ies agree on this question even today. A 
new Institute of Electrical and Electronic 
Engineers (IEEE) guideline for recom- 
mended EM exposure limits went into 


effect in 1991 (see Bibliography). It 
replaced a 1982 American National 
Standards Institute guideline that permit- 
ted somewhat higher exposure levels. 
ANSI-recommended exposure limits 
before 1982 were higher still. 

This new IEEE guideline recommends 
frequency-dependent and time-dependent 
maximum permissible exposure levels. 
Unlike earlier versions of the standard, the 
1991 standard recommends different RF 
exposure limits in controlled environ- 
ments (that is, where energy levels can be 
accurately determined and everyone on 
the premises is aware of the presence of 
EM fields) and in uncontrolled environ- 
ments (where energy levels are not known 
or where some persons present may not be 
aware of the EM fields). 

The graph in Fig 9.8 depicts the new 
IEEE standard. It is necessarily a complex 
graph because the standards differ not 
only for controlled and uncontrolled envi- 
ronments but also for electric fields 
(E fields) and magnetic fields (H fields). 
Basically, the lowest E-field exposure 
limits occur at frequencies between 30 
and 300 MHz. The lowest H-field expo- 
sure levels occur at 100-300 MHz. The 
ANSI standard sets the maximum E-field 
limits between 30 and 300 MHz at a power 
density of 1 mW/cm? (61.4 V/m) in con- 
trolled environments—but at one-fifth 
that level (0.2 mW/cm? or 27.5 V/m) in 
uncontrolled environments. The H-field 
limit drops to 1 mW/cm? (0.163 A/m) at 
100-300 MHz in controlled environments 
and 0.2 mW/cm? (0.0728 A/m) in uncon- 
trolled environments. Higher power den- 


sities are permitted at frequencies below 
30 MHz (below 100 MHz for H fields) and 
above 300 MHz, based on the concept that 
the body will not be resonant at those fre- 
quencies and will therefore absorb less 
energy. 

In general, the IEEE guideline requires 
averaging the power level over time 
periods ranging from 6 to 30 minutes for 
power-density calculations, depending on 
the frequency and other variables. The 
ANSI exposure limits for uncontrolled 
environments are lower than those for 
controlled environments, but to com- 
pensate for that the guideline allows ex- 
posure levels in those environments to be 
averaged over much longer time periods 
(generally 30 minutes). This long averag- 
ing time means that an intermittently 
operating RF source (such as an Amateur 
Radio transmitter) will show a much lower 
power density than a continuous-duty 
station. for a given power level and 
antenna configuration. 

Time averaging is based on the concept 
that the human body can withstand a 
greater rate of body heating (and thus, a 
higher level of RF energy) for a short time 
than for a longer period. However, time 
averaging may not be appropriate in con- 
siderations of nonthermal effects of RF 
energy. 

The IEEE guideline excludes any trans- 
mitter with an output below 7 W because 
such low-power transmitters would not 
be able to produce significant whole-body 
heating. (However, recent studies show 
that hand-held transceivers often pro- 
duce power densities in excess of the 
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Fig 9.8—1991 RF protection guidelines for body exposure of humans. It is known officially as the “IEEE Standard for Safety 
Levels with Respect to Human Exposure to Radio Frequency Electromagnetic Fields, 3 kHz to 300 GHz." 
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IEEE standard within the head.) 

There is disagreement within the scien- 
tific community about these RF exposure 
guidelines. The IEEE guideline is still in- 
tended primarily to deal with thermal ef- 


fects, not exposure to energy at lower lev- ' 
els. A growing number of researchers now . 


believe athermal effects should also be 
taken into consideration. Several Euro- 
pean countries and localities in the United 
States have adopted stricter standards than 
the recently updated IEEE standard. 
Another national. body in the United 
States, the National Council for Radiation 
Protection and Measurement (NCRP), has 
also adopted recommended exposure 
: guidelines. NCRP urges a limit of 0.2 mW/ 
cm? for nonoccupational exposure in 
the 30-300 MHz range. The NCRP guide- 
line differs from IEEE in two notable 


ways: It takes into account the effects of - 


modulation on an RF carrier, and it does 
not exempt transmitters with outputs 
below 7 W. 


Low-Frequency Fields 


Recently, much concern about EMR has 
focused on low-frequency energy rather 
than RF. Amateur Radio equipment can be 
a significant source of low-frequency 
magnetic fields, although there are many 
other sources of this kind of energy in the 

_ typical home. Magnetic fields can be mea- 
sured relatively accurately with inexpen- 


sive 60-Hz dosimeters that are made by 


several manufacturers. 
Table 9.1 shows typical magnetic field 


intensities of Amateur Radio equipment : 


and various household items. Because 
these fields dissipate rapidly with dis- 
tance, "prudent avoidance" would mean 
staying perhaps 12 to'18 inches away from 
most Amateur Radio equipment (and 
24 inches from power supplies with 


. 1-kW RF amplifiers) whenever the ac. 


power is turned on. The old custom of 
leaning over a linear amplifier on a cold 
. winter night to keep warm may not be the 
best idea! | 

There are currently no national stan- 
dards for exposure to low-frequency 
fields. However, epidemiological evi- 
dence suggests that when the general level 
of 60-Hz fields exceeds 2 milligauss, 
there is an increased cancer risk in both 


domestic environments and industrial en- . 


vironments. Typical home environments 
(not close to appliances or power lines) 
are in the range of 0.1-0.5 milligauss. 


Determining RF Power Density 


Unfortunately, determining the power - 


density of the RF fields generated by an 
amateur station is not as simple as measur- 
ing low-frequency magnetic fields. Al- 


` though sophisticated instruments can be 


used to measure RF power densities quite 
accurately, they are costly and require fre- 


quent recalibration. Most amateurs don't . 


have access to such equipment, and the 
inexpensive field-strength meters that we 
do have are not suitable for measuring RF 


- power density. The best we can usually do 


is to estimate our own RF power density 


based on measurements made by others : 


or, given sufficient computer program- 
ming Skills, use computer modeling 
techniques. 

Table 9.2 shows a sampling of measure- 
ments made at Amateur Radio stations by 
the Federal Communications Commission 


and the Environmental Protection Agency. 


in 1990. As this table indicates, a good 
antenna well removed from inhabited 


_ Table 9.1 


areas poses no hazard under any of the 
various exposure guidelines. However, the 
FCC/EPA survey also indicates that ama- _ 
‘teurs must be careful about using indoor 
or attic-mounted antennas, mobile anten- — 
nas, low directional .arrays or any other 
antenna that is close to inhabited areas, 
especially when moderate to high power 
is used. 

Ideally, before using any antenna that is 
in close proximity to an inhabited area, 
you should measure the RF power density. 
If that is not feasible, the next best option. 
is make the installation as safe as possible . 
by observing the safety suggestions listed 
in Table 9.3. 

It is also possible, of course, to calcu- 
late the probable power density near an 
antenna using simple equations. However, 


Typical 60-Hz Magnetic Fields Near Amateur Radio Equipment and 


AC-Powered Household Appliances 
Values are in milligauss. 


Item Field ` Distance 
Electric blanket 30-90 `- Surface 
Microwave oven 10-100 Surface 
: 1-10 12” 
IBM personal computer . 5-10 Atop monitor 
0-1 15" from screen 

Electric drill: 500-2000 At handle 
Hair dryer _ 200-2000 At handle 
HF transceiver 10-100 Atop cabinet 

. 1-5 15” from front 
1-kW RF amplifier 80-1000 . A cabinet 

* 1-25 15" from front 


(Source: measurements made by members of the ARRL Bio Effects Committee) 


X 


Table 9.2 


Typical RF Field Strengths Near Amateur Radio Antennas 
A sampling of values as measured by the Federal Communications Commission and 


Environmental Protection Agency, 1990 


Freq ` Power E Field | 
Antenna Туре (MHz) (W) (V/m) Location 
Dipole in attic 14.15 100 ' 7-100 In home 
Discone in attic 146.5 250 ' 10-27 In home 
Half sloper 21.5 1000 50 1 m from base 
Dipole at 7-13 ft 7.14 120 8-150 . 1-2. m from earth 
: Vertical 38. 800 180 ^. 0.5 m from base 
5-element Yagi at 60 ft 21.2 1000 10-20 In shack 
` 14 ^; 12 m from base 
3-element Yagi at 25 ft 28.5 425 8-12. 12 m from base 
Inverted V at 22-46 ft ` 7.23: 1400 5-27 Below antenna 
Vertical on.roof : 14.11: 140 6-9 In house 
` 35-100 At antenna tuner . 
Whip on auto roof 146.5 . 100 22-75 2 m from antenna 
15-30 in vehicle 
gs - 90 Rear seat 
` 5-element Yagi at 20 ft 50.1 500 37-50 10 m from antenna 
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such calculations have many pitfalls. For 
one, most of the situations in which the 
power density would be high enough to be 
of concern are in the near field—an area 
roughly bounded by several wavelengths 
of the antenna. In the near field, ground 
interactions and other variables produce 
power densities that cannot be determined 
by simple arithmetic. 

Computer antenna-modeling programs 
such as MININEC or other codes derived 
from NEC (Numerical Electromagnetics 
Code) are suitable for estimating RF mag- 
netic and electric fields around amateur 


antenna systems. (See the Propagation 
chapter for more information about 
MININEC.) And yet, these too have limi- 
tations. Ground interactions must be con- 
sidered in estimating near-field power 
densities. Also, computer modeling is not 
sophisticated enough to predict “hot 
spots” in the near field—places where the 
field intensity may be far higher than 
would be expected. 

Intensely elevated but localized fields 
often can be detected by professional mea- 
suring instruments. These “hot spots” are 
often found near wiring in the shack and 


Table 9.3 
RF Awareness Guidelines 


These guidelines were developed by the ARRL Bio Effects Committee, based on the 
FCC/EPA measurements of Table 9.2 and other data. 


• Although antennas on towers (well away from people) pose no exposure problem, 
make certain that the RF radiation is confined to the antennas' radiating elements 
themselves. Provide a single, good station ground (earth), and eliminate radiation 
from transmission lines. Use good coaxial cable, not open-wire lines or end-fed 
antennas that come directly into the transmitter area. 


* No person should ever be near any transmitting antenna while it is in use. This is 
especially true for mobile or ground-mounted vertical antennas. Avoid transmitting 
with more than 25 W in a VHF mobile installation unless it is possible to first measure 
the RF fields inside the vehicle. At the 1-kW level, both HF and VHF directional 
antennas should be at least 35 ft above inhabited areas. Avoid using indoor and attic- 


mounted antennas if at all possible. 


* Don't operate high-power amplifiers with the covers removed, especially at VHF/UHF. 


* [n the UHF/SHF region, never look into the open end of an activated length of 
waveguide or point it toward anyone. Never point a high-gain, narrow-bandwidth 
antenna (a paraboloid, for instance) toward people. Use caution in aiming an EME 
(moonbounce) array toward the horizon; EME arrays may deliver an effective radiated 


power of 250,000 W or more. 


* With hand-held transceivers, keep the antenna away from your head and use the 
lowest power possible to maintain communications. Use a separate microphone and 
hold the rig as far away from you as possible. 


* Don't work on antennas that have RF power applied. 


• Don't stand or sit close to a power supply or linear amplifier when the ac power is 
turned on. Stay at least 24 inches away from power transformers, electrical fans and 
other sources of high-level 60-Hz magnetic fields. 


Other Hazards in the Ham Shack 


CHEMICALS 
We can’t seem to live without the use of 

chemicals, even in the electronics age. A 

number of substances are used everyday 

by amateurs without causing ill effects. A 

sensible approach is to become knowl- 

edgeable of the hazards associated with 
the chemicals we use in our shack and then 
treat them with respect. 

A few key suggestions: 

* Read the information that accompanies 
the chemical and follow the manu- 
facturer's recommended safety prac- 
tices. If you would like more informa- 
tion than is printed on the label, ask for 
a material safety data sheet. 
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* Store chemicals properly away from 
sunlight and sources of heat. Provide 
security so they won't fall off the shelf. 
Secure them so that children and un- 
trained persons will not gain access. 

* Always keep containers labeled so there 
is no confusion about the contents. Use 
the container in which the chemical was 
purchased. 

* Handle chemicals carefully to avoid 
spills. 

* Clean up any spills or leaks promptly but 
don'toverexpose yourself in the process. 
Dispose of chemicals in accordance with 
local and/or state regulations—7ot in the 
sink or storm sewer! Your city waste 


metal objects such as antenna masts or 
equipment cabinets. But even with the best 
instrumentation, these measurements may 
also be misleading in the near field. 

One need not make precise measure- 
ments or model the exact antenna system, 
however, to develop some idea of the rela- 
tive fields around an antenna. Computer 
modeling using close approximations of 
the geometry and power input of the an- 
tenna will generally suffice. Those who 
are familiar with MININEC can estimate 
their power densities by computer model- 
ing, and those who have access to profes- 
sional power-density meters can make 
useful measurements. 

While our primary concern is ordinarily 
the intensity of the signal radiated by an 
antenna, we should also remember that 
there are other potential energy sources to 
be considered. You can also be exposed to 
RF radiation directly from a power ampli- 
fier if itis operated without proper shield- 
ing. Transmission lines may also radiate a 
significant amount of energy under some 
conditions. 


FURTHER RF EXPOSURE 
SUGGESTIONS 


Potential exposure situations should be 
taken seriously. Based on the FCC/EPA 
measurements and other data, the "RF 
awareness" guidelines of Table 9.3 were 
developed by the ARRL Bio Effects 
Committee. A longer version of these 
guidelines, along with a complete list of 
references, appeared in a QST article by 
Ivan Shulman, MD, WC2S (see Bibliog- 
raphy). 

In addition, QST carries information re- 
garding the latest developments for RF 
safety precautions and regulations at the 
local and federal levels. 


plant operator or fire department can ex- 
plain disposal procedures in your com- 
munity. The best solution is to use all of 
the chemical if at all possible. Buy only 
the amount you will need. 

* Always use recommended personal pro- 
tective equipment (such as gloves, face 
shield, splash goggles and aprons). 

e If corrosives (acids or caustics) are 
splashed on you immediately rinse with 
cold water for a minimum of 15 minutes 
to flush the skin thoroughly. If splashed 
inthe eyes, directa gentle stream of cold 
water into the eyes for at least 15 min- 
utes. Gently lift the eyelids so trapped 
liquids can be flushed completely. Start 


flushing before removing contaminated 

clothing. Seek professional medical as- 

sistance. It is unwise to work alone since 
people splashed with chemicals need the 
calm influence of another person. 

* Food and chemicals don’t mix. Keep 
food, drinks and cigarettes away from 
areas where chemicals are used and 
don’t bring your chemicals to places 
where you eat. 

Table 9.4 summarizes the uses and 
hazards of chemicals used in the ham 
shack. It includes preventive measures 
that can minimize risk. 


ERGONOMICS 


Ergonomics is a term that loosely means 
“fitting the work to the person.” If tools 


Table 9.4 


and equipment are designed about what 
people can accommodate, the results will 
be much more satisfactory. For example, 
in the 1930s research was done in tele- 
phone equipment manufacturing plants 
because use of long-nosed pliers for wir- 
ing switchboards required considerable 
force at the end of the hand’s range of 
motion. A simple tool redesign resolved 
this issue. Considerable attention has been 
focused on ergonomics in recent years 
because we have come to realize that long 
periods of time spent in unnatural positions 
can lead to repetitive-motion illness. Much 
of this attention has been focused on people 
whose job tasks have required them to 
operate video display terminals (VDTs). 
While most Amateur Radio operators do 


Properties and Hazards of Chemicals often used in the Shack or Workshop 


Generic Chemical Name 
Lead-tin solder 


Isopropyl alcohol Flux remover 


Freons 


Phenols 
Beryllium oxide 


Beryllium metal 


Purpose or Use 
Bonding electrical components 


Circuit cooling and general solvent 


Enameled wire stripper 


Ceramic insulator which 
can conduct heat well 


Lightweight metal, 


Hazards 
eLead exposure 


(mostly from hand contact) 
*Flux exposure (inhalation) 


*Dermatitis (skin rash) 
*Vapor inhalation 


*Fire hazard 


*Vapor inhalation 
*Dermatitis 


Strong skin corrosive 


Toxic when in fine dust 
form and inhaled 


often alloyed with copper. 


Various paints Finishing 


Ferric chloride 


Ammonium persulphate 
and mercuric chloride 


Epoxy resins 


Sulfuric acid 


*Exposures to solvents 


Same as beryllium oxide 


not devote as much time to their hobby as 
they might in a full-time job, it does make 
sense to consider comfort and flexibility 
when choosing furniture and arranging it 
in the shack or workshop. Adjustable 
height chairs are available with air cylin- 
ders to serve as a shock absorber. Foot- 
rests might come in handy if the chair is so 
high that your feet cannot support your 
lower leg weight. The height of tables and 
keyboards often is not adjustable. 
Placement of VDT screens should take 
into consideration the reflected light com- 
ing from windows. It is always wise to 
build into your sitting sessions time to 
walk around and stimulate blood circula- 
tion. Your muscles are less likely to 
stiffen, while the flexibility in your joints 


Ways to Minimize Risks 

*Always wash hands after soldering or 
touching solder. 

*Use good ventilation. 


*Wear molded gloves suitable for 
solvents. 

*Use good ventilation and avoid aerosol 
generation. 

*Use good ventilation, limit use to small 
amounts, keep ignition sources away, 
dispose of rags only in tightly sealed 
metal cans. | 


*Use adequate ventilation. 
*Wear molded gloves suitable for 
Solvents. 


Avoid skin contact; wear suitable 
molded gloves. 


Avoid grinding, sawing or reducing to 
dust form. 

Avoid grinding, sawing, welding, or 
reducing to dust. Contact supplier for 
special procedures. 


«Adequate ventilation; use respirator 
when spraying. 


Printed circuit board etchant 


Printed circuit board etchants 


General purpose cement or paint 


Electrolyte in lead-acid batteries 


*Exposures to sensitizers 
(especially urethane paint) 
*Exposure to toxic metals 
(lead, cadmium, chrome, 
and so on) in pigments 
*Fire hazard (especially 
when spray painting) 


Skin and eye contact 


Skin and eye contact 


Dermatitis and possible 
sensitizer 


*Strong corrosive when 
on skin or eyes. 

*Will release hydrogen 
when charging (fire, 
explosion hazard). 


*Adequate ventilation and use respira- 
tor. Contact supplier for more info. 
*Adequate ventilation and use respira- 
tor. Contact supplier for more info. 


*Adequate ventilation; control of 
residues; eliminate ignition sources. 


Use suitable containers; wear splash 
goggles and molded gloves suitable for 
acids. 


Use suitable containers; wear splash 
goggles and molded gloves suitable for 
acids. 


Avoid skin contact. Mix only amount 
needed. 


Always wear splash goggles and 
molded plastic gloves (PVC) when 
handling. Keep ignition sources away 
from battery when charging. Provide 
adequate ventilation. 
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can be enhanced by moving around. 
Selection of hand tools is another area 
where there are choices to make that may 
affect how comfortable you will be while 
working in your shack. Look for screw- 
drivers with pliable grips. Take into ac- 
count how heavy things are before picking 
them up—your back will thank you. 


ENERGIZED CIRCUITS 


Working with energized circuits can be 
very hazardous since our senses cannot 
directly detect dangerous voltages. The 
first thing we should ask ourselves when 
faced with troubleshooting, aligning or 
other “live” procedures is, “Is there a way 
to reduce the hazard of electrical shock? 
Here are some ways of doing just that. 

1. If at all possible, troubleshoot with 
an ohmmeter. With a reliable schematic 
diagram and careful consideration of how 
various circuit conditions may reflect re- 
sistance readings, it will often be unneces- 
sary to do live testing. 

2. Keep a fair distance from energized 
circuits. What is considered “good prac- 
tice” in terms of distance? The National 
Electrical Code specifies minimum work- 
ing space about electric equipment in 
Sections 110-16 and 110-34, depending 
on the voltage level. The principle here is 
that a person doing live work needs ad- 
equate space so they are not forced to be 
dangerously close to energized equipment. 

3. If you need to measure the voltage of 
a circuit, install the voltmeter with the 
power safely off, back up, and only then 
energize the circuit. Remove the power be- 
fore disconnecting the meter. 

4. If you are building equipment that has 
hinged or easily removable covers that 
could expose someone to an energized cir- 
cuit, install interlock switches that safely 
remove power in the event that the enclo- 
sure was opened with the power still on. 
Interlock switches are generally not used 
if tools are required to open the enclosure. 

5. Never assume that a circuit is at zero 
potential even if the power is switched off 
and the power cable disconnected. Capaci- 
tors can retain a charge for a considerable 
period of time. Bleeder resistors should be 
installed, but don’t assume they have bled 
off the voltage. Instead, after power is re- 
moved and disconnected use a “shorting 
stick” to ground all exposed conductors 
and ensure that voltage is not present. 
Avoid using screwdrivers, as this brings 
the amateur too close to the circuit and 
could ruin the screwdriver’s blade. 

6. If you must hold a probe to take a 
measurement, always keep one hand in 
your pocket. As mentioned in the sidebar 
on the effects of high voltages, the worst 
path current could take through your body 
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High-Voltage Hazards 


What happens when someone receives an electrical shock? 

Electrocutions (fatal electric shocks) usually are caused by the heart 
ceasing to beat in its normal rhythm. This condition, called ventricular 
fibrillation, causes the heart muscles to quiver and stop working in a 
coordinated pattern, in turn preventing the heart from pumping blood. 

The current flow that results in ventricular fibrillation varies between 
individuals but may be in the range of 100 mA to 500 mA. At higher current 
levels the heart may have less tendency to fibrillate but serious damage 
would be expected. Studies have shown 60-Hz alternating current to be 
more hazardous than dc currents. Emphasis is placed on application of 
cardiopulmonary resuscitation (CPR), as this technique can provide 
mechanical flow of some blood until paramedics can “restart” the heart’s 
normal beating pattern. Defibrillators actually apply a carefully controlled dc 
voltage to "shock" the heart back into a normal heartbeat. It doesn't always 
work but it's the best procedure available. 

What are the most important factors associated with severe shocks? 
You may have heard that the current that flows through the body is the 
most important factor, and this is generally true. The path that current takes 
through the body affects the outcome to a large degree. While simple 
application of Ohm's Law tells us that the higher the voltage applied with a 
fixed resistance, the greater the current that will flow. Most electrical shocks 
involve skin contact. Skin, with its layer of dead cells and often fatty tissues, 
is a fair insulator. Nonetheless, as voltage increases the skin will reach a 
point where it breaks down. Then the lowered resistance of deeper tissues 
allows a greater current to flow. This is why electrical codes refer to the 
term "high voltage" as a voltage above 600 V. 


How little a voltage can be lethal? 


This depends entirely on the resistance of the two contact points in the 
circuit, the internal resistance of the body, and the path the current travels 
through the body. Historically, reports of fatal shocks suggest that as little 
as 24 V could be fatal under extremely adverse conditions. To add some 
perspective, one standard used to prevent serious electrical shock in 
hospital operating rooms limits leakage flow from electronic instruments to 
only 50 uA due to the use of electrical devices and related conductors 


inside the patient's body. 


is from hand to hand since the flow would 
pass through the chest cavity. 

7. Make sure someone is in the room 
with you and that they know how to re- 
move the power safely. If they grab you 
with the power still on they will be 
shocked as well. 

8. Testequipment probes and their leads 
must be in very good condition and rated 
for the conditions they will encounter. 

9. Be wary of the hazards of "floating" 
(ungrounded) test equipment. A number 
of options are available to avoid this haz- 
ard. Contact your test equipment manu- 
facturer for suggested procedures. 

10. Ground-fault circuit interrupters 
can offer additional protection for stray 
currents that flow through the ground on 
120-V circuits. Know their limitations. 
They cannot offer protection for the plate 
supply voltages in linear amplifiers, for 
example. 

11. Older radio equipment containing 
ac/dc power supplies have their own 
hazards. If working on these live, use an 
isolation transformer, as the chassis may 
be connected directly to the hot or neutral 
power conductor. 


12. Be aware of electrolytic capacitors 
that might fail if used outside their in- 
tended applications. 

13. Replace fuses only with those hav- 
ing proper ratings. 


SUMMARY 


The ideas presented in this chapter are 
intended to reinforce the concept that ham 
radio, like many other activities in modern 
life, does have certain risks. But by under- 
standing the hazards and how to deal 
effectively with them, the risk can be 
minimized. Common-sense measures can 
goalong way to help us prevent accidents. 
Traditionally, amateurs are inventors and 
experimenting is a major part of our 
nature. But reckless chance-taking is 
never wise, especially when our health and 
well-being is involved. A healthy attitude 
toward doing things the right way will help 
us meet our goals and expectations. 
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Compone 


hen is an inductor not an induc- 
tor? When it’s a capacitor! This 

P statement may seem odd, but it 
suggests the main message of this chapter. 
In the earlier chapters about DC and AC 
Theory, the basic components of elec- 
tronic circuits were introduced. You saw 
that each has its own unique function to 
perform. For example, a capacitor stores 
energy in an electric field, a diode recti- 
fies current and a battery provides volt- 
age. Allofthese unique and different func- 
tions are necessary in order to build large 
circuits that perform useful tasks. The first 
part of this chapter, up to Low-Frequency 
Transistor Models, was written by 
Leonard Kay, KB2R. 

As you may know from experience, 
these component pictures are ideal. That 
is, they are perfect mathematical pictures. 
An ideal component (or element) by defi- 
nition behaves exactly like the mathemati- 
cal equations that describe it, and only in 
that fashion. For example, an ideal capaci- 
tor passes a current that is equal to the ca- 
pacitance C times the rate of change of the 
voltage across it. Period, end of sentence. 

We call any other exhibited behavior 
either nonideal, nonlinear or parasitic. 
Nonideal behavior is a general term that 
covers any deviation from the theoretical 
picture. Ideal circuit elements are often 
linear: The graphs of their current versus 
voltage characteristics are straight lines 
when plotted on a suitable (Cartesian, rect- 
angular) set of axes. We therefore call 
deviation from this behavior nonlinear: 


For example, as current through a resistor ; 


exceeds its power rating, the resistor heats 


Т 


up and its resistance changes. As а result, 
a graph of current versus voltage is no 
longer a straight line. 

When a component begins to exhibit 
properties of a different component, as 
when a capacitor allows a dc current to pass 
through it, we call this behavior parasitic. 
Nonlinear and parasitic behavior are both 
examples of nonideal behavior. 

Much to the bane of experimenters and 
design engineers, ideal components exist 
only in electronics textbooks and com- 
puter programs. Real components, the 
ones we use, only approximate ideal com- 
ponents (albeit very closely in most cases). 

Real diodes store minuscule energy in 
electric fields (junction capacitance) and 
magnetic fields (lead inductance); real 
capacitors conduct some dc (modeled by a 
parallel resistance), and real battery volt- 
age is not perfectly constant (it may even 
decrease nonlinearly during discharge). 

Knowing to what extent and under what 
conditions real components cease to be- 
have like their ideal counterparts, and 
what can be done to account for these 
behaviors, is the subject of component or 
circuit modeling. In this chapter, we will 
explore how and why the real components 
behave differently from ideal compo- 
nents, how we can account those differ- 
ences when analyzing circuits, how to 
select components to minimize, or ex- 
ploit, nonideal behaviors and give a brief 
introduction to computer-aided circuit 
modeling. 

Much of this chapter may seem intui- 
tive. Forexample, you probably know that 
#20 hookup wire works just fine for 
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wiring many experimental circuits. When 
testing a circuit after construction, you 
probably don’t even think about the 
voltage drops across those pieces of wire 
(you inherently assume that they have 
zero resistance). But, connect that same 
#20 wire directly across a car battery— 
with no other series resistance—and sud- 
denly, the resistance of the wire does 
matter, and it changes—as the wire heats, 
melts and breaks—from a very small value 
to infinity! 


LUMPED VS 
DISTRIBUTED 
ELEMENTS 


Most electronic circuits that we use ev- 
eryday are inherently and mathematically 
considered to be composed of lumped el- 
ements. That is, we assume each compo- 
nent acts at a single point in space, and the 
wires that connect these lumped elements 
are assumed to be perfect conductors (with 
zero resistance and insignificant length). 
This concept is illustrated in Fig 10.1. 
These assumptions are perfectly reason- 
able for many applications, but they have 
limits. Lumped element models break 
down when: 


* Circuit impedance is so low that the 
small, but non-zero, resistance in the 
wires is important. (A significant por- 
tion of the circuit power may be lost to 
heat in the conductors.) 

* Operating frequency (fg) is high enough 
that the length of the connecting wires is 
asignificant fraction (> 0.1) of the wave- 
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Fig 10.1—The lumped element concept. 
Ideally, the circuit at A is assumed to 
be as shown at B, where the 
components are isolated points 
connected by perfect conductors. Many 
components exhibit nonideal behavior 
when these assumptions no longer 
hold. 


length. (Radiation from the conductors 
may be significant.) 

* When transmission lines are used as con- 
ductors. (Their characteristic impedance 
is usually significant, and impedances 
connected to them are transformed as a 
function of the line length. See the 
Transmission Lines chapter for more 
information.) 


Effects such as these are called distrib- 
uted, and we talk of distributed elements 
or effects to contrast them to lumped 
elements. 

To illustrate the differences between 
lumped and distributed elements, consider 
the two resistors in Fig 10.2, which are 
both 12 inches long. The resistor at A is a 
uniform rod of carbon—a battery anode, 
for example. The second “resistor” B is 
made of two 6-inch pieces of silver rod (or 
other highly conductive material), with a 
small resistor soldered between them. 
Now imagine connecting the two probes 
of an ohmmeter to each of the two re- 
sistors, as in the figure. Starting with the 
probes at the far ends, as we slide the 
probes toward the center, the carbon rod 
will display a constantly decreasing resis- 
tance on the ohmmeter. This represents a 
distributed resistance. On the other hand, 
the ohmmeter connected to the other 
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Fig 10.2—A, distributed and B, lumped 
resistances. See text for discussion. 


Fig 10.3—The effects of distributed 
resistance on the phase of a sinusoidal 
current. There is no phase delay 
between ends of a lumped element. 


12-inch “resistor” will display a constant 
resistance as long as one probe remains on 
each side of the small resistance. (Oh yes, 
as long as we neglect the resistance of the 
silver rods!) This represents a lumped re- 
sistance connected by perfect conductors. 

Lumped elements also have the very 


desirable property that they introduce no 
phase shift resulting from propagation 
delay through the element. (Although 
combinations of lumped elements can pro- 
duce phase shifts by virtue of their R, L 
and C properties.) Consider a lumped ele- 
ment that is carrying a sinusoidal current, 
as in Fig 10.3A. Since the element has 
negligible length, there is no phase differ- 
ence in the current between the two sides 
of the element—no matter how high the 
frequency—precisely because the element 
length is negligible. If the physical length 
of the element were long, say 0.25 A as 
shown in Fig 10.3B, the current phase 
would not be the same from end to end. In 
this instance, the current is delayed 90 
electrical degrees. The amount of phase 
difference depends on the circuit's elec- 
trical length. 

Because the relationship between the 
physical size of a circuit and the wave- 
length of an ac current present in the cir- 
cuit will vary as the frequency of the ac 
signal varies, the ideas of lumped and dis- 
tributed effects actually occupy two ends 
ofaspectrum. At HF (30 MHz and below), 
where A 2 10 m, the lumped element con- 
cept is almost always valid. In the UHF 
region and above, where А < 1 m and 
physical component size can represent a 
significant fraction of a wavelength, 
everything shows distributed effects to 
one degree or another. From roughly 30 to 
300 MHz, problems are usually examined 
on a case-by-case basis. 

Of course, if we could make resistors, 
capacitors, inductors and so on, very 
small, we could treat them as lumped ele- 
ments at much higher frequencies. 

Thanks to the advances constantly be- 
ing made in microelectronic circuit fabri- 
cation, this is in fact possible. Commer- 
cial monolithic microwave integrated 
circuits (MMICs) in the early 1990s often 
use lumped elements that are valid up to 
50 GHz. Since this frequency represents a 
wavelength of roughly 5 mm, this implies 
a component size of less than 0.5 mm. 


LOW-FREQUENCY 
COMPONENT MODELS 


Every circuit element behaves nonideally 
in some respect and under some con- 
ditions. It helps to know the most common 
types of nonideal behavior so we can 
design and build circuits that will perform 
as intended under expected ranges of 
operating conditions. In the sections be- 
low, we will discuss the basic components 
in order of increasing common nonideal 
behavior. Please note that much of this 
section applies only through HF; the pecu- 


liarities of VHF frequencies and above are 
discussed later in the chapter. | 

First, remember that some of the com- 

"mon limitations associated with real 
components are manufacturing concerns: 
tolerance and standard values. Tolerance 
is the measure of how much the actual 
value of a component may differ from its 
labeled value; it is usually expressed in 
percent. By convention, a "higher" (actu- 
ally closer) tolerance component indicates 
a lower (lesser) percentage deviation and 
will usually cost more. For example, a 
1-kQ resistor with a 5% tolerance has an 
actual resistance of anywhere from 950 to 
1050 Q. When designing circuits be care- 
fulto include the effects of tolerance. More 
specific examples will be discussed below. 

Keep standard values in mind because 
not every conceivable component value is 
available. For instance, if circuit calcu- 
lations yield a 4,932-Q resistor for a de- 
manding application, there may be 
trouble. The nearest commonly available 
values are 4700 Q and 5600 Q, and they'll 
be rated at 5% tolerance! 

These two constraints prevent us from 
building circuits that do precisely what we 
wish. In fact, the measured performance 
of any circuit is the summation of the tol- 
erances and temperature characteristics of 
all the components in both the circuit 
under test and the test equipment itself. As 
a result, most circuits are designed to 
operate within tolerances such as *up to a 
certain power" or “within this frequency 
range." Some circuits have one or more 
'adjustable components that can compen- 

‚ sate for variations in others. These limita- 
tions are then further complicated by other 
problems. `` 


RESISTORS 


Resistors are made in several different 
ways: carbon composition, carbon film, 
metal film, and wire wound. Carbon com- 
position resistors are simply small cylin- 
ders of carbon mixed with various binding 
agents. Carbon is technically a semi- 
conductor and can be doped with various 
impurities to produce any desired re- 
sistance. Most common everyday !/2- and 
!/4-W resistors are of this sort. They are 
moderately stable from 0 to 60 ?C (their 
resistance increases above and below this 
temperature range). They are not induc- 
tive, but they are relatively noisy, and have 
relatively wide tolerances. | 

The other resistors exploit the fact that 
resistance is proportional to the length of 
the resistor and inversely proportional to 
its cross-sectional area: 

Wire-wound resistors are made from 
wire, which is cut to the proper length and 
wound on a coil form (usually ceramic). . 


They are capable of handling high power; 


their values are very stable, and they are 
manufactured to close tolerances. 
Metal-film resistors are made by depos- 
iting a thin film of aluminum, tungsten or 
other metal on an insulating substrate. 
Their resistances are controlled by careful 
adjustments of the width, length and depth 
of the film. As a result, they have very 
close tolerances. They are used exten- 
sively in surface-mount technology. As 
might be expected, their power handling 
capability is somewhat limited. They also 
produce very little electrical noise. 
Carbon film resistors use a film of 
doped carbon instead of metal. They are 
not quite as stable as other film resistors 


and have wider tolerances than metal-film . 


resistors, but they are still as good as (or 
better than) composition resistors. 

Resistors behave much like their ideal 
through AF; lead inductance becomes a 
problem only at higher frequencies. The 
major departure from ideal behavior is 
their temperature coefficient (TC). The re- 
sistivity. of most materials changes with 
temperature, and typical TC values for re- 
sistor materials are given in Table 10.1. 
TC values are usually expressed in parts- 
per-million (PPM) for each degree (centi- 
grade) change from some nominal tem- 
perature, usually room temperature (77 °F/ 
27 °С). A positive TC indicates an increase 
in resistance with increasing temperature 
while a negative TC indicates a decreas- 
ing resistance. For example, if a 1000-Q 
resistor with a TC of +300 PPM/°C is 
heated to 50?C, the change in resistance is 
300(50 — 27) = 6900 PPM, yielding a new 
resistance of 

6900 


1000 |1 + = 1006.9 Q 
1000000 


Carbon-film resistors are unique among 
the major resistor families because they 
alone have a negative temperature coeffi- 
cient. They are often used to "offset" the 
thermal effects of the other components 
(see Thermal Effects, below). 

Ifthe temperature increase is small (less 
than 30-40 °C), the resistance change with 
temperature is nondestructive—the resis- 
tor will return to normal when the tem- 
perature returns to its nominal value. Re- 
sistors that get too hot to touch, however, 
may be permanently damaged even if they 
appear normal. For this reason, be conser- 
vative when specifying power ratings for 
resistors. It's common to specify a resistor 
rated at 200% to 400% of the expected 
dissipation. | 

Wire-wound resistors are essentially 
inductors used as resistors. Their use is 
therefore limited to dc or low-frequency 
ac applications where their reactance is 
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Table 10.1 


Temperature Coefficients for 
Various Resistor Compositions 
1 PPM = 1 part per million = 0.000196 


Type TC (PPM/*C) 
Wire wound +(30 - 50) 
Metal Film +(100 - 200) 
Carbon Film +350 to -800 
Carbon composition i800 


negligible. Remember that this inductance 
will also affect switching transient wave- 
forms, even at dc, because the component 
will act as an RL circuit. 

As a rough example, consider a 1-Q, 
5-W wire-wound resistor that is formed 
from #24 wire on a 0.5-inch diam form. 


. Whatisthe approximate associated induc- 


tance? First, we calculate the length of 
wire using the wire tables: 

R 
L = 


О, 
Ж for #24 wire · 


1 
= 2570 
A000 ft 


This yields a total of (39 x 12 inches) / 
(0.5 л inch/turn) = 298 turns, which fur- 
ther yields a coil length (for 824 wire 
close- wound at 46.9 turns per inch) of 6.3 
inches, assuming a single-layer winding. 
Then, from the inductance formula for air 
coils in the AC Theory chapter, calculate 


(0.5)? x 298? 
18 x 0.5 + 40 x 63 


Real wire-wound resistors have mul- 
tiple windings layered over each other to 
minimize both size and parasitic induc- 
tance (by winding each layer in opposite 
directions, much of the inductance is can- 
celed). If we assume a five-layer winding, 


= 39 ft 


L= = 85uH 


` the length is reduced to 1.8 inches and the 


inductance to approximately 17 uH. If we 
want the inductive reactance to stay below 
10% of the resistor value, then this resistor 
cannot be used above f = 0.1 / (2 n 17 uH) 
= 937 Hz, or roughly 1 kHz. 


`, Another exception to the rule that resis- 


tors are, in general, fairly ideal has to do 

with skin effect at RF. This will be dis- 

cussed later in the chapter. Fig 10.4 shows : 
some more accurate circuit models for 

resistors at low frequencies. For a treat- 

ment of pure resistance theory, look at the 

DC Theory chapter. 


VOLTAGE AND CURRENT 
SOURCES 


An ideal voltage source maintains a 
constant voltage across its terminals no 
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Ro*A(T-Tg) 


(B) 


Fig 10.4—Circuit models for resistors. 
A is the ideal element. At B is the 
simple temperature-varying model for 
noninductive resistors. The wire-wound 
model with associated inductance is 
shown at C. For UHF or microwave 
designs, the model at C could be used 
with L representing lead inductance. 


matter how much current is drawn. Conse- 
quently, it is capable of providing infinite 
power, for an infinite period of time. Simi- 
larly, an ideal current source provides a 
constant current through its terminals no 
matter what voltage appears across it. It, 
too, can deliver an infinite amount of 
power for an infinite time. 


Internal Resistance 


As you may have learned through expe- 
rience, real voltage and current sources— 
batteries and power supplies—do not meet 
these expectations. All real power sources 
have a finite internal resistance associated 
with them that limits the maximum power 
they can deliver. 

We can model a real dc voltage source 
as a Thevenin-equivalent circuit of an ideal 
source in series with a resistance Күр, that 
is equal to the source's internal resistance. 
Similarly, we can model a real dc current 
source as a Norton-equivalent circuit: an 
ideal current source in parallel with Rey. 
These two circuits shown in Fig 10.5 are 
interchangeable through the relation 


(1) 


Using these more realistic models, the 
maximum current that a real voltage 
source can deliver is seen to be І,„ and the 
maximum voltage is Voc- 

We can model sinusoidal voltage or 
current sources in much the same way, 
keeping in mind that the internal imped- 
ance, Zthey, for such a source may not be 
purely resistive, but may have a reactive 
component that varies with frequency. 


Voc = Ise X Rthev 


Battery Capacity and Discharge 
Curves 


Batteries have a finite energy capacity 
as well as an internal resistance. Because 
of the physical size of most batteries, a 
convenient unit for measuring capacity is 
the milliampere hour (mAh) or, for larger 
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Fig 10.5—Thevenin and Norton equiva- 
lent circuits for real voltage and current 
sources. 


units, the ampere hour (Ah). Note that 
these are units of charge (coulombs per 
second x seconds) and thus they measure 
the total net charge that the battery holds 
on its plates when full. 

A capacity of 1 mAh indicates that a 
battery, when fully charged, holds suffi- 
cient electrochemical energy to supply a 
steady current of 1 mA for 1 hour. If a 
battery discharges at a constant rate, you 
could estimate the useful time of a battery 
charge by the simple formula 


capacity (mAh) 
current (mA) 


Time (hr) = (2) 


In practice, however, the usable capac- 
ity of a rechargeable battery depends on 
the discharge rate, decreasing slightly as 
the current increases. For example, a 
500 mAh nickel-cadmium (NiCd) battery 
may supply a current of 50 mA for almost 
10 hours while maintaining a current of 
500 mA for only 45 minutes. 

The finite capacity of a battery does not 
in itself change the circuit model for a real 
source as shown in Fig 10.5. However, the 
chemistry of electrolytic cells, from which 
batteries are made, does introduce a 
minor, but significant, change. The volt- 
age of a discharging battery does not stay 
constant, but slowly drops as time goes 
on. Fig 10.6 illustrates the discharge curve 
for a typical NiCd rechargeable battery. 
For a given battery design, such curves are 
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Fig 10.6—Discharge curve (terminal 
voltage vs percent capacity remaining) 
for a typical NiCd rechargeable battery. 
Note the dramatic voltage drop near 
the end. 
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Fig 10.7—The ideal parallel-plate 
capacitor. 


fairly reproducible and often used by 
battery-charging circuits to sense when 
a battery is fully charged or discharged. 


CAPACITORS 


The ideal capacitor is a pair of infinitely 
large parallel metal plates separated by an 
insulating or dielectric layer, ideally a 
vacuum (see Fig 10.7). (For a discussion 
of pure capacitance see the AC Theory 
chapter.) For this case, the capacitance is 
given by 


TEM Ає Е, 
а 


(3) 


where 

С = capacitance, in farads 

A = area of plates, cm 

d = spacing of the plates, cm 

g, = dielectric constant of the insulating 

material 

£o = permittivity of free space, 

8.85 x 1014 F/cm. 

If the plates are not infinite, the actual 
capacitance is somewhat higher due to end 
effect This is the same phenomenon that 
causes a dipole to resonate at a lower fre- 
quency if you place large insulators 
(which add capacitance) on the ends. 

If we built such a capacitor, we would 
find that (neglecting the effects of quantum 
mechanics) it would be a perfect open cir- 
cuit at dc, and it could be operated at what- 
ever voltage we desire without breakdown. 


Leakage Conductance and | 
_ Breakdown 


If we use anything other than a vacuum 


for the insulating layer, even air, we intro- - 


duce two problems. Because there are 
atoms between the plates, the capacitor 
will now be able to conduct a dc current. 
The magnitude of this leakage current will 
depend on the insulator quality, ànd the 
. current is usually very small. Leakage 
current can be modeled by a resistance К, 
in parallel with the capacitance (in the 
ideal case, this resistance is infinite). . 

In addition, when a high enough voltage 
is applied to the capácitor, the atoms of the 
dielectric will ionize due to the extremely 
high electric field and cause a large dc 
current to flow. This is dielectric. break- 
down, and it is destructive to the capacitor 
if the dielectric is ruined. To avoid di- 
electric breakdown, a capacitor has a 
working voltage rating, which represents 
the maximum voltage that can be permit- 
' ted to develop across it. 


' 


Dielectrics 


The leakage conductance and break- 
` down voltage characteristics of a capaci- 


tor are strongly dependent on the compo- 


sition and quality of the dielectric. Various 
materials are used for different reasons 
such as availability, cost, and desired ca- 
pacitance range. In rough order of “best” 
to “worst” they are: 

. Vacuum Both: fixed and variable 
vacuum capacitors are available. They are 
rated by their maximum working voltages 
(3to 60 kV) and currents. Losses are speci- 
fied as negligible for most applications. 

Air An air-spaced capacitor provides 
the best commonly available approxima- 
tion to the ideal picture. Since £, = 1 for 


- air, air-dielectric capacitors are large: 


when compared to those of the same value 
using other dielectrics. Their capacitance 
is very stable over а wide temperature 
range, leakage losses are low, and there- 
` fore a high О can be obtained. They also 
can withstand high voltages. For these 
reasons (and ease of construction) most 
variable capacitors in tuning circuits are 
air-spaced. 
. Plastic film Capacitors with’ lestie 
~ film (polystyrene, polyethylene or Mylar) 
dielectrics are more expensive than paper 
capacitors, but have much lower leakage 
rates (even at high temperatures) and low 
TCs. Capacitance values are more stable 
than those of paper capacitors. In other 
respects, they have much the same charac- 
teristics as paper capacitors. Plastic-film 
variable capacitors are available. 

Mica The capacitance of mica capaci- 
tors is very stable with respect to time, 
temperature and electrical stress. Leakage 


and losses arc very low. Values range from 
1 pF to 0.1 uF, with tolerances from 1 to 


20%. High working voltages are possible, . 


but they must be derated severely as oper- 
ating frequency i increases. 


Silver mica capacitors are made bi de- . 


positing a thin layer of silver on the mica 


dielectric. This makes the value even more © 


stable, but it presents the. possibility of 
silver migration through the dielectric. 
The migration problem worsens with 
increased dc voltage, temperature and 


humidity. Avoid using silver-mica capaci- - 


tors under such conditions. 

Ceramic There are two kinds. of 
ceramic capacitors. Those with a low di- 
electric constant are relatively large, but 
very stable and nearly as good as mica ca- 


pacitors at HF. High dielectric constant ce- ' 


ramic capacitors are physically small for 


their capacitance, but their value is not as: 


Stable. Their dielectric properties vary 
with temperature, applied voltage and 
operating frequency. They also exhibit 
piezoelectric behavior. Use them only in 
coupling and bypass roles. Tolerances are 
usually +100% and —20%. Ceramic ca- 
pacitors are available in a wide range of 
values: 10 pF to 1 uF. Some variable units 


‚ are available. : . 
Electrolytic, These capacitors have the ` 
- space between their foil plates filled with 


achemical paste. When voltage i is applied, 
a chemical reaction forms a layer of insu- 
lating material on the foil. 

Electrolytic capacitors are popular be- 
cause they provide high capacitance v- 
alues in small packages at a reasonable 
cost. Leakage is high, as is inductance, and 
they are polarized—there is a, definite 
positive and negative plate, due to the 
chemical reaction that provides the dielec- 
tric. Internal inductance restricts. alumi- 
num-foil electrolytics to low-frequency 
applications. They are available with val- 
ues from 1 to 500,000 uF. . 

Tantalum electrolytic capacitors per- 


form better than aluminum units but their. 
-cost is higher. They are smaller, lighter 


and more stable, with less leakage and 
inductance than their aluminum counter- 
parts. Reformation problems are less fre- 
quent, but working voltages are notas high 
as with aluminum units. | 

_ Electrolytics should not be used if the 


‚ dc potential is well below the capacitor | 


working voltage. 
Paper Paper capacitors are inexpen- 


sive; capacitances from 500 pF to 50 uF A 


are available. High working voltages are 
possible, but paper-dielectric capacitors 
have high leakage rates and tolerances are 
no better than 10 to 20%. Paper-dielectric 
capacitors are not polarized; however, the 
body of the capacitor is usually marked 
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. plane, between Zc = 


А with a color band at one end. The band 


indicates the terminal that is connected to 
the outermost plate of the capacitor. This 
terminal should be connected to the side | 
of the circuit at the lower potential as a 
safety precaution. 


Loss Angle 


For ac signals (even at low frequencies), 
capacitors exhibit an additional parasitic 
resistance that is due to the electromag- 
netic properties of dielectric materials. 
This resistance is often quantified in cata- 
logs as loss angle, Ө, because it represents 
the angle, in the complex impedance 
R+jXc and Xç. This 
angle is usually quite small, and would be 
zero for an ideal capacitor. 

Loss angle is normally specified as 
tan 0 at a certain frequency, which is sim- 
ply the ratio R/Xc. The loss.angle of a 
given capacitor is relatively constant over 


. frequency, which means the effective se- 


ries resistance or ESR = (tan Ө) / (2 n f C) 
goes down as frequency goes up. This re- 


- sistance is placed in series with the ca- 


pacitor becausé it came (mathematically) 
from the equation for Zc above. It can al- 
ways, be converted into a parallel resis- 
tance if desired. To summarize, Figs 10.8 
and 10.9 show à reasonable models for the 
capacitor that áre good up to VHF. 


Temperature Coefficients and 
Tolerances 


As with resistors, capacitor values vary 


. in production, and most capacitors have a 


tolerance rating either printed on them or 
listed on à data sheet. Capacitance varies 
with temperature, and this is important to 
consider when constructing a circuit that 
will carry high power levels or operated in 
ahotenvironment. Also, as just described, 


‘not all capacitors are available in all ranges 


of values due to inherent differences in 
material properties. Typical.values, tem- 
perature coefficients and leakage conduc- 


А 


Fig 10.8—A simple capacitor model for 
frequencies well below self-resonance. 
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Rs 


C RL 


Fig 10.9—A capacitor model for VHF 
and above including series resistance 
and distributed inductance. 


tances for several capacitor types are given 
in Table 10.2. 


DIODES 


An ideal diode acts as a rectifying 
switch—it is a short circuit when forward 
biased and an open circuit when reverse 
biased. Many circuit components can be 
completely described in terms of current- 
voltage (or /-V ) characteristics, and to 
discuss the diode, this approach is espe- 
cially helpful. Fig 10.10A shows the I-V 
curve for an ideal rectifier. 

In contrast, the I-V curve for a semicon- 
ductor diode junction is given by the fol- 
lowing equation (slightly simplified). 


M А 
l=], 639 


where 
I = diode current 
V = diode voltage 
I, = reverse-bias saturation current 
V, = kT/q, the thermal equivalent of 
voltage (about 25 mV at room 
temperature). 


(4) 


This curve is shown in Fig 10.10B. 

The obvious differences between 
Fig 10.10A and B are that the semiconduc- 
tor diode has a finite turn-on voltage—it 
requires a small but nonzero forward bias 
voltage before it begins conducting. Fur- 
thermore, once conducting, the diode volt- 
age continues to increase very slowly with 
increasing current, unlike a true short cir- 
cuit. Finally, when the applied voltage is 
negative, the current is not exactly zero 


10.6 Chapter 10 


Table 10.2 


Typical Temperature Coefficients and Leakage Conductances for Various 


Capacitor Constructions 


Type TC @ 20°C DC Leakage 
(РРМ/С) Сопаисіапсе (О) 

Ceramic Disc +300(NPO) >10M 
+150/-1500(GP) >10M 

Mica —20 to +100 > 100,000 M 

Polyester +500 >10M 

Tantalum Electrolytic +1500 > 10 MQ 

Small Al Electrolytic(= 100 uF) —20,000 500k-1M 

Large Al Electrolytic(= 10 mF) —100,000 10k 

Vacuum (glass) +100 = со 

Vacuum (ceramic) +50 = оо 


Fig 10.10—Circuit models for rectifying switches (diodes). A: I-V curve of the 
ideal rectifier. B: 1-У curve of a typical semiconductor diode. Note the different 
scales for + and - current. C shows a simplified diode l-V curve for dc-circuit 
calculations. D is an equivalent circuit for C. 


but very small (picoamperes). 

For bias (dc) circuit calculations, a use- 
ful model for the diode that takes these 
two effects into account is shown by the 
artificial I-V curve in Fig 10.10C. The 
small reverse bias current I, is assumed to 
be completely negligible. 

When converted into an equivalent cir- 
cuit, the model in Fig 10.10C yields the 
picture in Fig 10.10D. The ideal voltage 
source V, represents the turn-on voltage 


and Rf represents the effective resistance 
caused by the small increase in diode volt- 
age as the diode current increases. The 
turn-on voltage is material-dependent: ap- 
proximately 0.3 V for germanium diodes 
and 0.7 for silicon. Кү is typically on the 
order of 10 Q, but it can vary according to 
the specific component. Кұ can often be 
completely neglected in comparison to the 
other resistances in the circuit. This very 
common simplification leaves only a pure 


voltage drop for the diode model. 


Temperature Bias Dependence 


The reverse saturation current Is is not 


constant but is itself a complicated func- 
tion of temperature. For silicon diodes (and 
transistors) near room temperature, I, in- 
creases by a factor of 2 every 4.8 °C. This 
means that for every 4.8 °C rise in tem- 
perature, either the diode current doubles 
. (if the voltage across it is constant), or if 
the current is held constant by other resis- 
_ tances in the circuit, the diode voltage will 
decrease by У,х1п 2 = 18 mV. For germa- 
nium, the current doubles every 8 ?C and 
for gallium arsenide (GaAs), 3.7 °C. This 
dependence is highly reproducible and 
may actually be exploited to produce tem- 
perature-measuring circuits. 

While the change resulting from a rise 
of several degrees may be tolerable in a 
circuit design, that from 20 or 30 degrees 
may not. Therefore it’s a good idea with 
diodes, just as with other components, to 
specify power ratings conservatively (2 to 
4 times over) to prevent self-heating. 

While component derating does reduce 
self-heating effects, circuits must be de- 
signed for the expected operating environ- 
ment. For example, mobile radios may 
face temperatures from —20° to +140°F 
(-29? to 60°C). 


Junction Capacitance 


Immediately surrounding a PN junction 
is a depletion layer. This is an electrically 
charged region consisting primarily of 


ionized atoms with relatively few elec- ` 


trons and holes (see Fig 10.11). Outside 
the depletion layer are the remainder of 
the P and N regions, which do not con- 
tribute to diode operation but behave 
primarily as parasitic series resistances. 
We сап treat the depletion layer as a tiny 


capacitor consisting of two parallel plates. . 


As the reverse bias applied to a diode 
changes, the width of the depletion layer, 
and therefore the capacitance, also 
changes. There is an additional diffusion 
capacitance that appears under forward 
bias due to electron and hole storage in the 
bulk regions, but we will not discuss this 
here because diodes are usually reverse 
biased when their capacitance is exploited. 


The diode junction capacitance under a · 


reverse bias of V volts is given by 


Cj = Cjo YVon - V (5) 
where С.у = measured capacitance with 
zero applied voltage. - 

Note that the quantity under the radical 
is a large positive quantity for reverse bias. 
As seen from the equation, for large re- 
verse biases Ci is inversely proportional to 
the square root of the voltage. 


Junction capacitances are small, on the 
order of pF. They become important, how- 
ever, for diode circuits at RF, as they can 
affect the resonant frequency. In fact, 
varactors are diodes used for just this 
purpose. 


Reverse Breakdown and Zener 
Diodes f 


If a sufficiently large reverse bias is 
applied to a real diode, the internal elec- 
tric field becomes so strong that electrons 
and holes are ripped from their atoms, and 


a large reverse current begins to flow. This- 


Depletion 


Fig 10.11—A more detailed picture of the 
PN junction, showing depletion layer, 
bulk regions and junction capacitance. . 


Fig 10.12—A simple resistor-diode cir- - 
cuit used to illustrate dynamic resis- 
tance. The ac input voltage "sees" a 


is called breakdown or avalanche. Unless 


the current is so large that the diode fails 
from overheating, breakdown is not de- 
structive and the diode will again behave 
normally when the bias is removed. 
Once a diode breaks down, the voltage 
across it remains relatively constant re- 
gardless of the level of breakdown cur- 
rent. Zener diodes are diodes that are spe- 
cially made to operate in this region with 
a very constant voltage, called the Zener’ 
voltage. They are used primarily as volt- 
age regulators. When operating in this re- 
gion, they can be modeled as a simple 
voltage source. Zener diodes are rated by 
their Zener voltage and power dissipation. 


A Diode AC Model 


Fig 10.12A shows a simple resistor- 
diode circuit to which is applied a dc bias 
voltage plus an ac signal. Assuming that 
the voltage drop across the diode is 0.6 V 
and Ry is negligible, we can calculate 
the bias current to be I = (5 ~ 0.6) /1 КО = 
4.4 mA. This point is marked on the diodes 
I-V curve in Fig 10.12B. If we draw a line 
tangent to this point, as shown, the slope 
of this line represents the dynamic resis- 
tance Ка of the diode seen by a small ac 
signal, which at room temperature can be 
approximated by 
Rg = 2а j (6) 


' where I is the diode current in mA. Note 


that this resistance changes with bias cur- 
rent and should not be confused with the 


` dc forward resistance in the previous sec- 
tion, which has a similar value but repre- 


sents a different concept. Fig 10.13 shows 
a low-frequency ac model for the diode; 
including the dynamic resistance and junc- 
tion capacitance. 


Switching Time 
If you change the polarity of a signal 
applied to the ideal switch whose I-V 


Fig 10.13—An ac model for diodes. Rg 


diode resistance whose value is the slope 


is the dynamic resistance and C; is the 
of the line at the Q-point, shown in B. 


_ junction capacitance. 
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curve appears in Fig 10.10A, the switch 
turns on or off instantaneously. A real 
diode cannot do this, as a finite amount of 
time is required to move electrons and 
holes in or out of the diode as it changes 
states (effectively, the diode capacitances 
must be charged or discharged). As a re- 
sult, diodes have a maximum useful fre- 
quency when used in switching applica- 
tions. The operation of diode switching 
circuits can often be modeled by the 
picture in Fig 10.14. The approximate 
switching time (in seconds) for this circuit 
is given by 


MI 
R, I 
7 1 
Ды, эра т (7) 
ag 
К, 


where T, is the minority carrier lifetime of 
the diode (a material constant determined 
during manufacture, on the order of 1 ms). 
I, and I, are currents that flow during the 
switching process. The minimum time in 
which a diode can switch from one state to 
the other and back again is therefore 2 t,, 
and thus the maximum usable switching 
frequency is f,,, (Hz) = '/2 t,. It is usually 
a good idea to stay below this by a factor 
of two. Diode data sheets usually give 
typical switching times and show the cir- 
cuit used to measure them. 

Note that fw depends on the forward and 
reverse currents, determined by I, and 1) 
(or equivalently Vj, V5, Ry, and R3). 
Within a reasonable range, the switching 
time can be reduced by manipulating these 
currents. Of course, the maximum power 
that other circuit elements can handle 
places an upper limit on switching currents. 


Schottky Diodes 


Schottky diodes are made from metal- 
semiconductor junctions rather than PN 


Fig 10.14—Circuit used for computation 
of diode switching time. 
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junctions. They store less charge inter- 
nally and as a result, have shorter switch- 
ing times and junction capacitances than 
standard PN junction diodes. 

Their turn-on voltage is also less, typi- 
cally 0.3 to 0.4 V. In most other respects 
they behave similarly to PN diodes. 


INDUCTORS 


Inductors are the problem children of the 
component world. (Fundamental induc- 
tance is discussed in the AC Theory chap- 
ter.) Besides being difficult to fabricate on 
integrated circuits, they are perhaps the 
most nonideal of real-world components. 
While the leakage conductance of a capaci- 
tor is usually negligible, the series resis- 
tance of an inductor often is not. This is 
basically because an inductor is made of a 
long piece of relatively thin wire wound 
into a small coil. As an example, consider 
a typical air-core tuning coil from a com- 
ponent catalog, with L = 33 uH and a mini- 
mum Q of 30 measured at 2.5 MHz. This 
would indicate a series resistance of R, — 
2nfL/Q=17Q. This Rg could signifi- 
cantly alter the resonant frequency of a 
circuit. For frequencies up to HF this is the 
only significant nonlinearity, and a low- 
frequency circuit model for the inductor is 
shown in Fig 10.15. Many of the problems 
associated with inductors are actually due 
to core materials, and not the coil itself. 


Magnetic Materials 


Many discrete inductors and transform- 
ers are wound on a core of iron or other 
magnetic material. As discussed in the AC 
Theory chapter, the inductance value of a 
coil is proportional to the density of mag- 
netic field lines that pass through it. A 
piece of magnetic material placed inside a 
coil will concentrate the field lines inside 
itself. This permits a higher number of 
field lines to exist inside a coil of a given 
cross-sectional area, thus allowing a much 
higher inductance than what would be 
possible with an air core. This is especially 
important for transformers that operate at 


Fig 10.15—Low- to mid-frequency 
inductor equivalent circuit showing 
series resistance Rg. 


low frequencies (such as 60 Hz) to ensure 
the reactance of the windings is high. 


Core Saturation 


Magnetic (more precisely, ferromag- 
netic) materials exhibit two kinds of non- 
linear behavior that are important to cir- 
cuit design. The first is the phenomenon of 
saturation. A magnetic core increases the 
magnetic flux density of a coil because the 
current passing through the coil forces the 
atoms of the iron (or other material) to line 
up, just like many small compass needles, 
and the magnetic field that results from the 
atomic alignment is much larger than that 
produced by the current with no core. As 
coil current increases, more and more at- 
oms line up. At some high current, all of 
the atoms will be aligned and the core is 
saturated. Any further increase in current 
can't increase the core alignment any 
further. Of course, added current generates 
its own magnetic flux, but it is very small 
compared to the magnetic field contributed 
by the aligned atoms in the magnetic core. 

The important concept in terms of 
circuit design is that as long as the coil 
current remains below saturation, the in- 
ductance of the coil is essentially constant. 
Fig 10.17 shows graphs of magnetic flux 
linkage (N $) and inductance (L) vs current 
(i) for a typical iron-core inductor. These 
quantities are related by the equation 


N o=Li (8) 


where 
N = number of turns, 
= flux density 
L = inductance 
i = current. 


In the lower graph, a line drawn from 
any point on the curve to the (0,0) point 


Fig 10.16—Typical construction of a 
magnetic-core inductor. The air gap 
greatly reduces core saturation at the 
expense of some inductance. The 
insulating laminations between the core 
layers help to minimize eddy currents. 


will show the effective inductance, L = N 
6 / i, at that current. These results are plot- 
ted on the upper graph. 

Note.that below saturation, the induc- 
tance is constant because both N $ and i are 
increasing at a steady rate. Once the satu- 
ration current is reached, the inductance 


decreases because N ф does not increase 


anymore (except for the tiny additional 
magnetic field the current itself provides). 
. This may render some coils useless at VHF 
and higher frequencies. Air-coil inductors 
‘do not suffer from saturation. 

One common method of increasing the 
saturation current levelisto cut a small air 
gap in the core (see Fig 10.16). This gap 
forces the flux lines to travel through air 
for a short distance. Since the saturation 
flux linkage of the core is unchanged, this 
method works by requiring a higher 


current to achieve saturation. The price . 


that is paid is a reduced inductance below 


saturation. Curves B in Fig 10.17 show the ` 


result of an air gap added to that inductor. 

Manufacturer's data sheets for mag- 

netic cores usually specify the saturation 

flux density. Saturation flux density, $, in 

- gauss can be calculated for ac and dc cur- 
rents from the following equations: . 


3.49 V 


EUN i 

dom МАШ (10) 
10A 

where > 


V = RMS ac voltage 

f = frequency, in MHz 

N = number of turns 

A = equivalent area of the magnetic path 


in square inches (from the data sheet) 


I = dc current, in A 
Ar, = inductance index (also from the 
data sheet). 


Hysteresis ; 


Consider Fig 10.18. If the current 
passed through a magnetic-core inductor 
is increased from zero (point a) to near the 
. point of saturation (point b) and then de- 
creased back to zero, we find that a mag- 
netic field remains, because some of the 
core atoms retain their alignment. If we 
then increase the current in the opposite 
direction and again return to zero (through 
points c, d and e), the curve does not 
' retrace itself. This is the property of 

hysteresis. EE LE 

If acircuit carries a large ac current (that 
is, equal to or larger than saturation), the 
. path shown in Fig 10.18 (from b to e and 
back again) will be retraced many times 
each second. Since the curve is nonlinear, 
this will introduce distortion in the result- 


ing waveform. Where linear circuit opera- 
tion is crucial, itis important to restrict the 


. operation of magnetic-core inductors well 


below saturation. 


Eddy Currents _ 
The changing magnetic field produced 


-by an ac current generates a “back volt- 


age" in the core as well as the coil itself. 
Since magnetic core material is usually 
conductive, this voltage causes a current 
to flow in the core. This eddy current 
serves no useful purpose and represents 
power lost to heat. Eddy currents can be. 
substantially reduced by laminating the . 
core—slicing the core into thin sheets and 
placing a suitable insulating material 
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Fig 10.17—Magnetic flux linkage and 
inductance plotted versus coil current 
for (A) a typical iron-core inductor. As 
the flux linkage N 6 in the coil 
saturates, the inductance begins to 
decrease since inductance - flux 
linkage / current. The curves marked B 
Show the effect of adding an air gap to 
the core. The current handling . 
capability has increased but at the 
expense of reduced inductance. 


Fig 10.16). 


(such as varnish) between them (see 


1 


Transformers 


Inan ideal transformer (described in the 
AC Theory chapter), all the power sup- 
plied to its primary terminals is available 
at the secondary terminals. An air-core 


"transformer provides а very good approxi- 


mation to the ideal case, the major loss 


. being the series resistances of the wind- 


ings. As you might guess, there are several 
ways that a magnetic-core transformer can 
lose power. For example, useless heat can 
be generated through hysteresis and eddy 
currents; power may be lost to harmonic 
generation through nonlinear saturation 
effects. | 2 
Another source of loss in transformers . 
(or actually, any pair of mutual induc- 
tances) is leakage reactance. While the 


main purpose of a magnetic core is to con- | 


centrate the magnetic flux entirely within 
itself, in a real-life device there is always 
some small amount of flux that does not 
pass through both windings. This leakage- 
reactance can be pictured as a small 


- amount of self-inductance appearing on 


each winding. Fig 10.19 shows a fairly 
complete circuit model for a transformer 
at low to medium frequencies. 


Magnetic |+ 
Flux 
Linkage 


Fig 10.18—Hysteresis loop. A large 
current (larger than saturation current) 
passed through a magnetic-core coil 
will cause some permanent magnetiza- 
tion of the core. This results in а 
different path of flux linkage vs current 


-to be traced as the current decreases. 


Secondary 


Fig 10.19—An equivalent circuit for a transformer at low to medium frequencies. 
Rp and Rg represent the series resistances of the windings, Xp and Х; are the 
leakage inductances, and Re represents the dissipative losses in the core due to 


eddy currents and so on. . 
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COMPONENTS AT RF 


The models described in the previous 
section are good for dc, and ac up through 
AF and low RF. At HF and above (where 
we do much of our circuit design) several 
other considerations become very im- 
portant, in some cases dominant, in our 
component models. To understand what 
happens to circuits at RF (a good cutoff is 
30 MHz and above) we turn to a brief 
discussion of some electromagnetic and 
microwave theory concepts. 


Parasitic Inductance 


Maxwell’s equations—the basic laws of 
electromagnetics that govern the propaga- 
tion of electromagnetic waves and the 
operation of all electronic components— 
tell us that any wire carrying a current that 
changes with time (one example is a sine 
wave) develops a changing magnetic field 
around it. This changing magnetic field in 
turn induces an opposing voltage, or back 
EMF, on the wire. The back EMF is pro- 
portional to how fast the current changes 
(see Fig 10.20). 

We exploit this phenomenon when we 
make an inductor. The reason we typically 
form inductors in the shape of a coil is to 
concentrate the magnetic field lines and 


Changing i(t) develops 
a changing magnetic field... 


.. which generates 
a bock EMF. 


(A) 


Ж = Any Component 


Fig 10.20—inductive consequences of 
Maxwell’s equations. At A, any wire 
carrying a changing current develops a 
voltage difference along it. This can be 
mathematically described as an 
effective inductance. B adds parasitic 
inductance to a generic component 
model. 
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thereby maximize the inductance for a 
given physical size. However, all wires 
carrying varying currents have these in- 
ductive properties. This includes the wires 
we use to connect our circuits, and even 
the leads of capacitors, resistors and so 
on. 

The inductance of a straight, round, 
nonmagnetic wire in free space is given 
by: 


L = 0.00508b [ (2) Е 025) (11) 


where 
= inductance, in pH 
a = wire radius, in inches 
b = wire length, in inches 
In = natural logarithm (2.303 x 10810). 


Skin effect (see below) changes this 
formula slightly at VHF and above. As the 
frequency approaches infinity, the con- 
stant 0.75 in the above equation ap- 
proaches 1. This effect usually presents no 
more than a few percent change. 

Аз an example, let's find the inductance 
of a #18 wire (diam = 0.0403 inch) that is 
4 inches long (a typical wire in a circuit). 


Then a = 0.0201 and b = 4: 


В | = 0.75 
0.0201 


0.0203[5.98 — 0.75] = 0.106 uH 


с 
Н 


0.00508(4) [ | 


Ш 


It is obvious that this parasitic induc- 
tance is usually very small. It becomes 
important only at very high frequencies; at 
AF or LF, the parasitic inductive reactance 
is practically zero. To use this example, 
the reactance of a 0.106 uH inductor even 
at 10 MHz is only 6.6 Q. Fig 10.21 shows 
a graph of the inductance for wires of vari- 
ous gauges (radii) as a function of length. 

Any circuit component that has wires 
attached to it, or is fabricated from wire, 
will have a parasitic inductance associated 
with it. We can treat this parasitic induc- 
tance in component models by adding an 
inductor of appropriate value in series 
with the component (since the wire lengths 
are in series with the element). This 
(among other reasons) is why minimizing 
lead lengths and interconnecting wires 
becomes very important when designing 
circuits for VHF and above. 
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Fig 10.21—A plot of inductance vs length for straight conductors in several wire 


sizes. 


Parasitic Capacitance 


Maxwell’s equations also tell us that if 
the voltage between any two points 
changes with time, a displacement current 
is generated between these points. See 
Fig 10.22. This displacement current re- 
sults from the propagation, at the speed of 
light, of the electromagnetic field between 
the two points and is not to be confused 
with conduction current, which is caused 
by the movement of electrons. This dis- 
placement current is directly proportional 
to how fast the voltage is changing. 

A capacitor takes advantage of this con- 
sequence of the laws of electromagnetics. 
When a capacitor is connected to an ac 
voltage source, a steady ac current can 
flow because taken together, conduction 
current and displacement current “com- 
plete the loop" from the positive source 
terminal, across the plates of the capaci- 
tor, and back to the negative terminal. 

In general, parasitic capacitance shows 
up wherever the voltage between two 
points is changing with time, because the 
laws of electromagnetics require a dis- 
placement current to flow. Since this phe- 
nomenon represents an additional current 
. path from one point in space to another, 
we can add this parasitic capacitance to 


our component models by adding a capaci- 


tor of appropriate value in parallel with 
the component. These parasitic capaci- 
tances are typically on the order of nF to 


Changing v(t) sets up 
changing electromagnetic 
field...... 


„which generates a 
displacement current. - 


(A) 


Ж = Any Component 


Fig 10.22—Capacitive consequences of 
Maxwell’s equations. A: Any changing 
voltage between two points, for 
example along a bent wire, generates a 
displacement current running between 
them. This can be mathematically n 
described as an effective capacitance. 
B adds parasitic capacitance to a 
‘generic component model. 
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Fig 10.23—Coils exhibit distributed capacitance as explained in the text. The 
graph at B shows how distributed capacitance resonates with the inductance. 
Below resonance, the reactance is inductive, but it decreases as frequency 
increases. Above resonance, the reactance is capacitive and increases with 


frequency. 


pF, so that below VHF they can be treated 
as open circuits (infinite resistances) and 
thus neglected. 

. Consider the inductor in Fig 10.23. If 
this coil has n turns, then the ac voltage 
between identical points of two neighbor- 
ing türns is 1/n times the ac voltage across 
the entire coil. When this voltage changes 
due to an ac current passing through the 
coil, the effect is that of many small ca- 


' pacitors acting in parallel with the induc- 


tance of the coil. Thus, in addition to the 
capacitance resulting from the leads, in- 
ductors have higher parasitic capacitance 


_ due to their physical shape. 


Package Capacitance 


Another. source of capacitance, also in 
the nF to pF range and therefore important 
only at VHF and above, is the packaging 
of the component itself. For exàmple, a 
power tránsistor packaged in a TO-220 


case (see Fig 10.24), often has either the 


emitter or collector connected to the metal 
tab itself. This introduces an extra 
interelectrode capacitance across the 
junctions. 

The copper traces on a PC board also 


present capacitance to the circuit it holds. 


Double-sided PC boards have a certain 
capacitance per square inch. It is possible 
to create capacitors by leaving unetched 
areas of copper on both sides of the board. 
The capacitance is not well controlled on 
inexpensive low-frequency boards, how- 
ever. For this reason, the copper on one 


. Side of a double-sided board should be | 


completely removed under frequency-de- 


termining circuits such as VFOs. Board ` 


capacitance is exploited to make micro- 


ШИЛ ТИИИШ 


Fig 10.24—Unexpected stray 
capacitance. The mounting tab of 
TO-220 transistors is often connected: 
to one of the device leads. Because one 
lead is connected to the chassis, small 
capacitances from the other leads to 
the chassis appear as additional 
package capacitance at the device. 
Similar capacitance can appear at any 
device with a conductive package. 


wave transmission lines (microstrip lines). 
The capacitance of boards for microwave 
use is better controlled than that of less 
expensive board material. 

Stray capacitance (a general term used 
for any "extra" capacitance that exists due 
to physical construction) appears in any 
circuit where two metal surfaces exist at 
different voltages. Such effects can be 
modeled as an extra capacitor in parallel 
with the given points in the circuit. À 
rough value can be obtained with the par- 
allel-plate formula given above. 

Thus, similar to inductance, any circuit 
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component that has wires attached to it, or 
is fabricated from wire, or is near or at- 
tached to metal, will have a parasitic ca- 
pacitance associated with it, which again, 
becomes important only at RF. 


A GENERAL MODEL 


The parasitic problems due to compo- 
nent leads, packaging, leakage and so on 
are relatively common to all components. 
When working at frequencies where many 
or all of the parasitics become important, 
a complex but completely general model 
such as that in Fig 10.25 can be used for 
just about any component, with the actual 
component placed in the box marked “*”. 
Parasitic capacitance C, and leakage con- 
ductance G} appear in parallel across the 
device, while series resistance R, and 
parasitic inductance L, appear in series 
with it. Package capacitance Coke appears 
as an additional capacitance in parallel 
across the whole device. This maze of ef- 
fects may seem overwhelming, but re- 
member that it is very seldom necessary to 
consider all parasitics. In the Computer- 
Aided-Design section of this chapter, we 
will use the power of the computer to ex- 
amine the combined effects of these mul- 
tiple parasitics on circuit performance. 


Self-Resonance 


Because of the effects just discussed, a 
capacitor or inductor—all by itself—ex- 
hibits the properties of a resonant RLC 
circuit as we increase the applied fre- 


* = Any Component 


Fig 10.25—A general model for 
electrical components at VHF 
frequencies and above. The box 
marked “*” represents the component 
itself. See text for discussion. 
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quency. Fig 10.26 illustrates RF models 
for the capacitor and inductor, which are 
based on the general model in Fig 10.25, 
leaving out the packaging capacitance. 
Note the slight difference in configura- 
tion; the pairs Cy, Rp and L, R, are in se- 
ries in the capacitor but in parallel in the 
inductor. This is because in the inductor, 
C, and R, are the parasitics, while in the 
capacitor, L, and R, are the added effects. 

At some sufficiently high frequency, 
both inductors and capacitors become self- 
resonant. Just like a tuned circuit, above 
that frequency the capacitor will appear 
inductive, and the inductor will appear 
capacitive. 

For an example, let's calculate the ap- 
proximate self-resonant frequency of a 
470-pF capacitor whose leads are made 
from #20 wire (diam 0.032 inch), with a 
total length of 1 inch. From the formula 
above, we calculate the approximate para- 
sitic inductance 


L (uH) = 0.00508(1) | In =з 0.75 
(0.032/2 


= 0.021 uH 


and then the self-resonant frequency is 
roughly 

- = 50.6 MHz 

2nVLC 

The purpose of making these calcula- 
tions is to give you a rough feel for actual 
component values. They could be used as 
a rough design guideline, but should not 
be used quantitatively. Other factors such 
as lead orientation, shielding and so on, 
can alter the parasitic effects to a large 
extent. Large-value capacitors tend to 
have higher parasitic inductances (and 
therefore a lower self-resonant frequency) 
than small-value ones. 

Self-resonance becomes critically im- 


Fig 10.26—Capacitor (A) and inductor 
(B) models for RF frequencies. 


portant at VHF and UHF because the self- 
resonant frequency of many common 
components is at or below the frequency 
where the component will be used. In this 
case, either special techniques can be used 
to construct components to operate at 
these frequencies, by reducing the para- 
sitic effects, or else the idea of lumped 
elements must be abandoned altogether in 
favor of microwave techniques such as 
striplines and waveguides. 


Skin Effect 


The resistance of a conductor to ac is 
different than its value for dc. A conse- 
quence of Maxwell’s equations is that 
thick, near-perfect conductors (such as 
metals) conduct ac only to a certain depth 
that is proportional to the wavelength of 
the signal. This decreases the effective 
cross-section of the conductor at high fre- 
quencies and thus increases its resistance. 

This resistance increase, called skin ef- 
fect, is insignificant at low (audio) fre- 
quencies, but beginning around | MHz 
(depending on the size of the conductor) it 
is so pronounced that practically all the 
current flows ina very thin layer near the 
conductor’s surface. For this reason, at RF 
a hollow tube and a solid tube of the same 
diameter and made of the same metal will 
have the same resistance. The depth of this 
skin layer decreases by a factor of 10 for 
every 100x increase in frequency. Conse- 
quently, the RF resistance is often much 
higher than the dc resistance. Also, a thin 
highly conductive layer, such as silver 
plating, can greatly lower resistance for 
UHF or microwaves, but does little to 
improve HF conductivity. 

A rough estimate of the cutoff fre- 
quency where a nonferrous wire will be- 
gin to show skin effect can be calculated 
from 


-— 


pe 

a? 

where 
f = frequency, in MHz 
d = diam, in mils (a mil is 0.001 inch). 


Es (12) 


Above this frequency, increase the re- 
sistance of the wire by 10x for every 2 
decades of frequency (roughly 3.2x for 
every decade). For example, say we wish 
to find the RF resistance of a 2-inch length 
of #18 copper wire at 100 MHz. From the 
wire tables, we see that this wire has a dc 
resistance of (2 in.) (6.386 0/1000 ft) = 
1.06 milliohms. From the above formula, 
the cutoff frequency is found to be 124 / 
40.32 2 76 kHz. Since 100 MHz is roughly 
three decades above this (100 kHz to 
100 MHz), the RF resistance will be 
approximately (1.06 mQ) (10 x 3.2) = 
34 mQ. Again, values calculated in this 


manner are approximate and should be 
used qualitatively—that is, when you want 
an answer to a question such as, “Can I 
neglect the RF resistance of this length of 
connecting wire at 100 MHz?” 


Effects on Q - 
Recall from the AC Theory chapter that 

circuit Q, auseful figure of merit for tuned 

RLC circuits, can be defined in several 

ways: P 

| X, or X, (at resonance) 


Q R 
_ energy stored per cycle 
energy dissipated per cycle 


Q is also related to the bandwidth of a 
tuned circuit's response by . 


fo 
BW зав 


Parasitic inductance, capacitance and 
resistance can significantly alter the per- 
formance and characteristics of a tuned 
circuit if the design frequency is anywhere 
.near the self-resofiant frequencies of the 
components. 

As an example, consider the resonant 
circuit of Fig 10.27A, which could repre- 
sent the input tank circuit of an oscillator. 
Neglecting any parasitics, fy = 1 / (2 л 
(LC)0.5) = 10.06 MHz. As in many real 
cases, assume the resistance arises entirely 
from the inductor series resistance. The 
data sheet for the inductor specified a 
minimum Q of 30, so assuming Q = 30 
yields ап R value of Хү / Q = 2 п (10.06 
MHz) (5 uH) / 30 = 10.5 О. 

Next, let's include the parasitic induc- 
tance of the capacitor (Fig 10.27B). A rea- 
sonable assumption is that this capacitor 
has the same physical size as the example 
from the Parasitic Inductance discussion 
above, for which we calculated L, = 
0.106 uH. This would give the capacitor a 
self-resonant frequency of 434 MHz— 
well above our area of interest. However, 
the added parasitic inductance does 
account for an extra 0.106/5.00 = 2% 
inductance. Since this circuit is no longer 
strictly series or parallel, we must convert 
it to an equivalent form before calculating 
the new fp. "mo 

An easier and faster way is to simulate 
the altered circuit by computer. This 
analysis was performed on a desktop com- 
puter using: SPICE, a standard circuit 
simulation program; for more details, see 
the Computer-Aided Design section be- 
low. The voltage response of the circuit 
(given an input current of 1 mA) was cal- 
culated as a function of frequency for both 
cases, with and without parasitics. The 


results are shown in the plot in Fig 10.27C, 


(3). 


- (14) 


with Parasitic L, f 2 9.96 MHz 


rex 


Q231.5 


' (B) 


i 


without Parasitic L, f = 10.06 sg] 
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Frequency (MHz) 


Fig 10.27—A is a tank circuit, neglecting parasitics. B same circuit including L 
on capacitor. C frequency response curves for A and B. The solid line represents 
the unaltered circuit (also see Fig 10.29) while the dashed line shows the effects 


of adding parasitic inductance. 


where we can see that the parasitic circuit 
has an fọ of 9.96 MHz (a shift of 1%) and 
a Q (measured from the —3 dB points) of 
31.5. For comparison, the simulation of 
the unaltered circuit does in fact show 
fy = 10.06 MHz and Q = 30. ` 


Inductor Coupling 


Mutual inductance will also have an 
effect on the resonant frequency and Q of 
the involved circuits. For this reason, in- 
ductors in frequency-critical circuits 
should always be shielded, either by con- 
structing compartments for each circuit 
block or through the use of “can”-mountéd 
coils. Another helpful technique is to 
mount nearby coils with their axes per- 
pendicular as in Fig 10.28. This will mini- 
mize coupling. | 

Аз an example, assume we build an os- 
cillator circuit that has both input and out- 


Real-World Component Characteristics 


Side View 


Top View 


Fig 10.28—Unshielded coils in close 
proximity should be mounted perpen- 
dicular to each other to minimize 
coupling. 


1 


put filters similar to the resonant circùit in 
Fig 10.27A. If we are careful to keep the 
two coils in these circuits uncoupled, the 
frequency response of either of the two 
circuits is that of the solid line in 
Fig 10.29, reproduced from Fig 10.27C. 
If the two coils are coupled either 
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8 Ls with Coupling, f = 9.82 MHz 


Q= 30.8 DR 


without Coupling, f = 10.06 MHz 


v Q= 30.0 


1 


Frequency (MHz) 


Fig 10.29—Result of light coupling (k=0.05) between two identical circuits of Fig 


10.27A on their frequency responses. 


through careless placement or improper 
shielding, the resonant frequency and Q 
will be affected. The dashed line in 
Fig 10.29 shows the frequency response 
that results from a coupling coefficient of 
k 2 0.05, a reasonable value for air-wound 
inductors mounted perpendicularly in 
close proximity on a circuit chassis. Note 
the resonant frequency shifted from 10.06 
to 9.82 MHz, or 2.4%. The Q has gone up 
slightly from 30.0 to 30.8 as a result of the 
slightly higher inductive reactance at the 
resonant frequency. 

To summarize, even small parasitics can 
significantly affect frequency responses of 
RF circuits. Either take steps to minimize 
or eliminate them, or use simple circuit 
theory to predict and anticipate changes. 


Dielectric Breakdown and Arcing 


Anyone who has ever watched a capaci- 
tor burn out, or heard the hiss of an arc 
across the inductor of an antenna tuner, 
while loading the 2-m vertical on 160-m, 
or touched a doorknob on a cold winter 
day has seen the effects of dielectric break- 
down. When the dielectric is gaseous, 
especially air, we often call this arcing. 

In the ideal world, we could take any 
two conductors and put as large a voltage 
as we want across them, no matter how 
close together they are. In the real world, 
there is a voltage limit (dielectric strength, 
measured in kV/cm and determined by 
the insulator between the two conductors) 
above which the insulator will break 
down. 
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Because they are charged particles, the 
electrons in the atoms of a dielectric mate- 
rial feel an attractive force when placed in 
an electric field. If the field is sufficiently 
strong, the force will strip the electron 
from the atom. This electron is available 
to conduct current, and furthermore, it is 
traveling at an extremely high velocity. It 
is very likely that this electron will hit 
another atom, and free another electron. 
Before long, there are many stripped elec- 
trons producing a large current. When this 
happens, we say the dielectric has suffered 
breakdown. 

If the dielectric is liquid or gas, it can 
heal when the applied voltage is removed. 
A solid dielectric, however, cannot repair 
itself. A good example of this is a CMOS 
integrated circuit. When exposed to the 
very high voltages associated with static 
electricity, the electric field across the 
very thin gate oxide layer exceeds the di- 
electric strength of silicon dioxide, andthe 
device is permanently damaged. 

Capacitors are, by nature, perhaps the 
component most often associated with 
dielectric failure. To prevent damage, the 
working voltage of a capacitor—and there 
are separate dc and ac ratings—should 
ideally be 2 or 3 times the expected maxi- 
mum voltage in the circuit. 

Arcing is most often seen in RF circuits 
where the voltages are normally high, but 
itis possible anywhere two components at 
significantly different voltage levels are 
closely spaced. 

The breakdown voltage of a dielectric 


— — M M 


Table 10.3 
Dielectric Constants and Breakdown 


Voltages 
Material Dielectric Puncture 
Constant' Voltage** 
Aisimag 196 5.7 240 
Bakelite 4.4-5.4 240 
Bakelite, mica filled 4.7 325-375 
Cellulose acetate 3.3-3.9 250-600 
Fiber 5-7.5 150-180 
Formica 4.6-4.9 450 
Glass, window 7.6-8 200-250 
Glass, Pyrex 4.8 335 
Mica, ruby 5.4 3800-5600 
Mycalex 7.4 250 
Paper, Royalgrey 3.0 200 
Plexiglas 2.8 990 
Polyethylene 2.3 1200 
Polystyrene 2.6 500-700 
Porcelain 5.1-5.9 40-100 
Quartz, fused 3.8 1000 
Steatite, low loss 5.8 150-315 
Teflon 2.1 1000-2000 


* At 1 MHz 
** |n volts per mil (0.001 inch) 


layer depends on its composition and 
thickness (see Table 10.3). The variation 
with thickness is not linear; doubling the 
thickness does not quite double the break- 
down voltage. Breakdown voltage is also 
a function of geometry: Because of elec- 
tromagnetic considerations, the break- 
down voltage between two conductors 
separated by a fixed distance is less if the 
surfaces are pointed or sharp-edged than 
if they are smooth or rounded. Therefore, 
a simple way to help prevent breakdown 
in many projects is to file and smooth the 
edges of conductors. 


Radiative Losses and Coupling 


Another consequence of Maxwell's 
equations states that any conductor placed 
in an electromagnetic field will have a 
current induced in it. We put this principle 
to good use when we make an antenna. 
The unwelcome side of this law of nature 
is the phrase “апу conductor"; even con- 
ductors we don't intend as antennas will 
act this way. 

Fortunately, the efficiency of such 
*antennas" varies with conductor length. 
They will be of importance only if their 
length is a significant fraction of a 
wavelength. When we make an antenna, 
we usually choose a length on the order of 
4/2. Therefore, when we don’t want an an- 
tenna, we should be sure that the conduc- 
tor length is much less than №2, по more 
than 0.1 A. This will ensure a very low- 
efficiency antenna. This is why 60-Hz 
power lines do not lose a significant frac- 


tion of the power they carry over long dis- 
tances—at 60 Hz, 0.1 А is about 300 miles! 

In addition, we can use shielded cables. 
Such cables do allow some penetration of 
EM fields if the shield is not solid, but 
even 95% coverage is usually sufficient, 
especially if some sort of RF choke is used 
to reduce shield current. 

Radiative losses and coupling can also 
be reduced by using twisted pairs of con- 
ductors—the fields tend to cancel. In some 
applications, such as audio cables, this 
may work better than shielding. 

This argument also applies to large 
components, and remember that a compo- 
nent or long wire can radiate RF, as well 
as receive them. Critical stages such as 
tuned circuits should be placed in shielded 
compartments where possible. See the 
EMI and Transmission Lines chapters 
for more information. 


REMEDIES FOR PARASITICS 


The most common effect (always the 
most annoying) of parasitics is to influ- 
ence the resonant frequency of a tuned 
circuit. This shift could cause an oscillator 
to fail, or more commonly, to cause a 
stable circuit to oscillate. It can also de- 
grade filter performance (more on this 
later) and basically causing any number of 
frequency-related problems. 

We can often reduce parasitic effects in 
discrete-component circuits by simply 
exploiting the models in Fig 10.26. Since 
parasitic inductance and loss resistance 
appear in series with a capacitor, we can 
reduce both by using several smaller ca- 
pacitances in parallel, rather than of one 
large one. 

Anexample is shown in thecircuitblock 
in Fig 10.30, which is representative of 
the input tank circuit used in many HF 
VFOs. Cuin; Снт C1 and СЗ act with L 
to set the oscillator frequency. Therefore, 
temperature effects are critical in these 
components. By using several capacitors 
in parallel, the RF current (and resultant 
heat) is reduced in each component. Paral- 
lel combinations are used at the feedback 
capacitors for the same reason. 

Another example of this technique is the 
common capacitor bypass arrangement 
shown in Fig 10.31. C1 provides a bypass 
path at audio frequencies, but it has a low 
self-resonant frequency due to its large 
capacitance. How low? Even if we assume 
the 0.02-uH value above, fg, = 355 kHz. 
Adding C2 (with a smaller capacitance but 
much higher self-resonant frequency) in 
parallel provides bypass at high frequen- 
cies where C1 appears inductive. 


Construction Techniques 
These concepts also help explain why 


so many different components exist with 
similar values. As an example, assume 
you're working on a project that requires 
you to wind a 5 ИН inductor. Looking 
at the coil inductance formula in the 
AC Theory chapter, it comes to mind that 
many combinations of length and diam- 
eter could yield the desired inductance. If 
you happen to have both 0.5 and 1-inch 
coil forms, why should you select one over 
the other? To eliminate some other vari- 
ables, let’s make both coils 1 inch long, 
close-wound, and give them 1-inch leads 
on each end. 

Let’s calculate the number of turns re- 
quired for each. On a 0.5-inch-diameter 
form: 


| y5[ (18 x 0.5) + (40 x 1)] 
i 0.5 


31.3 turns 


This means coil 1 will be made from 
#20 wire (29.9 turns per inch). Coil 2, on 
the l-inch form, yields 

y5[ (18 x 1) + (40 x 1)] 
n = ——————— 


1 


17.0 turns 


\! 


Electrolytic 
Capacitor 


which requires #15 wire in order to be 
close-wound. 

What are the series resistances associ- 
ated with each? For coil 1, the total wire 
length is 2 inches + (31.3 x 1 x 0.5) = 51 
inches, which at 10.1 Q /1000 ft gives В, 
= 0.043 Q at dc. Coil 2 has a total wire 


Fig 10.30—4 tank circuit of the type 
commonly used in VFOs. Several 
capacitors are used in parallel to 
distribute the RF current, which 
reduces temperature effects. 


Ferrite 
Bead 


Stond- Off 
Insulator 


0.001 uF 
Disc- Ceramic 
Capacitor 


Fig 10.31—A typical method to provide bypassing at high frequencies when a 
large capacitor with a low-self-resonant frequency is required. 
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length of 2 inches + (17.0 x mx 1) = 55 
inches, which at 3.18 22/1000 ft gives adc 
resistance of R, = 0.015 Q, or about '⁄ that 
of coil 1. Furthermore, at RF, coil 1 will 
begin to suffer from skin effect at a fre- 
quency about 3 times lower than coil 2 
because of its smaller conductor diameter. 
Therefore, if Q were the sole consider- 
ation, it would be better to use the larger 
diameter coil. 

Q is not the only concern, however. 
Such coils are often placed in shielded 
enclosures. Rule of thumb says the enclo- 
sure should be at least one coil diameter 
from the coil on all sides. That is, 3x3x2 
inches for the large coil and 1.5x1.5x1.5 
for the small coil, a volume difference of 
over 500%. 


THERMAL 
CONSIDERATIONS 


Any real energized circuit consumes 
electric power because any real circuit 
contains components that convert electric- 
ity into other forms of energy.' This dissi- 
pated power appears in many forms. For 
example, a loudspeaker converts electri- 
cal energy into the motion of air molecules 
we call sound. An antenna (or a light bulb) 
converts electricity into electromagnetic 
radiation. Charging a battery converts 
electrical energy into chemical energy 
(which is then converted back to electrical 
energy upon discharge). Butthe most com- 
mon transformation by far is the conver- 
sion, through some form of resistance, of 
electricity into heat. 

Sometimes the power lost to heat serves 
a useful purpose—toasters and hair dryers 
come to mind. But most of the time, this 
heat represents a power loss that is to be 
minimized wherever possible or at least 
taken into account. Since all real circuits 
contain resistance, even those circuits 
(such as a loudspeaker) whose primary 
purpose is to convert electricity to some 
other form of energy also convert some 
part of their input power to heat. Often, 
such losses are negligible, but sometimes 
they are not. 

If unintended heat generation becomes 
significant, the involved components will 
get warm. Problems arise when the tem- 
perature increase affects circuit operation 
by either 


* causing the component to fail, by explo- 
sion, melting, or other catastrophic 
event, or, more subtly, 


1Superconducting circuits are the one excep- 
tion; but they are outside the scope of this 
book. 
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* causing a slight change in the properties 
of the component, such as through a 
temperature coefficient (TC). 


In the first case, we can design conser- 
vatively, ensuring that components are 
rated to safely handle two, three or more 
times the maximum power we expect them 
to dissipate. In the second case, we can 
specify components with low TCs, or we 
can design the circuit to minimize the 
effect of any one component. Occasion- 
ally we even exploit temperature effects 
(for example, using a resistor, capacitor or 
diode as a temperature sensor). Let’s look 
more closely at the two main categories of 
thermal effects. 


HEAT DISSIPATION 


Not surprisingly, heat dissipation (more 
correctly, the efficient removal of gener- 
ated heat) becomes important in medium- 
to high-power circuits: power supplies, 
transmitting circuits and so on. While 
these are not the only examples where el- 
evated temperatures and related failures 
are of concern, the techniques we will dis- 
cuss here are applicable to all circuits. 


Thermal Resistance 


The transfer of heat energy, and thus the 
change in temperature, between two ends 
of a block of material is governed by the 
following heat flow equation (see Fig 
10.32): 


р = ХА зг = Т 


L 0 
where 

P= power (in the form of heat) con- 
ducted between the two points 

к = thermal conductivity, measured in 
W/(°C m), of the material between 
the two points, which may be steel, 
silicon, copper, PC board material 
and so on 


(15) 


т 
(hotter) 


*Heot Current" 


Fig 10.32—Physical and "circuit" 
models for the heat-flow equation. 


L = length of the block 

A = area of the block 

ôT =change in temperature between the 
two points; 

Ө= E is often called the thermal 


resistance and has units of °C/W. 


Thermal conductivities of various com- 
mon materials at room temperature are 
given in Table 10.4. 

A very useful property of the above 
equation is that it is exactly analogous to 
Ohm's Law, and therefore the same prin- 
ciples and methods apply to heat flow 
problems as circuit problems. The follow- 
ing correspondences hold: 


• Thermal conductivity (W/°C т) <—> 
Electrical conductivity (S/m). 

• Thermal resistance (°C/W) <—> Elec- 
trical resistance (Q). 

• Thermal current (heat flow) (W) <—> 
Electrical current (A). 

e Thermal potential (T) <—> Electrical 
potential (V). 

* Heat source <—> Current source. 


For example, calculate the temperature 
of a 2-inch (0.05 m) long piece of #12 cop- 
per wire at the end that is being heated by 
a 25 W (input power) soldering iron, and 
whose other end is clamped to a large metal 
vise (assumed to be an infinite heat sink), if 
the ambient temperature is 25 °C (77 °F). 

First, calculate the thermal resistance of 
the copper wire (diameter of #12 wire is 
2.052 mm, cross-sectional area is 3.31 x 
10-6 m2) 

L (0.05 m) 


xA — (390 W/°Cm)(3.31 x 105 m°} 
-387*C/W 


Then, rearranging the heat flow equa- 
tion above yields (after assuming the heat 


Table 10.4 


Thermal Conductivities of Various 
Materials 


Gases at 0 ?C, Others at 25 ?C; from 
Physics, by Halliday and Resnick, 3rd Ed. 


Material 

Aluminum 200 
Brass 110 
Copper 390 
Lead 35 
Silver 410 
Steel 46 
Silicon 150 
Air 0.024 
Glass 0.8 
Wood 0.08 


energy actually transferred to the wire is 
around 10 W) 


ST = РӨ = (10 W) (38°/C / W) = 387°C 


So the wire temperature at the hot end is 
25 C + ôT = 412 °C (or 774 °F). If this 
sounds a little high, remember that this is 
for the steady state condition, where 
you’ve been holding the iron to the wire 
for a long time. 

From this example, you can see that 
things can get very hot even with applica- 
tion of moderate power levels. In the case 
of a soldering iron, that’s good, but in the 
case of a 25-W power transistor in a trans- 
mitter output stage, it's bad. For this rea- 
son, circuits that generate sufficient heat 
to alter, not necessarily damage, the com- 
ponents must employ some method of 
cooling, either active or passive. Passive 
methods include heat sinks or careful com- 
ponent layout for good ventilation. Active 
methods include forced air (fans) or some 
sort of liquid cooling (in some high-power 
transmitters). 


Heat Sink Design and Use 


The purpose of a heat sink is to provide 
a high-power component with a large sur- 
face area through which to dissipate heat. 
To use the models above, it provides a low 
thermal-resistance path to a cooler tem- 
perature, thus allowing the hot component 
to conduct a large “thermal current" away 
from itself. 

Power supplies probably represent one 
of the most common high-power circuits 
amateurs are likely to encounter. Every- 
one has certainly noticed that power sup- 
plies get warm or even hot if not ventilated 
properly. Performing the thermal design 
for a properly cooled power supply is a 
very well-defined process and is a good 
illustration of heat-flow concepts. 

A 28-У, 10-A power supply will be used 
for this design example. This material was 
originally prepared by ARRL Technical 
Advisor Dick Jansson, WD4FAB, and the 
steps described below were actually fol- 
lowed during the design of that supply. 

An outline of the design procedure 
shows the logic applied: 


1, Determine the expected power dissi- 
pation (Pin) 

2. Identify the requirements for the dis- 
sipating elements (minimum thermal con- 
ductivity). 

3. Estimate heat-sink requirements. 

4. Reworkthe electronic device (if nec- 
essary) to meet the thermal requirements. 

5. Selectthe heat exchanger (from heat 
sink data sheets). 


The first step is to estimate the filtered, 
unregulated supply voltage under full 


Transistor 
Case 


Transistor 
Junction 


Ambient 
Air 


Fig 10.33—Resistive model of thermal conduction in a power transistor and 
associated heat sink. See text for calculations. 
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Fig 10.34— Thermal resistance vs heat-sink volume for natural convection cooling 
and 50°C temperature rise. The graph is based on engineering data from EG&G 


Wakefield. 


load. Since the transformer secondary 
output is 32 V ac (RMS) and feeds a full- 
wave bridge rectifier, let's estimate 40 V 
as the filtered dc output at a 10-A load. 
The next step is to determine our critical 
components and estimate their power dis- 
sipations. In a regulated power supply, the 
pass transistors are responsible for nearly 
all the power lost to heat. Under full load, 
and allowing for some small voltage drops 
in the power-transistor emitter circuitry, 
the output of the series pass transistors is 
about 29 V for a delivered 28 V under a 
10-A load. With an unregulated input 
voltage of 40 V, the total energy heat 
dissipated in the pass transistors is 
(40 V 29 V) x 10A = 110 W. The heat 
sink for this power supply must be able to 
handle that amount of dissipation and still 
keep the transistor junctions below the 
specified safe operating temperature lim- 
its. It is a good rule of thumb to select a 
transistor that has a maximum power dis- 
sipation oftwice the desired output power. 
Now, consider the ratings of the pass 
transistors to be used. This supply calls for 
2N3055s as pass transistors. The data 
sheet shows that a 2N3055 is rated for 
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15-A service and 115-W dissipation. But 
the design uses four in parallel. Why? Here 
we must look past the big, bold type at the 
top of the data sheet to such subtle charac- 
teristics as the junction-to-case thermal 
resistance, Ө, and the maximum allow- 


. able junction temperature, Т;. 


Тһе 2N3055 data sheet shows 6j, = 
1.52?C/W, and a maximum allowable case 
(and junction) temperature of 220 ?C. 
While it seems that one 2N3055 could 
barely, on paper at least, handle the elec- 
trical requirements, at what temperature 
would it operate? 

To answer that, we must model the en- 
tire "thermal circuit" of operation, start- 
ing with the transistor junction on one end 
and ending at some point with the ambient 
air. A reasonable model is shown in 
Fig 10.33. The ambient air is considered 
here as an infinite heat sink; that is, its 
temperature is assumed to be a constant 25 
°C (77 °F). Ө. is the thermal resistance 
from the transistor junction to its case. Ө, 
is the resistance of the mounting interface 
between the transistor case and the heat 
sink. 6,, is the thermal resistance between 
the heat sink and the ambient air. In this 
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“circuit,” the generation of heat (the “ther- 
mal current source”) occurs in the transis- 
tor at Pin- 

Proper mounting of most TO-3 package 
power transistors such as the 2N3055 re- 
quires that they have an electrical insula- 
tor between the transistor case and the heat 
sink. However, this electrical insulator 
must at the same time exhibit a low ther- 
mal resistance. To achieve a quality 
mounting, use thin polyimid or mica 
formed washers and a suitable thermal 
compound to exclude air from the inter- 
stitial space. “Thermal greases” are com- 
monly available for this function. Any 
silicone grease may be used, but filled sili- 
cone oils made specifically for this pur- 
pose are better. 

Using such techniques, a conservatively 
high value for 0,, is 0.50 °C/W. Lower 
values are possible, but the techniques 
needed to achieve them are expensive and 
not generally available to the average 
amateur. Furthermore, this value of Ө, is 
already much lower than Ө,., which can- 
not be lowered without going to a some- 
what more exotic pass transistor. 

Finally, we need an estimate of 0,,. 
Fig 10.34 shows the relationship of heat- 
sink volume to thermal resistance for natu- 
ral-convection cooling. This relationship 
presumes the use of suitably spaced fins 
(0.35 inch or greater) and provides a 
"rough order-of-magnitude" value for 
sizing a heat sink. For a first calculation, 
let's assume a heat sink of roughly 6x4x2 
inch (48 cubic inches). From Fig 10.34, 
this yields a 0,4 of about 1 °C/W. 

Returning to Fig 10.33, we can now 
calculate the approximate temperature in- 
crease of a single 2N3055: 


8T = P G4; = (110 W) (1.52 °C/W 
+ 0.5 °C/W + 1.0 °C/W ) = 332 °С 


Given the ambient temperature of 25 °C, 
this puts the junction temperature T; of the 
2N3055 at 25 + 332 = 357 °C! This is 


Junctions 


clearly too high, so let’s work backward 
from the air end and calculate just how 
many transistors we need to handle the 
heat. 

First, putting more 2N3055s in parallel 
means that we will have the thermal model 
illustrated in Fig 10.35, with several iden- 
tical Ө;с and 6,, in parallel, all funneled 
through the same 6,, (we have one heat 
sink). 

Keeping in mind the physical size of the 
project, we could comfortably fit a heat 
sink of approximately 120 cubic inches 
(6x5x4 inches), well within the range of 
commercially available heat sinks. Fur- 
thermore, this application can use a heat 
sink where only “wire access” to the tran- 
sistor connections is required. This allows 
the selection of a more efficient design. In 
contrast, RF designs require the transistor 
mounting surface to be completely ex- 
posed so that the PC board can be mounted 
close to the transistors to minimize 
parasitics. Looking at Fig 10.34, we see 
that a 120-cubic-inch heat sink yields a 0,4 
of 0.55 °C/W. This means that the tem- 
perature of the heat sink when dissi- 
pating 110 W will be 25 °C + (110 W) 
(0.55 °C/W) = 85.5 °C. 

Industrial experience has shown that 
silicon transistors suffer substantial fail- 
ure when junctions are operated at highly 
elevated temperatures. Most commercial 
and military specifications will usually not 
permit design junction temperatures to 
exceed 125 °C. To arrive at a safe figure 
for our maximum allowed Tj, we must 
consider the intended use of the power 
supply. If we are using it in a 100% duty- 
cycle transmitting application such as 
RTTY or FM, the circuit will be dissipat- 
ing 110 Wcontinuously. Fora lighter duty- 
cycle load such as CW or SSB, the “key- 
down” temperature can be slightly higher 
as long as the average is less than 125 °C. 
In this intermittent type of service, a good 
conservative figure to use is T; = 150 °C. 


Heat Sink 


Fig 10.35—Thermal model for multiple power transistors mounted on a common 


heat sink. 
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Given this scenario, the temperature rise 
across each transistor can be 150 ~ 85.5 = 
64.5 °C. Now, referencing Fig 10.35, re- 
membering the total 0 for each 2N3055 is 
1.52 + 0.5 = 2.02 °C/W, we can calculate 
the maximum power each 2N3055 can 
safely dissipate: 


6T _ 645C 
Ө  202*C/W 


Thus, for 110 W full load, we need four 
2N3055s to meet the thermal requirements 
of the design. Now comes the big question: 
What is the "right" heat sink to use? We 
have already established its requirements: 
it must be capable of dissipating 110 W, 
and have a 0,4 of 0.55 °C/W (see above). 

A quick consultation with several 
manufacturer's catalogs reveals that 
Wakefield Engineering Co model nos. 441 
and 435 heat sinks meet the needs of this 
application.” A Thermalloy model no. 
6441 is suitable as well. Data published in 
the catalogs of these manufacturers show 
that in natural-convection service, the 
expected temperature rise for 100 W dis- 
sipation would be just under 60 °C, an 
almost perfect fit for this application. 
Moreover, the no. 441 heat sink can easily 
mount four TO-3-style 2N3055 transis- 
tors. See Fig 10.36. Remember: heat sinks 
should be mounted with the fins and tran- 
sistor mounting area vertical to promote 
convection cooling. 

The design procedure just described 
is applicable to any circuit where heat 
buildup is a potential problem. By using 
the thermal-resistance model, we can eas- 
ily calculate whether or not an external 
means of cooling is necessary, and if so, 
how to choose it. Aside from heat sinks, 
forced air cooling (fans) is another com- 
mon method. In commercial transceivers, 
heat sinks with forced-air cooling are 
common. 


P = 319% 


Transistor Derating 


Maximum ratings for power transistors 
are usually based on a case temperature of 
25 °C. These ratings will decrease with 
increasing operating temperature. Manu- 
facturer’s data sheets usually specify a 
derating figure or curve that indicates how 
the maximum ratings change per degree 
rise in temperature. If such information is 
not available (or even if it is!), itis a good 


?There are numerous manufacturers of ex- 
cellent heat sinks. References to any one 
manufacturer are not intended to exclude 
the products of any others, nor to indicate 
any particular predisposition to one manu- 
facturer. The catalogs and products re- 
ferred to here are from: EG&G Wakefield 
Engineering (see the Address List in the 
References chapter). 


rule of thumb to select a power transistor 
with a maximum power dissipation of at 
least twice the desired output power. 


Rectifiers 


Diodes are physically quite small, and 
they operate at high current densities. As 
aresult their heat-handling capabilities are 
somewhat limited. Normally, this is not a 
problem in high-voltage, low-current sup- 
plies. The use of high-current (2 A or 
greater) rectifiers at or near their maxi- 
mum ratings, however, requires some 
form of heat sinking. Frequently, mount- 
ing the rectifier on the main chassis (di- 


(A) 


(В) 


Fig 10.36—An EG&G Wakefield 441 
heat sink with four 2N3055 transistors 
mounted. 


rectly, or with thin mica insulating wash- 
ers) will suffice. If the diode is insulated 
from the chassis, thin layers of silicone 
grease should be used to ensure good heat 
conduction. Large, high-current rectifiers 
often require special heat sinks to main- 
tain a safe operating temperature. Forced- 
air cooling is sometimes used as a further 
aid. 


Forced-Air Cooling 


In Amateur Radio today, forced-air 
cooling is most commonly found in 
vacuum-tube circuits or in power supplies 
built in small enclosures, such as those in 
solid-state transceivers or computers. 
Fans or blowers are commonly specified 
in cubic feet per minute (CFM). While the 
nomenclature and specifications differ 
from those used for heat sinks, the idea 
remains the same: to offer a low thermal 
resistance between the inside of the enclo- 
sure and the (ambient) exterior. 

For forced air cooling, we basically use 
the “one resistor" thermal model of Fig 
10.32. The important quantity to be deter- 
mined is heat generation, P,,. For a power 
supply, this can be easily estimated as the 
difference between the input power, mea- 
sured at the transformer primary, and the 
output power at full load. For variable- 
voltage supplies, the worst-case output 
condition is minimum voltage with maxi- 
mum current. 

A discussion of forced-air tube cooling 
appears in the Amplifiers chapter. 


TEMPERATURE STABILITY 


Aside from catastrophic failure, tem- 
perature changes may also adversely af- 
fect circuits if the TCs of one or more com- 
ponents is too large. If the resultant change 
is not too critical, adequate temperature 
stability can often be achieved simply by 
using higher-precision components with 
low TCs (such as NPO/COG capacitors or 
metal-film resistors). For applications 
where this is impractical or impossible 
(such as many solid-state circuits), we can 
minimize temperature sensitivity by com- 
pensation or matching—using tempera- 
ture coefficients to our advantage. 

Compensation is accomplished in one of 
two ways. If we wish to keep a certain cir- 
cuit quantity constant, we can interconnect 
pairs of components that have equal but 
opposite TCs. For example, a resistor with 
a negative TC can be placed in series with 
a positive TC resistor to keep the 
total resistance constant. Conversely, if the 
important point is to keep the difference 
between two quantities constant, we can 
use components with the same TC so that 
the pair "tracks." That is, they both change 
by the same amount with temperature. 
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An example of this is a Zener reference 
circuit. Since the I-V equation for a diode 
is strongly affected by operating tempera- 
ture, circuits that use diodes or transistors 
to generate stable reference voltages must 
use some form of temperature compensa- 
tion. Since, for a constant current, a re- 
verse-biased PN junction has a negative 
voltage TC while a forward-biased junc- 
tion has a positive voltage TC, a good way 
to temperature-compensate a Zener refer- 
ence diode is to place one or more for- 
ward-biased diodes in series with it. 


RF Heating 


RF current often causes component 
heating problems where the same level of 
dc current may not. An example is the tank 
circuit of an RF oscillator. If several small 
capacitors are connected in parallel to 
achieve a desired capacitance, skin effect 
will be reduced and the total surface area 
available for heat dissipation will be in- 
creased, thus significantly reducing the RF 
heating effects as compared to a single 
large capacitor. This technique can be 
applied to any similar situation; the gen- 
eral idea is to divide the heating among as 
many components as possible. 


CAD TOOLS FOR 
CIRCUIT DESIGN 


Hams today enjoy the easy availability 
of tremendous computing power to aid 
them in their hobby. A commercial appli- 
cation that computers perform very well is 
circuit simulation. Today anyone with 
access to a computer software bulletin 
board is likely to find shareware or other 
inexpensive software to perform such 
analysis. Indeed, ARRL now offers ARRL 
Radio Designer, which provides excellent 
RF design capabilities at a reasonable 
price. Radio Designer is discussed in 
October 1994 QST and an ongoing QST 
column, “Exploring RF.” 

The advantages of computer circuit 
simulation over pencil-and-paper calcu- 
lation are many. For example, while the 
analysis of a small circuit, say 5 to 10 com- 
ponents, may be recomputed without too 
much effort if the design changes, the same 
is not true for a 50 to 100-component cir- 
cuit. Indeed, the larger circuit may require 
too many simplifying assumptions to cal- 
culate by hand at all. It is much faster to 
watch and adjust the response of a circuit 
on a computer screen than to breadboard 
the circuit in search of the same 
information. 

All circuit simulators, including SPICE, 
work from a netlist that is simply a compo- 
nent-by-component list of the circuit that 
tells the program how components are in- 
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terconnected. The program then uses stan- 
dard techniques of numerical analysis and 
matrix mathematics to calculate the analy- 
sis you wish to perform. Common analy- 
ses include dc and ac bias and operating 
point calculations, frequency response 
curves, transient analysis (looking at 
waveforms in the circuit over a specified 
period of time), Fourier transforms, trans- 
fer functions, two-port parameter calcula- 
tions, and pole-zero analysis. Many pack- 
ages also perform sensitivity analyses: 
calculating what happens to the voltages 
and currents as you sweep the value(s) of 
an individual component (or group of 
components), and statistical analyses: de- 
termining the variational “window” of the 
system response that would result if all 
component values randomly varied by a 
given tolerance (also known as Monte 
Carlo analysis). 


Beware! 


Before we turn to a brief introduction to 
circuit simulation for the amateur, a ca- 
veat to the reader is definitely in order: 
However fast and powerful the computer 
may seem, keep in mind that it is only 
another tool in your workshop, just like 
your ‘scope or soldering iron. Circuit 
simulations are only meaningful if you can 
interpret the results correctly, and a good 
initial circuit design based on real experi- 
ence and common sense is mandatory. 
SPICE and other programs have no prob- 
lem with a bench-top power supply deliv- 
ering 10,000 V to a 5-Q resistor because 
you made a mistake when specifying the 
circuit. Software also won't remind you 
that the resistor better be rated for 
20 megawatts! Remember, the real power 
behind any simulation software is your 
mind. 


SPICE 


The electronics industry has been the 
main consumer of circuit simulation 
packages ever since the development of 
SPICE (or Simulation Program with 
Integrated Circuit Emphasis) on main- 
frame systems in the mid 1970s. While 
many companies today produce other 
simulation software, SPICE remains the 
de facto industry standard. SPICE itself 
now exists inmany “flavors” and specially 
tailored versions for desktop computers 
are sold by several companies, including 
PSPICE by Microsim Corp and HSPICE 
by Intusoft. In fact, an “evaluation” copy 
of PSPICE has been placed in the public 
domain by Microsim and is probably the 
easiest and most inexpensive way for 
amateurs to begin circuit simulation. It 
may be obtained (with a companion refer- 
ence book) from technical bookstores, and 
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also from many ftp sites on the Internet. 
Two popular sites are: 


oak. oakland. edu 
/pub/msdos electric 

ftp.wustl.eii 
/systems/:tompeo msdos/electric 


A Basic Circuit 


Consider the simple RC low-pass filter 
in Fig 10.37A. To simulate this circuit, we 
must first precisely describe it. Conven- 
tion sets ground as node 0, and we label all 
other nodes (a node is a place where two or 
more components meet) with numbers, as 
shown in the figure. We give each element 
a unique name, and then prepare a netlist, 
listing each element with the numbers of 
its “+” and “—” nodes (SPICE assumes the 
ground node to be labeled 0), and its value, 
as shown at B in the figure. 

The question we wish to answer by 
simulation is the following: what is the 
frequency response of this filter? Of 
course, for this simple problem we can 
calculate the answer by hand. The cutoff 
frequency of a simple RC filter is given 
by: 

z 1 


f. 
*? RC (17) 


where 
fco = cutoff frequency (-3 dB) 
R -resistance, in ohms 
C = capacitance, in farads. 


In this case f; is 1.59 KHz. Beyond this, 
with one storage element (the capacitor) 
we expect the output to decrease by 20 dB 
for each decade of frequency. 

Fig 10.38 shows the graph of the ratio 
of output to input voltages Vout/V in» in dB 
for that frequency range as calculated by 
SPICE . Note the 3-dB point is indeed 1.59 
kHz, and above that frequency the re- 
sponse drops by 20-dB/decade. 


100 
О Тағ 


(В) Netlist 


Fig 10.37 —А, a simple RC low-pass 
filter. 


At this point we could use this circuit to 
ask some “What if?" questions, but for a 
circuit this simple we could answer those 
questions with pencil and paper. Below is 
amore extensive design to show the power 
of simulation, where “What if?” questions 
and the interaction of numerous compo- 
nents are much more easily and clearly 
examined with a computer. 


Case Study No. 1: Transmitter 
Low-Pass Filter Design 


Our first design illustration will be a 
low-pass transmitter filter for 10 m and 
down that provides good attenuation at TV 
channel 2 and above. Such a filter is a real 
example of the effects discussed in this 
chapter and their magnitude. The chosen 
design specifications are as follows: 


Insertion Loss: <0.5 dB for f 
« 29.7 MHz 

Attenuation: 240 dB for f > 
54 MHz (TV channel 2) 


We will design the filter using the de- 
sign tables found in the References chap- 
ter, and then use circuit simulation to 
correct, tweak, and verify our design. Our 
objective is to include all the parasitic 
effects we have been discussing, and 
examine their effect and possible degra- 
dation of the filter transfer function. We 
will examine: 

1. Attenuation due to series resistance 

in inductors. 

2. Effects due to component tolerance. 

3. Self-resonance effects of the 

capacitors. 

From common sense, more components 
in the filter mean greater total possible 
parasitic effects, and greater total possible 
variation from the desired response curve. 
Therefore, we will choose the filter with 
the least number of components that can 
meet the specified rolloff (40 dB from 29.7 
to 54 MHz). The filter tables give param- 
eters for the three common filter classes— 
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Fig 10.38—Low-pass filter output 
simulation. 


Butterworth, Chebyshev, and Elliptic. 


Normalizing the filter specifications gives 


a ratio of faggp / fco = 54 / 29.7 = 1.82,0r 


N 
N equivalently, a rolloff of 40 / log10(1.82) 


154 dB/decade. Scanning the filter 
tables, we see that the minimum filter 


configurations that meet our needs are a: 


10-element Butterworth, a 7-element 
Chebyshev (at various ripple factors), and 
a 5-branch (7-element) Elliptic. The 
Butterworth will require 10 elements 
even though at first glance it seems an 
8-element, at 160 dB/decade, should fit 
the bill. The reason for this is that the 
Butterworth filter has a 3-dB loss at cut- 
off. Obtaining « 0.5 dB in the passband 
requires pushing the cutoff frequency 
to around 33 MHz, which then requires 
187 dB/decade, 10 elements. 

We therefore eliminate the Butterworth. 
The Chebyshev and Elliptic designs tie for 
the fewest elements (seven). The capaci- 
tive input/output Chebyshev contains 3 Ls 
and 4 Cs, the inductive version contains 4 
Ls and 3 Cs, and the Elliptic has 2 Ls and 
5 Cs. Given these three choices, we chose 
the 7-element capacitive input/output 


Chebyshev, even though the Elliptic may 


perform better, because its ideal rolloff 
curve is simpler than the Elliptic and the 
effects we are trying to show will be more 
easily discernible. 


Scanning the appropriate filter design j 
. table, it seems filter 52 will fit the bill if |. 


we scale it up Бу. а factor of 10, using 
the procedure outlined in the Filters chap- 
ter. This yields a cutoff frequency fog = 
32.6 MHz and a 40-dB frequency of 
51.9 MHz—plenty of room, or so it would 
seem. This design, which we'll call Filter 
A, is shown in Fig 10.39A. 

The calculated frequency response from 


SPICE for Filter А is shown by the line ~ 
labeled "Ideal" in Fig 10.40. (NOTE: The : 


SPICE input files that were used for gen- 
: erating the figures are grouped at the end 
of the discussion). The large figure shows 
the complete response while the inset 
shows a magnified picture around the cut- 
off frequency. At this stage the design 
seems to be performing nicely. Let's build 
it, okay? Not so fast. At this point, the 


` inductors and capacitors are still perfectly 


ideal. 

We should now approximate real effects 
as best we can. We know the inductors 
have series resistance—but how much? 
An approximate value (within a factor of 


` 2) should be good enough. Since this filter . 


should be able to handle 100 W of power, 
we should wind our coils ourselves using 
fairly large wire with an air core; this will 
also reduce the series resistance. Using the 
inductance formula from the AC Theory 
chapter, a 1-іпсһ 0.5 uH coil with a di- 
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Fig 10.39—Filter A, the initial design for the low-pass TVI filter. Values are in uH 
and pF. A, ideal case. B, nominal case including parasitics. 
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Fig 10.40—Response curves for Filter A for Ideal and Nominal cases. 


ameter of 0.5 inch, wound from #14 wire 
with 0.5-inch leads on each end, takes 
about 7 inches of wire, which for #14 
translates to.a resistance of about 0.01 Q. 
This is a dc value! Counting skin effect 
increases this to about 0.3 Q. We'll round 
this up to 0.5 Q to be conservative. 


pacitor, we'll round this up as well to 


The capacitors also will have some 


parasitic inductance..Again using the 


value computed above for the 470-pF ca- 


0.03 uH. We'll ignore the parasitic capaci- 
tance of the inductors just to keep it from 
getting too complicated; it's probably the 
smallest of all these effects anyway. 
With these additions, the electrical cir- 
cuitfor Filter A now looks like Fig 10.39B. 
This is now approaching the limits of hand 
calculations. SPICE has no problem, how- 
ever, and the response is shown by the 
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“Nominal” curve in Fig 10.40, again with 
the cutoff region magnified in the inset. 
Note that the notches produced by the ca- 
pacitor self-resonances actually help the 
stopband attenuation. However, the series 
resistances have now increased the inser- 
tion loss at 29.7 MHz to slightly more than 
1 dB! Our filter already shows signs of 
failure, but we have one more step to per- 
form before reevaluating our design. 
The curves in Fig 10.40 assume that 
the values of our components are exactly 


First Pass: with Tolerances 
Caps +10%, Coils +20% 
80 Event Analysis 


what we say they are, but the real ca- 
pacitors we buy will have a tolerance 
rating, probably in the range of 10%. 
Granted, if we have the means to mea- 
sure capacitors, we could hand-pick 
components with exactly the required 
values from a bag of capacitors, but our 
goal is to not to have to do that. We are 
hand-winding our inductors, and we 
will assume a tolerance of +20%. 

We can ask SPICE to perform a “Monte 
Carlo" or statistical analysis to answer the 
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Fig 10.41—Statistical analysis results for Filter A. 
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Fig 10.42—Filter B circuit and component values. 
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question, "How much can the filter re- 
sponse change from the nominal response 
if each component value actually falls ran- 
domly within a certain tolerance range?” 
Such an analysis is conducted by recalcu- 
lating the filter response n times, each time 
selecting a random value for each compo- 
nent from the specified range. To illus- 
trate, say we performed this analysis on 
the simple low-pass filter mentioned ear- 
lier, where R = 100 Q, 5%, and C = 1 uF, 
+10%. On each run of the analysis, SPICE 
would randomly choose a resistor value 
between 95 and 105 О and a capacitor 
value between 0.9 and 1.1 НЕ, and com- 
pute the new filter response. 

Obviously, the more “trials” we per- 
form in our statistical analysis, the more 
confidently we can say we will see the 
total possible variation. For our filter 
design, we performed 80 trials. The re- 
sults are shown in Fig 10.41. We now 
see a response “band” instead of a single 
response. While we can easily guaran- 
tee a cutoff of 40 dB at 54 MHz, the best 
we can do at 29.7 MHz is about 8 dB! In 
fact, from the magnified graph we see 
that we can guarantee 0.5 dB only up to 
about 17 MHz or so. Accounting for 
tolerances has produced the worst ef- 
fect! 

Let’s tweak the design to compensate. 
The outer tolerance of our response 
band for 40 dB is about 43 MHz. Let’s 
scale the filter up to place this point at 
54 MHz. Hopefully by so doing, we will 
move the response band near the cutoff 
region inside our specs. This is a scaling 
of 54/43 = 1.25x, placing the new cutoff 
at 32.6 x 1.25 = 40.7 MHz. Scaling the 
components appropriately, we arrive at 
the new circuit of Fig 10.42, which we'll 
call Filter B. 

The new "Ideal" and "Nominal" 
graphs are shown in Fig 10.43. The 
same parasitic values for Filter A were 
used for Filter B. Statistical analysis 
results for Filter B, where we assumed 
the same tolerances as for Filter A, are 
shown in Fig 10.44. As anticipated, the 
response window at 40 dB falls snugly 
inside 54 MHz. Now, the f,, specifica- 
tion is still inside the response band, 
but the majority of curves do fall above 
it. 

Given these results, at this point we 
could proceed in two directions. If we 
insist on the more robust design that has 
the tolerances factored in, we would de- 
cide that we do in fact need a steeper 
rolloff and would repeat this analysis 
for a 9-element Chebyshev filter, pushing 
the cutoff frequency out a little bit fur- 
ther. If we have the luxury of hand-pick- 
ing precise component values, we could 


stop here, since the nominal response 
curve is more than adequate. The main 
purpose of this example was to illustrate 
‘the power of simulation when the circuit 
gets complicated, and we wish to ask 
“What if?” questions. ' | 


Case Study Мо. 2: Amplifier 
. Distortion 


Another application where computer 
circuit simulation does a much faster, 
easier, and more accurate job than pencil 


and paper is Fourier analysis. Recall that . 
any periodic signal can be broken down - 


into a sum of sine waves of different am- 


. Ready-Made Models 


Many manufacturers provide 
computer models or data helpful 
when modeling their devices. 
William Sabin, МҮН, author of the 
Transceivers chapter, does quite a 
bit of computer modeling, so he 
provided this list of resources (for 
IBM PCs and compatible comput- 
ers). Do not write to Mr. Sabin for 

| this software, but rather contact the 
| manufacturer listed. - 

1. Avantek, "S Parameter Perfor- 
mance and Data Library." Collection 

| of transistor S Parameters. To be 
used in SPICE programs. Two 
disks. 

2. Linear Technology Co, “SPICE 

'| Models for LTC Linear IC Products." 

| А second disk contains “Noise 
Models" for SPICE that are used to 

| predict noise performance using 


| SPICE. 


| 3. Burr-Brown, "PSPICE 

1 Macromodels" for Burr-Brown op 

| amps. : 

| 4. Analog Devices Co, “SPICE 

] Model Library" for Analog Devices ` 
] Op amps and other linear ICs. 

5. Texas Instruments, “Opera- 
tional Amplifier, Comparator and 
Building Block Macromodels." 

6. Motorola, "Discrete Data Disk." 

7. Motorola, "Scattering Param- 
eter Library," for EESOF Touch: 

‚ stone. | 

8. Motorola, “Scattering Param- 
eter Plotting Utility," for EESOF 
Touchstone. 

9. Motorola, "Impedance Matching 
Program," for EESOF Touchstone. 

10. ARRL, "UHF/Microwave 
Experimenter's Manual," Software 
Disk. 

11. Precision Monolithics, “SPICE 
Macro-Models," op amps. > 

12. Tektronix, "BJT SPICE 
Subcircuits." 

13. Harris, *SPICE Macro- 
Models," op amps. 


plitudes whose frequencies are multiples 
of the fundamental frequency of the sig- 
nal. Performing such an analysis allows us 
to identify how much signal power is con- 
tained in the fundamental frequency and 
its harmonics. A Fourier transform is the 


. representation of a signal by its frequency 


components, and resembles what you 
would see if you fed the signal into a Ter 
trum analyzer. 

Consider the amplifier circuit in Fig 
10.45, which is a simple common-emit- 


ter audio amplifier. The frequency re- 
sponse of its voltage gain, calculated 
from SPICE, is shown in Fig 10.46. Pay 
particular attention to the voltage gain 
at 1 kHz, which is 148, or 43.4 dB. If we 
place a small ac signal on the input as 
shown in Fig 10.45, the output will bea 
faithfully amplified sine wave. How- 
ever, the amplifier is powered from a 
9-V supply, so when the output reaches 
this level, the waveform will begin 
to show signs of clipping. For a 
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Fig 10.44— Statistical analysis results for Filter B. 
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{ 


1-kHz signal, this will occur at roughly 


Except as indicated, decimal 


values of capacitance are Vin = 4.5/148 = 0.03 V amplitude. 
in токо ( uF | others Total Harmonic Distortion is acommon 
x SPEO °( me figure of merit for audio amplifiers, and is 
k=1,000, M=1,000,000. defined as 
Pu 
THD = — x 100 (18) 
Pr 
where 
THD = total harmonic distortion, in 
percent 


Pg = total power in all harmonics above 
the fundamental 
Pp = power in fundamental. 


SPICE readily calculates the Fourier 
content of a signal and also THD. Assume 
that we will tolerate 5% THD for our de- 
sign. What is the maximum swing we can 
allow the input signal? 

Fig 10.47 shows the output waveforms 
that SPICE calculates for our circuit with 
input signals of 0.001, 0.003, 0.01, 0.03 
and 0.1-V amplitude. Note that, as ex- 
pected, the last two input voltages show 
definite signs of clipping. What is not so 
evident is that the smaller inputs have 
some distortion as well, due to the small 
but finite nonlinearity of the amplifier 
even at those voltages. 

Fig 10.48 shows the relative amplitudes 
of the harmonic content (Fourier trans- 
form) of the Fig 10.47 waveforms, all nor- 
malized to fundamental = 100%. You can 
see how the higher harmonics grow in 
strength as the signal increases, especially 
100Hz 1.0kKHz  10kHz  100kHz 1.0 MHz when the clipping starts. The THD for each 

Frequency case is also shown, and from this simula- 
tion we see we must limit our input to 
somewhere between 0.003 and 0.01 V. We 


Amplifier Gain (dB) 


Fig 10.46—Frequency response of the voltage gain of the amplifier in would pin this down more closely by run- 
Fig 10.45. The gain at 1 kHz is approximately 148 or 43 dB. ning another simulation around this 
“window.” 


A caution is in order here. Circuit 
models have limits just as do circuits. 
The models apply only over a limited 
dynamic range. that’s why we have both 
small- and large-signal models. One 
challenge of CAD is determining the 
limits of your models. There is more 
information about this in the sections on 
modeling transistors. 


Conclusion 


Start using your computer for more 
challenging tasks than QSL bookkeep- 
ing! Just like any other piece of soft- 
ware, you'll find yourself using SPICE 
to do things you never thought of trying 


Amplitude (Volts) 


Vin = 0.001, 0.003, 0.01, 0.03, 0.1 V 


1 i before. It can even do digital circuits 
3.60 4.00 - and transmission lines (no antennas, 
Time (ms) though). Remember that a computer is 
only as smart as the person using it! 
Fig 10.47—Output waveforms for 1-kHz inputs of different magnitudes. Note the Have fun! 


clipping that begins to appear at approximately Vin = 0.03 V. 
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APPENDIX: SPICE Input Files 
TVI Filter (Case Study 1) 


TVI filter 1 
Table 30.22 no. 52 Chebyshev 


* 


* Define elements as 


Subcircuits. 
* 
..SUBCKT CA 11 13 
C 11 12 CMOD 110PF 
R 11 12 1GOMEGA 
LX 12 13 LSELF 1UH 
..ENDS CA 
..SUBCKT CB 11 13 
C 11 12 CMOD 200PF 
R 1 12 1GOMEGÀ 
LX 12 13 LSELF 1UH 
..ENDS CB 
..SUBCKT LA ii 12 
L 11 13 LMOD 0.350UH 
R 13 12 RSERIES 1 
..ENDS LA 
..SUBCKT LB 11 12 
L 11 13 LMOD 0.389UH 
R 13 12 RSERIES 1 
.ENDS LB 


* Model statements for toler- 
ance simulation 

Е and parasitics 

* 

MODEL CMOD CAP 

MODEL LMOD IND 

MODEL LSELF IND 

MODEL RSERIES RES 


* 


(C21 DEV 10$) 

(L=1 DEV 20%) 
(L=0.03) 

(R= 0.5) 

* Assemble filter as 


subcircuit. 
* 


larger 


Strength 


Vin 0.001 
THD(%) 0.76 


0.003 
2.24 


0.01 
7.51 


0.03 0.1 
20.8 45.4 


Fig 10.48—Fourier (harmonic) decomposition and Total Harmonic Distortion values 


for the waveforms in Fig 10.47. 


..SUBCKT FILTER 1 4 


XC1 1 0 CA 
ХІІ 1 2 LA 
XC2 2 0 CB 
XL2 2 3 LB 
XC3 3 0 CB 
XL3 3 4 LA 
XC4 4 0 CA 


..ENDS FILTER 
* 
Place filter on "test bench" 

* with 50-Qsource and load 
resistances 

* 

VIN1 510 ac 2 

RIN1 51 52 50 

XF1 52 53 FILTER 

ROUT153 0 50 


* 


* Sweep 
* 
..ac DEC 80 10MEGHZ 100MEGHZ 
..MC 80 ac VDB(53) FALL EDGE -46 
LIST OUTPUT(ALL) 
.. PROBE VDB(53) 
. END 


CE Audio Amp (Case Study 2) 


Amplifier with distortion test 
* 


Real-World Component Characteristics 


VSIG 10 ac 0.01 SIN (0 
0.001 1KH2) 

RIN 17 100 

CIN 7.2 2UF 

RB1 5 2 43K 

RB2 20 10K 

Q1 11 2 4 Q2N2222A 

RC 5 11 2200 

RE 40 470 

CE 4 0 1000Е 

СООТ 11 12 1UF 

ROUT 12 0 1MEG 

VBIAS 5 0 Dc 9 


* 


. MODEL Q2N2222A NPN(IS-14.34f 
Xti-3 Eg=1.11 Vaf-74.03 Bf-255.9 
Ne-1.307 

+Ise=14.34f Ikf-.2847 Xtb-1.5 
Br=6.092 Nc-2 Isc=0 Ikr-0 Rc-1 

+Cjc=7.306p Mjc-.3416 Vjc=.75 
Fc-.5 Сје=22.01р Mje=.377 Vje=.75 


+Tr=46.91n ТЁ=411.1р  Itf-.6 
Vtf-1.7 Xtf-3 Rb-10) 
*National pid-19 case=TO18 


* 


..AC DEC 10 1HZ 1MEGHZ 
+. TRAN 1MS 10MS 2MS 2005 
..FOUR 1KHZ V(12) 

.. PROBE v(12) v(1) 

. END 
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LOW-FREQUENCY 
TRANSISTOR MODELS 


THE FUNDAMENTAL EQUATIONS 


Design models are based on the physics 
of the components we use. The complex- 
ity of models can vary widely though, and 
many times we can use very simple mod- 
els to achieve our goals. Increasingly com- 
plex models are developed and used only 
when demanded by the circuit application. 

In this discussion, we will focus on 
simple models for bipolar transistors 
(BJTs) and FETs. These models are rea- 
sonably accurate at low frequencies, and 
they are of some use at RF. For more so- 
phisticated RF models, look to profes- 


Fig 10.49—Bipolar transistor with 
voltage bias and input signal. 


(8 + 1)re 


Fig 10.50—Simplified low-frequency 
model for the bipolar transistor, a “beta 
generator with emitter resistance.” 
re=26 / le(mA dc). 
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sional RF-design literature. This discus- 
sion is adapted from Wes Hayward’s In- 
troduction to RF Design. Derivations of 
the material shown here appear in that 
book, an excellent text for the beginning 
RF designer. 

This discussion is centered on NPN BJTs 
and N-channel JFETs. The material here 
applies to PNPs and P-channel FETs when 
you simply change the bias polarities. 

First, consider the bipolar transistor as a 
current controlled device. When the base 
current controls the collector current, this 
equation defines the transistor operation 


I= Bl, (19) 


where B = common-emitter current gain. 

When we consider a transistor as a volt- 
age-controlled device, this equation de- 
scribes it (emitter current, Ie, in terms of 
base-emitter voltage, Vpe): 


Ie = Ies [exp(qV/kT) - 1] 


= Ies exp(qV/KkT) (20) 


where 
V = М 
q = electronic charge 
k = Boltzmann’s constant 
T = temperature in kelvins (K) 
Ip = emitter saturation current, typically 
1 x 10-13 А. 


Both equations approximate models of 
more complex behavior. Equation 20 is a 
simplification of the first Ebers-Moll 
model (Ref 1). More sophisticated models 
for BJTs are described by Getreu in Ref 2. 
Equations 19 and 20 apply to both transis- 
tor dc biasing and signal design. 

The operation of an N-channel JFET can 
be characterized by 


Ip = Ipss (1 - Vsg/ Vp? 


where 

Ipss = drain saturation current 
Vsg = the source-gate voltage 
Vp = the pinch-off voltage. 


(21) 


This equation applies on so long as Vs, 
is between 0 and V,. JFETs are seldom 


Fig 10.51—The hybrid-pi model for the 
bipolar transistor. 


used with the gate-to-channel diode for- 
ward biased. Drain current, Ip, is 0 when 
У. exceeds У„. This equation applies to 
both biasing and signal design. 

Now that we have some basic equations, 
let’s go on to some other areas: 

* Small-signal amplifier design (and ap- 
plication limits). 

* Large-signal amplifier design (distor- 
tion from nonlinearity). 


BIPOLAR TRANSISTORS (SMALL 
SIGNALS) 


Transistors are usually driven by both 
biasing and signal voltages. Small-signal 
models treat only the signal components. 
We will consider bias and nonlinear signal 
effects later. 


A Basic Common-Emitter Model 


Fig 10.49 shows a BJT amplifier. The 
circuit is adequately described by equa- 
tion 19. A mathematical analysis of the 
control and output currents and voltages 
yields the small-signal common-emitter 
amplifier model shown in Fig 10.50. This 
is the most common of all transistor small- 
signal models, a controlled current source 
with emitter resistance. 

In order to use this model, however, we 
must have a value for r,. That's no trouble, 
however, re = КТ / qlo, or re = 26 / Ie, where 
I, is the dc bias current in milliamperes. 
This value applies at a typical ambient 
temperature of 300 K. 

The device output resistance is infinite 
because it is a pure current source, which is 
a good approximation for most silicon tran- 
sistors at low frequencies. In use, the col- 
lector lead would feed a load resistor, Кү. 
For this model, that resistance must be 
small enough so that the collector bias volt- 
age is positive for the chosen bias current. 


Gain vs Frequency 


Fig 10.50 is alow frequency approxima- 
tion. As signal frequency increases, how- 
ever, current gain appears to decrease. The 
low-frequency current gain is Во. Во is 
constant through the audio spectrum, butit 
eventually decreases, and at some high 
frequency it will drop by a factor of 2 
for each doubling of signal frequency. A 
transistor’s frequency vs current gain rela- 
tionship is specified by its gain-bandwidth 
product, or Fr. Fr is the frequency at which 
the current gain is 1. Common transistors 
for lower RF applications might have Bo = 
100 and Ет = 500 MHz. The frequency 
where current gain is Bo V2 is called Fg 
and related to Ет by Fg = Fr / Bo. 

The frequency dependence of current 
gain is modeled by adding a capacitor 
across the base resistor of Fig 10.50A; 
Fig 10.51, the hybrid-pi model results. The 


capacitor reactance should equal the low- 
frequency input resistance, (В + 1)г,, at 
Ер. This simulates a frequency-dependent 
current gain. 


Three Simple Models 


Even though transistor gain varies with 
frequency, the simple model is still useful 
under certain conditions. Calculations 
show that the simple model is valid, with 
В = Ет / F, for frequencies well above Ев. 
The approximation worsens, however, as 


and the approximation applies 


when В ) 20 at the operating frequency. 


A simple model for an NPN common- 
emitter amplifier and the pertinent 
design equations. The minus signs 
indicate a 180° phase difference 
between input and output. The 
approximate voltage gain requires 
that B is high. Amplifier gain may be 
controlled by changing re, that is: by 
choosing operating current or 
adding resistance to the emitter 
circuit. Adding resistance to the 
emitter circuit is a form feed-back 
called emitter degeneration. 


the operating frequency (fọ) approaches 
Fr. Fig 10.52 shows small-signal models 
for the three common amplifier configura- 
tions: common emitter (ce), common base 
(cb) and common collector (cc). 

The common-collector amplifier, un- 
like the common-emitter or common-base 
configurations, has a finite output resis- 
tance. This resistance is calculated by 
short circuiting the input voltage source, 
V,, and “driving” the output port with 
either a voltage or current source. The re- 


A small-signal common-base (cb) 
amplifier model. The background 
equation at the base is identical with 
that for the ce amplifier, but the 
direction of the base and collector 
currents is different. The 
calculations yield these design 
equations: 


В +1 


ais very close to 1, because f is 
usually much greater than 1. The cb 
amplifier, when driven from a 
voltage source, has a voltage gain of 
Gy=aR, (This gain is 
noninverting.) 


sult is the equation for Rout that appears in 
the figure. 

The common-collector example shows 
characteristics that are more typical of 
practical RF amplifiers than the idealized 
ce and cb amplifiers. Specifically, the in- 
put resistance is a function of both the de- 
vice and the termination at the output. The 
output resistance is critically dependent 
upon the input driving source resistance. 

These examples have used the simplest 
of models, the controlled current genera- 


The cc amplifier, often called an emitter 
follower. The driving source for this 
example contains a resistance, R,. Noting 
the direction of the assumed currents 
shown, the nodal equations yield: 


z Vs (B + 1)(re + а) 
Rs (В + (te + RL) 


Vb RL 


b 


ге + В 


The output voltage, Vout: is related to 
the base voltage through voltage 
divider action. 


The emitter current is related directly to 
the base voltage by 


Gy 


Ri + le 


which is approximately 1 when R, is 
much larger than ге, 


Fig 10.52—Application of small-signal models for analysis of (A) the ce amplifier, (B) the cb and (C) the cc bipolar transistor 


amplifiers. 


Real-World Component Characteristics 
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tor with an emitter resistance, rę. Better 
models are necessary to design at high fre- 
quencies. The simplified hybrid-pi of 
Fig 10.51 is often suitable. 


Small-Signal Design at RF 


Fig 10.53 shows a better small-signal 
model for RF design that expands on the 
hybrid-pi. Consider the physical aspects 
of a real transistor: There is some capaci- 
tance across each of the PN junctions (Cep 
and Сд) a capacitance from collector to 
emitter (С). There are also capacitances 
between the device leads (Ce, Cp and C, ). 
There is a resistance in each current path, 
emitter to base and collector. From emit- 
ter to base, there is rg from the hybrid-pi 
model and r’b, the "base spreading" resis- 
tance. From emitter to collector is Ro, the 
output resistance. The leads from the die 
to the circuit present three inductances. 

Manual circuit analysis with this model 


Collector 


Emitter 
doesn’t look like much fun. It’s best tack- 
Fig 10.53—A more refined small-signal model for the bipolar transistor. Suitable led with the aid of acomputer and special- 
for many applications near the transistor Fr. ized software. Other methods are pre- 
sented in Hayward’s Introduction to RF 
Design. 


Don’t be intimidated by the complexity 
of the model, however. Surprisingly accu- 
rate results may be obtained, even at RF, 
from the simple models. Simple models 
also give a better “feel” for device charac- 
teristics that might be obscured by the 
mathematics of a more rigorous treatment. 
Use the simplest model that describes the 
important features of the device and cir- 
cuit at hand. 


Biasing Bipolar Transistors 


Proper biasing of the bipolar transistor 
is more complicated than it might appear. 
The Ebers-Moll equation would suggest 
that acommon-emitter amplifier could be 
built as shown in Fig 10.49, grounding the 
emitter and biasing the base with a con- 
stant voltage source. Further examination 
shows that this presents many problems. 
The worst is that constant-voltage bias 
ultimately leads to thermal runaway. 
Constant-voltage biasing applied to the 
base is almost never used. 

Constant base-current biasing is shown 
in Fig 10.54A. This works reasonably well 
if the current gain is known, which is 
rarely true. A transistor with a typical B of 
100 might actually have values ranging 
from 50 to 250. A slightly improved 
method is shown in Fig 10.54B, where the 
bias is derived from the collector. As cur- 
rent increases collector voltage decreases, 
as does the bias current flowing through 
R,. This ensures operation in the transistor 
active region. 

The most common biasing method is 


Fig 10.54—Simple biasing methods for ce amplifier. The scheme at (A) suffers if B 
is not well known. Negative feedback is used in (B). 


Fig 10.55—(A) Circuit used for evaluation of transistor biasing. (B) The model aids : 
used for bias calculations. shown in Fig 10.55A. The device model 
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used, shown in Fig 10.55B, is based on the 
Ebers-Moll equation, which shows that 
virtually no transistor current flows until 
the base-emitter voltage reaches about 0.6. 
Then, current increases dramatically with 
small additional voltage change. The tran- 
sistor is thus modeled as a current con- 
trolled generator with a battery in series 
with the base. The battery voltage is AV. 

The circuit is analyzed with nodal equa- 
tions. The collector resistance, Rs, is ini- 
tially assumed to be zero. The analysis re- 
sults in three equations for Vp, Vc’ and Ip: 


V, R2R3 + AvR2 | ERI 
y " В+1 
i ee ee ШЫ Е UE RN 
R3R4 + R2RA * R2R3 + RIRZ + ÈE 
B+1 
(22) 
AV -V 
R1V, RAV ВІКА | ——— +. 
So cc b + В ГА + 7 
5 КІ + R4 
(23) 
i V, = AV 
bo o 4 
R3(B + 1) Q4) 


The emitter current is then Iy(B + 1). 
Once the circuit has been analyzed, R5 
may be taken into account. The final col- 
lector voltage is 
Ve = V, - BI, R5 (25) 

The solution is valid so long as V, ex- 
ceeds Vp. 

Analysis of these equations with a com- 
puter or hand-held programmable calcu- 
lator shows that I, is not a strong function 
of the transistor parameters, AV and В. In 
practice, the base biasing resistors, R1and 


R2, should be chosen to draw a current * 


that is much larger than Ip (to eliminate 
effects of D variation). Vp should be much 
larger than AV to reduce the effects of 
variations in AV. 

Three additional biasing schemes are 
presented in Fig 10.56. All provide bias 
that is stable regardless of device param- 
eter variations. A and B require a negative 
power supply. The circuit of Fig 10.56C 
uses a second, PNP, transistor for bias 
control. The PNP transistor may be re- 
placed with an op amp if desired. All three 
circuits have the transistor emitter 
grounded directly. This is often of great 
importance in microwave amplifiers. 
These circuits may be analyzed using the 
simple model of Fig 10.55. 

The biasing equations presented may be 
solved for the resistors in terms of desired 


Fig 10.56—Alternative biasing methods. (A) and (B) use dual power supplies, (B) 
and (C) allow the emitter to be at ground while still providing temperature-stable 


operation. 


Relative Current 


e Vp sin 6/26 


= Iggl 
eVp/26 


Ө, Degrees 


Fig 10.57—Normalized relative current of bipolar transistor under sinusoidal drive 


at the base. 


operating conditions and device param- 
eters. It is generally sufficient, however, 
to repetitively analyze the circuit, using 
standard resistor values. 

The small-signal transconductance of a 
common-emitter amplifier was found in 
the previous section. If biased for constant 
current, the small-signal voltage gain will 
vary inversely with temperature. Gain may 
be stabilized against temperature varia- 
tions with a biasing scheme that causes the 
bias current to vary in proportion to ab- 
solute temperature. Such methods, 
termed PTAT methods, are often used in 
modern integrated circuits and are find- 
ing increased application in circuits built 


Real-World Component Characteristics 


from discrete components. 


Large-Signal Operation 

The models presented in previous sec- 
tions have dealt with small signals applied 
to a bipolar transistor. While small-signal 
design is exceedingly powerful, it is not 
sufficient for many designs. Large signals 
must also be processed with transistors. 
Two significant questions must be consid- 
ered with regard to transistor modeling. 
First, what is a reasonable limit to accu- 
rate application of small-signal methods? 
Second, what are the consequences of ex- 
ceeding these limits? 

The same analysis of the Ebers-Moll 
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model yields an equation for collector 
current. The mathematics show that cur- 
rent will vary in a complicated way, for 
the sinusoidal signal voltage is embedded 
within an exponential function. Nonethe- 
less, the output is a sinusoidal current if 
the signal voltage is sufficiently low. 

The current of the equation may be stud- 
ied by normalizing the current to its peak 
value. The result is relative current, Ip, 
which is plotted in Fig 10.57 for Ур values 
of 1, 10, 30, 100, and 300 mV. The 1-mV 
case is very sinusoidal. Similarly, the 
10-mV curve is generally sinusoidal with 
only minor distortions. The higher ampli- 
tude cases show increasing distortion. 

Constant base-voltage biasing is un- 
usual. More often, a transistor is biased to 
produce nearly constant emitter current. 
When such an amplifier is driven by a large 
input signal, the average bias voltage will 
adjust itself until the time average of the 
nonlinear current equals the previous con- 
stant bias current. Hence, it is vital to con- 
sider the average relative current of the 
waveforms of Fig 10.57. This is evaluated 
through calculus. 

The average relative currents for the 
cases analyzed occur at the intersection of 
the curves with the dotted lines of 
Fig 10.57. For example, the dotted curve 
intersects the Vy = 300-mV waveform at 
an average relative current of 0.12. If an 
amplifier was biased to a constant current 
of 1 mA, but was driven with a 300-mV 
signal, the positive peak current would 
reach a value greater than the average by 
a factor of 1/(0.12). The average current 
would remain at 1 mA, but the positive 
peak would be 8 mA. The transistor would 
not conduct for most of the cycle. 

The curves have presented data based 
upon the simplest of large-signal models, 
the Ebers-Moll equation. Still, the simple 
model has yielded considerable informa- 
tion. The analysis suggests that a reason- 
able upper limit for accurate small-signal 
analysis is a peak base signal of about 
10 mV. The effect of emitter degeneration 
is also evident. Assume a transistor is bi- 
ased for re = 5 Q and an external emitter 
resistor of 10 Q is used. Only the re portion 
of the 15Q total is nonlinear. Hence, this 
amplifier would tolerate a 30-mV signal 
while still being well described with a 
small-signal analysis. 


FETS 


An often used device in RF applications 
is the field-effect transistor (FET). There 
are many kinds: JFETs, MOSFETs and so 
on. Here we will discuss JFETs, with the 
understanding that other FETs are similar. 

We viewed the bipolar transistor as con- 
trolled by either voltage or current. The 
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Fig 10.58—Biasing schemes for a common-source JFET amplifier. —Vpias is 
normally adjusted to suit each device; there is a significant spread over a 
product run. Also note that some FETs can exhibit thermal runaway in some 


current/temperature ranges. 


Fig 10.59—Small-signal models for the JFET. (A) is useful at low frequency, (B) is 
a modification to approximate high-frequency behavior. 


JFET, however, is purely a voltage con- 
trolled element, at least at low frequen- 
cies. The input gate is usually a reverse 
biased diode junction with virtually no 
current flow. The drain current is related 
to the source-gate voltage by: 


2 


у 
5р 
Ip = Ins |1- > 0 < Уш 


5 V, 


I, =0 у (26) 


where Ipss is the drain saturation current 
and Vy is the pinch-off voltage. Operation 
is not defined when Veg is less than zero 


because the gate diode is then forward 
biased. Equation 26 is a reasonable ap- 
proximation as long as the drain bias volt- 
age exceeds the magnitude of the pinch- 
off voltage. 


Biasing FETs 


Two virtually identical amplifiers us- 
ing N-channel JFETs are shown in 
Fig 10.58. The two circuits illustrate the 
two popular methods for biasing the JFET. 
Fixed gate-voltage bias, Fig 10.58A, is 
feasible for JFETs because of their favor- 
able temperature characteristics. As the 
temperature of the usual FET increases, 
current decreases, avoiding the thermal- 


runaway problem of bipolar transistors. 


A known source resistor, Rs in Fig 10.58B, will 
lead to a known source voltage. This is obtained. 


from a solution of equation 26: 
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The drain current is then obtained by direct sub- 


stitution. : 


Alternatively, a desired drain current less than 
Ipss may be achieved with a proper choice of source 


resistor : 


0.5 


Is) 09 


The small-signal transconductance of 


the JFET is obtained by differentiating : 


equation 26 


g = dip 2 -2Ipss 1- M" 29 
EE E V, 29 


The minus sign indicates that the equa- | 
tion describes а common-gate configura- ' 


tion. The amplifiers of Fig 10.58 are both 
common-source types and are described 
by equation 29 except that gm is now posi- 
tive. Small-signal models for the JFET are 
shown in Fig 10.59. The simple model is 
that inferred from the equations while the 
model of Fig: 10.59B contains capacitive 
elements that are effective in describing 


"high-frequency behavior. Like the bipolar ' 


transistor, the JFET model will grow in 


complexity as more sophisticated applica- - 


tions are encountered. 


Large-Signal Operation . 

Large-signal JFET operation is exam- 
ined by normalizing the previous equation 
to Vp = 1 and Ipss = 1 and injecting a 
sinusoidal signal. The circuit is shown in 
Fig 10.60. Also shown in the figure are 
examples for a variety of bias and sinusoid 
amplitude conditions. The main feature is 
the asymmetry of the curves, The positive 
portions of the oscillations are farther 
from the mean than are the negative excur- 
sions. This is especially dramatic when the 
bias, vo, is large, which places the quies- 
cent point close to pinch-off. With such 
bias and high-amplitude drive, conduction 
occurs only over a small fraction of the 
total input waveform period. . 


Ө, Degrees 
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‘Relative Current 
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Fig 10.60—Relative normalized drain current for a JFET with constant 


voltage bias and sinusoidal signals. Relatively “clean” waveforms exist 
for iow signals while large input amplitudes cause severe distortion. 


i 


The average current for these operating 
conditions can be determined by calculus. 


The average current values obtained 
may be further normalized by dividing 


by the corresponding dc bias current, 
Iy = (1- Va). The results are shown in 
Fig 10.61. The curves show that the aver- 
age current ‘increases as the amplitude of 
the drive increases. This, again, is most 


pronounced when the FET is biased close | 


to pinch-off. ` А 
-Although practical for the JFET, con- 


stant-voltage operation in the previous ` 


curves is not common. Instead, a resistive 
bias is usually employed, Fig 10.58B. 
With this form of bias, the increased cur- 
rent from high signal drive will cause the 
voltage drop across the bias resistor to 
increase. This will then move the quies- 
cent operating level closer to pinch-off, 
accompanied by a reduced small-signal 
transconductance. This behavior is vital 
in describing the limiting found in FET 
oscillators. | 

The limits on small-signal operation аге 
not as well defined for a FET as they were 
for the bipolar transistor. Generally, a 
maximum voltage of 50 to 100 mV is al- 
lowed at the input (normalized to a 1-V 
pinch-off) without severe distortion. The 
voltages are much higher than they were 
for the bipolar transistor. However, the 
input resistance of the usual common 
source amplifier is so high and the corre- 
sponding transconductance low enough 
that the available gain is no-greater than 


could be obtained with a bipolar transis- ` 


_ Real-World Component Characteristics 


[ v=vo+ y sin Ө 


Fig 10.61—Change in average current 

of a JFET with increasing input signals. : 
The average current with no input ; 
signals is lọ, while v4 is the normalized 
drive amplitude, and vo is the bias 
voltage. i 


tor. The distortion is generally less with 
FETs, owing to the lack of high-order cur- 
vature in the defining equations. 

Many of the standard circuits used with 
bipolar transistors are also practical with - 
FETs. Noting that the transconductance of 
a bipolar transistor is gm = Ie (dc mA) / 26, 

‘the previous equations may be applied di- 
rectly. The “emitter current” is chosen to 
correspond with the FET transcon- 
ductance. A very large value is used for 
current gain. The same calculator or 
computer program is then used directly. In 
practice, much higher terminating imped- 
ances are needed to obtain transducer gain 
values similar to those of bipolar transis- 
tors. : 
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Glossary 


Bipolar Transistor — A term used to denote the 
common two junction transistor types (NPN, 
PNP) as opposed to the field effect families of 
devices (JFET, MOSFET and so on.). 

Bleeder — A resistive load across the output or 
filter of a power supply, intended to quickly 
discharge stored energy once the supply is 
turned off. 

C-Rate — The charging rate for a battery, ex- 
pressed as a ratio of the battery’s ampere-hour 
rating. 

Circular Mils — A convenient way of express- 
ing the cross-sectional area of around conduc- 
tor. The area of the conductor in circular mils 
is found by squaring its diameter in mils (thou- 
sandths of an inch), rather than squaring its 
radius and multiplying by pi. For example, the 
diameter of 10-guage wire is 101.9 mils 
(0.1019 inch). Its cross-sectional area is 10380 
CM, or 0.008155 square inches. 

Core Saturation (Magnetic) — That condition 
whereby the magnetic flux in a transformer or 
inductor core is more than the core can handle. 
If the flux is forced beyond this point, the per- 
meability of the core will decrease, and it will 
approach the permeability of air. 

Crowbar — A last-ditch protection circuit in- 
cluded in many power supplies to protect the 
load equipment against failure of the regulator 
inthe supply. The crowbar senses an overvolt- 
age condition on the supply's output and fires 
a shorting device (usually an SCR) to directly 
short-circuit the supply's output and protect 
the load. This causes very high currents in the 
power supply, which blow the supply's input- 
line fuse. 

Darlington Transistor — A package of two tran- 
sistors in one case, with the collectors tied to- 
gether, and the emitter of one transistor con- 
nected to the base of the other. The effective 
current gain of the pair is approximately the prod- 
uct of the individual gains of the two devices. 

DC-DC Converter — A circuit for changing the 
voltage of a dc source to ac, transforming it to 
another level, and then rectifying the output to 
produce direct current. 

Fast Recovery Rectifier — A specially doped 
rectifier diode designed to minimize the time 
necessary to halt conduction when the diode is 
switched from a forward- biased state to a re- 
verse-biased state. 


Foldback Current Limiting — A special type 
of current limiting used in linear power sup- 
plies, which reduces the current through the 
supply's regulator to a low value under short 
circuited load conditions in order to protect 
the series pass transistor from excessive power 
dissipation and possible destruction. 


‘Ground Fault (Circuit) Interrupter (GFI or 


СЕСІ) — A safety device installed between 
the household power mains and equipment 
where there is a danger of personnel touching 
an earth ground while operating the equip- 
ment. The GFI senses any current flowing 
directly to ground and immediately switches 
off all power to the equipment to minimize 
electrical shock. GFIs are now standard equip- 
ment in bathroom and outdoor receptacles. 


Input-Output Differential — The voltage drop _ 


appearing across the series pass transistor in a 
linear voltage regulator. This term is usually 
stated as a minimum value, which is that volt- 
age necessary to allow the regulator to func- 
tion and conduct current. A typical figure for 

` this drop in most three-terminal regulator ICs 
is about 2.5 V. In other words, a regulator that 
is to provide 12.5 V dc will need a source volt- 
age of at least 15.0 V at all times to maintain 
regulation. 

Inverter — A circuit for producing ac power 
from a dc source. 

Peak Inverse Voltage — The maximum reverse- 
biased voltage which a semiconductor is rated 
to handle safely. Exceeding the peak inverse 
rating can result in junction breakdown and 
device destruction. 

Power Conditioner — Another term for a power 
supply. 

Regulator — A device (such as a Zener diode) 
or circuitry in a power supply for maintaining 
a constant output voltage over a range of load 
currents and input voltages. 


· Resonant Converter — A form of dc-dc con- 


verter characterized by the series pass switch 
turning on into an effective series-resonant 
load. This allows a zero current condition at 
turn-on and turn-off. The resonant converter 
normally operates at frequencies between 
100 kHz and 500 kHz and is very compact in 
size for its power handling ability. 

Ripple — The residual ac left after rectification, 
filtration and regulation of the input power. 
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RMS — Root of the Mean of the Squares. Refers 
to the effective value of an alternating voltage or 
current, corresponding to the dc voltage or cur- 
rent that would cause the same heating effect. 

Second Breakdown — A runaway failure con- 
dition in a transistor, occurring at higher col- 
lector-emitter voltages, where hot spots occur 
due to (and promoting) localization of the col- 
lector current at that region of the chip. 

Series Pass Transistor, or Pass Transistor — 
The transistor(s) that controls the passage of 
power between the unregulated dc source and 
the load in a regulator. In a linear regulator, the 
series pass transistor acts as a controlled resistor 
to drop the voltage to that needed by the load. In 
a switch-mode regulator, the series pass transis- 
tor switches between its ON and OFF states. 

SOAR (Safe Operating ARea) — The range of 
permissible collector current and collector- 
emitter voltage combinations where a transis- 
tor may be safely operated without danger of 
device failure. 

Spike — An extremely short perturbation on a 
power line, usually lasting less than a few mi- 
croseconds. 

Surge — A moderate-duration perturbation on a 
power line, usually lasting for hundreds of 
milliseconds to several seconds. 

Transient — A short perturbation on a power 
line, usually lasting for microseconds to tens 
of milliseconds. 

Varistor — A surge suppression device used to 
absorb transients and spikes occurring on the 
power lines, thereby protect electronic equip- 
ment plugged into that line. Frequently, the term 
MOV (Metal Oxide Varistor) is used instead. 

Volt-Amperes — The product obtained by mul- 
tiplying the current times the voltage in an ac 
circuit without regard for the phase angle 
between the two. This is also known as the 
apparent power delivered to the load as op- 
posed to the actual or real power absorbed by 
the load, expressed in watts. 

Voltage Multiplier — A type of rectifier circuit 
that is arranged so as to charge a capacitor or 
capacitors on one half-cycle of the ac input 
voltage waveform, and then to connect these 
capacitors in series with the rectified line or 
other charged capacitors on the alternate half- 
.cycle. The voltage doubler and tripler are com- 
monly used forms of the voltage multiplier. 
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Alternating-Current Power 


The text for the theory portion of this 
chapter was written by Ken Stuart, W3VVN. 

In most residences, three wires are 
brought in from the outside electrical- 
service mains to the house distribution panel. 
In this three-wire system, one wire is neutral 
and is at earth ground. The voltage between 
the other two wires is 60 Hz alternating cur- 
rent with a potential difference of approxi- 
mately 240 V RMS. Half of this voltage 
appears between each of these wires and the 
neutral, as indicated in Fig 11.1A. In sys- 
tems of this type, the 120 V household loads 
are divided at the breaker panel as evenly as 
possible between the two sides of the power 
mains. Heavy appliances such as electric 
stoves, water heaters, central air condition- 
ers and so forth, are designed for 240 V op- 
eration and are connected across the two un- 
grounded wires. 

Both ungrounded wires should be fused. 
A fuse or switch should never be used in the 
neutral wire, however. The reason for this is 
that opening the neutral wire does not dis- 
connect the equipment from an active or 
“hot” line, creating a potential shock hazard 
between that line and earth ground. 

Another word of caution should be 
given at this point. Since one side of the ac 
line is grounded to earth, all communica- 
tions equipment should be reliably con- 
nected to the ac-line ground through a 
heavy ground braid or bus wire of #14 or 
heavier-gauge wire. This not only places 
the chassis of the equipment at earth 
ground for minimal RF energy on the chas- 
sis, but also provides a measure of safety 
for the operator in the event of accidental 
short or leakage of one side of the ac line 


No Fuse 
or Switch 


to the chassis. Remember, the antenna 
system is almost always bypassed to the 
chassis via an RF choke or tuning circuit, 
which could make the antenna electrically 
“live” with respect to the earth ground and 
create a potentially lethal shock hazard. A 
Ground Fault Circuit Interrupter (GFCI or 
GFI) is also desirable for safety reasons, 
and should be a part of the shack’s electri- 
cal power wiring. 


FUSES AND CIRCUIT BREAKERS 


All transformer primary circuits should 
be fused properly, and multiple secondary 
outputs should also be individually fused. 
To determine the approximate current rat- 
ing of the fuse or circuit breaker to be used, 
multiply each current being drawn by the 
load or appliance, in amperes, by the volt- 
age at which the current is being drawn. In 
the case of linear regulated power sup- 
plies, this voltage has to be the voltage 
appearing at the output of the rectifiers 
before being applied to the regulator stage. 
Include the current taken by bleeder resis- 
tors and voltage dividers. Also include 
filament power if the transformer is sup- 
plying filaments. 

After multiplying the various voltages 
and currents, add the individual products. 
This will be the total power drawn from 
the line by the supply. Then divide this 
power by the line voltage and add 10 or 
20%. Use a fuse or circuit breaker with the 
nearest larger current rating. Remember 
that the charging of filter capacitors can 
take large surges of current when the sup- 
ply is turned on, and the fuse rating might 
have to be increased to accommodate this 


120 V | 120 V 


Fig 11.1 — Three-wire power-line circuits. At A, normal three-wire-line termina- 
tion. No fuse should be used in the grounded (neutral) line. At B, the "hot" lines 
each have a switch, but a switch in the neutral line would not remove voltage from 
either side of the line, and so should never be used. At C, connections for both 
120 and 240-V transformers. At D, operating a 120-V plate transformer from the 
240-V line to avoid light blinking. T1 is a 2:1 step-down transformer. 
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surge. If turn on is a problem, use slow- 
blow fuses, which allow for high initial 
surge currents. 

For low-power semiconductor circuits, 
use fast-blow fuses. As the name implies, 
such fuses open very quickly once the 
current exceeds the fuse rating by more 
than 10%. 


ELECTRICAL POWER 
CONDITIONING 


We often use the term “power supply" 
to denote a piece of equipment that will 
process the electrical power from a source, 
such as the ac power mains, by manipulat- 
ing it so the device output will be accept- 
able to other equipment that we want to 
power. The common form of the power 
supply is the familiar direct-current power 
supply, which will power a transmitter, 
receiver or other of a wide variety of elec- 
tronic devices. 

In the strictest terms, however, the 
power supply is not actually a source, or 
*supply" of power, but is actually a pro- 
cessor of already existing energy. There- 
fore, the old term of “power supply" is 
becoming obsolete, and a new term has 
arisen to refer to the technology of the 
processing of electrical power: "power 
conditioning." By contrast, the term 
*power supply" is now used to refer to 
devices for chemical to electrical energy 
conversion (batteries) or mechanical to 
electrical conversion (generators). Other 
varieties include thermoelectric genera- 
tors (TEGs) and radioactive thermoelec- 
tric generators (RTGs). 

In this chapter, we shall examine the 
traditional forms of power conditioning, 
which consists of the following compo- 
nent parts in various combinations: trans- 
former, rectifier, filter and regulator. We 
will also look briefly at true power sup- 
plies as we examine battery technology 
and emergency power generation. 


POWER TRANSFORMERS 


Numerous factors are considered in or- 
der to match a transformer to its intended 
use. Some of these parameters are listed 
below: 

1. Output voltage and current (volt- 
ampere rating) 

2. Power source voltage and frequency 

3. Ambient temperature 

4. Duty cycle and temperature rise of 
the transformer at rated load 

5. Mechanical shape and mounting 


Volt-Ampere Rating 


In alternating-current equipment, the 
term “volt-ampere” is often used rather 


than the term “watt.” This is because ac 
components must handle reactive power 
as well as real power. If this is confusing, 
consider a capacitor connected directly 
across the secondary of a transformer. The 
capacitor appears as a reactance that per- 
mits current to flow, just as if the load 
were a resistor. The current is at a 90° 
phase angle, however. If we assume a per- 
fect capacitor, there will be no heating of 
the capacitor, so no real power (watts) will 
be delivered by the transformer. The trans- 
former must still be capable of supplying 
the voltage, and be able to handle the cur- 
rent required by the reactive load. The cur- 
rent in the transformer windings will heat 
the windings as a result of the I2R losses in 
the winding resistances. The product of the 
voltage and current is referred to as “volt- 
amperes”, since “watts” is reserved for the 
real, or dissipated, power in the load. The 
volt-ampere rating will always be equal to, 
or greater than, the power actually being 
drawn by the load. 

The number of volt-amperes (VA) deliv- 
ered by a transformer depends not only 
upon the dc load requirements, but also 
upon the type of dc output filter used 
(capacitor or choke input), and the type of 
rectifier used (full-wave center tap or full- 
wave bridge). With a capacitive-input fil- 
ter, the heating effect in the secondary is 
higher because of the high peak-to-average 
current ratio. The volt-amperes handled by 
the transformer may be several times the 
power delivered to the load. The primary 
winding volt-amperes will be somewhat 
higher because of transformer losses. 


Source Voltage and Frequency 


A transformer operates by producing a 
magnetic field in its core and windings. 
The intensity of this field varies directly 
with the instantaneous voltage applied to 
the transformer primary winding. These 
variations, coupled to the secondary wind- 
ings, produce the desired output voltage. 
Since the transformer appears to the 
source as an inductance in parallel with 
the (equivalent) load, the primary will 
appear as a short circuit if dc is applied to 
it. The unloaded inductance of the primary 
must be high enough so as not to draw an 
excess amount of input current at the de- 
sign line frequency (normally 60 Hz). This 
is achieved by providing sufficient turns 
on the primary and enough magnetic core 
material so that the core does not saturate 
during each half-cycle. 

The magnetic field strength produced in 
the core is usually referred to as the flux 
density. It is set to some percentage of the 
maximum flux density that the core can 
stand without saturating, since at satura- 
tion the core becomes ineffective and 
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Fig 11.2 — Use a test fixture like this to test unknown transformers. Don't omit the 
isolation transformer, and be sure to insulate all connections before you plug into 


the ac mains. 


causes the inductance of the primary to 
plummet to a very low level and input 
current to rise rapidly. This causes high 
primary currents and extreme heating in 
the primary windings. For this reason, 
transformers and other electromagnetic 
equipment designed for 60-Hz systems 
must not be used on 50-Hz power systems 
unless specifically designed to handle the 
lower frequency. 


How to Evaluate an Unmarked 
Power Transformer 


Many hams who regularly visit ham- 
fests eventually end up with a junk box 
filled with used and unmarked transform- 
ers. After years of use, transformer labels 
or markings on the coil wrappings may 
come off or be obscured. There is a good 
possibility that the transformer is still 
useable. The problem is to determine what 
voltages and currents the transformer can 
supply. 

If the transformer has color-coded 
leads, you are in luck. There is a standard 
for transformer lead color-coding, as is 
given in the Component Data chapter. 
Where two colors are listed, the first one is 
the main color of the insulation; the sec- 
ond is the color of the stripe. 

Check the transformer windings with 
an ohmmeter to determine that there are 
no shorted (or open) windings. The pri- 
mary winding usually has a resistance 
higher than a filament winding and lower 
than a high-voltage winding. 

A convenient way to test the trans- 
former is to rig a pair of test leads to an 
electrical plug with a 25-W household 


light bulb in series to limit current to safe 
(for the transformer) levels. See Fig 11.2. 
Use an isolation transformer, and be sure 
to insulate all connections before you plug 
into the ac mains. Switch off the power 
while making or changing any connec- 
tions. Connect the test leads to each wind- 
ing separately. BECAREFUL! YOU ARE 
DEALING WITH HAZARDOUS VOLT- 
AGES! The filament/heater windings will 
cause the bulb to light to full brilliance. 
The high-voltage winding will cause the 
bulb to be extremely dim or to show no 
light at all, and the primary winding will 
probably cause a small glow. 

When you are connected to what you 
think is the primary winding, measure the 
voltages at the low-voltage windings with 
an ac voltmeter. If you find voltages close 
to 6 V ac and 5 V ac, you know that you 
have found the primary. Label the primary 
and low voltage windings. 

Even with the light bulb, a transformer 
can be damaged by connecting mains 
power to a low-voltage or filament wind- 
ing. In such a case the insulation could 
break down in a high-voltage winding. 

Connect the voltmeter to the high-volt- 
age windings. Remember that the old TV 
transformers will typically put out as much 
as 800 V or so across the winding, so make 
sure that your meter can withstand these 
potentials without damage. Divide the 
voltage you measured across the 6.3-V 
winding in this test setup into 6.3. This 
gives a multiplier that you can use to de- 
termine the actual no-load voltage rating 
of the high-voltage secondary. Simply 
multiply the ac voltage measured across 
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LAMINATION 
STACK 


CROSS-SECTIONAL AREA"! 
WIOTH X HEIGHT (WXH) OF CORE 


Fig 11.3 — Cross-sectional drawing of 
a typical power transformer. 
Multiplying the height (or thickness of 
the laminations) by the width of the 
central core area in inches gives the 
value to be applied to Fig 11.4. 


the winding by the multiplier. 

The current rating of the windings can 
be determined by loading each winding 
with the primary connected directly (no 
bulb) to the ac line. Using power resistors, 
increase loading on each winding until its 
voltage drops by about 10% from the no- 
load figure. The current drawn by the re- 
sistors is the approximate winding load- 
current rating. 


How to Wind a Transformer 
Properly 


Few amateurs undertake the task of 
winding power transformers. It isn’t diffi- 
cult to rewind a transformer secondary to 
give some desired low voltage, however. 
Itinvolves a matter of only a small number 
of turns, and the wire is usually large 
enough to be handled easily. Often a re- 
ceiver power transformer with a burned- 
out high-voltage winding, or the power 
transformer from a discarded TV set, can 
be converted into an entirely satisfactory 
transformer without great effort and with 
little expense. 

Winding a new high-voltage secondary 
may be more difficult. Such a winding 
will require many turns, and proper insu- 
lation between the turns and the other 
windings is essential. 

The average TV power transformer for 
a 17-inch or larger vacuum tube set can 
deliver about 350 to 450 W, continuous 
duty. To operate an amateur transmitter, 
the service is not continuous, so the rat- 
ings can be increased by 40 or 50% with- 
out danger of overloading the transformer. 

You can use the primary volt-ampere 
rating of the transformer to be rewound, if 
you know it, to determine its power-han- 
dling capability. The secondary volt- 
ampere rating will be 10 to 20% less than 


11.4 Chapter 11 


2-374 |——- 


T 
T 
—r 
+ 
4 


2-1/2 -— — 


2-1/4 


wo 
ш 
І 
о 
= 
ш 
4 
a 
2 
о 
о 
2 
4 
ш 
[:4 
ч 
ш 
a 
o 
o 
z 
о 
[= 
o 
u 
ә 
€ 
ә 
о 
a 
о 


150 200 


250 


300 


POWER RATING OF TRANSFORMER IN WATTS 


Fig 11.4 — Transformer power-handling capability versus core cross-sectional 


area. 


the primary rating. The power rating may 
also be determined approximately from 
the cross-sectional area of the core that 
is inside the windings. Fig 11.3 shows 
the method of determining the area, and 
Fig 11.4 may be used to convert this infor- 
mation into a power rating. 

Before disconnecting the winding leads 
from their terminals, mark each one for 
identification. When removing the core 
laminations, take care to note how the core 
is assembled, so you can reassemble it in 
the same manner. Most transformers have 
secondaries wound over the primary. If the 
secondaries are on the inside, the turns can 
be pulled out from the center after slitting 
and removing the fiber core. 

Carefully count the turns removed from 
one of the original filament windings of 
known voltage as you remove them. This 
will give the number of turns per volt; the 
same figure should be used in determining 
the number of turns for the new second- 
ary. For instance, if the old filament wind- 
ing was rated at 5 V and had 15 turns, this 
is 15 / 5 = 3 turns per volt. If the new sec- 
ondary is to deliver 18 V, the required 
number of turns on the new winding will 
be 18 x 3 = 54 turns. 

In winding a transformer, the wire size is 
an important factor in the heat developed in 
operation. A cross-sectional area of 1000 
circular mils per ampere (cmil/A) is a con- 
servative estimate of sufficient wire size. A 
value commonly used in amateur service 
transformers is 700 cmil/A. The larger the 
cmil/A figure, the cooler the transformer will 


run. The current rating in amperes of various 
wire sizes is shown in the copper-wire table 
inthe Component Data chapter. Ifthe trans- 
former being rewound is a filament trans- 
former, it may be necessary to choose the 
wire size carefully to fit the small available 
space. On the other hand, if the transformer 
is a power unit with the high-voltage wind- 
ing removed, there should be plenty of room 
for a size of wire that will conservatively 
handle the required current. 

After the first layer of turns is put on 
during rewinding, secure the ends with 
masking tape. Each layer should be insu- 
lated from the next. Strips cut from brown 
paper grocery bags to the size of the wind- 
ing area are excellent for this purpose. A 
single layer is adequate between layers of 
each winding, with two layers between 
windings. Strips may be secured over each 
layer with tape. Be sure to bring all leads 
out the same side of the core so the covers 
will goin place when the unitis completed. 
When the last layer of the winding is put 
on, use two sheets of paper and then cover 
those with vinyl electrical tape, keeping 
the tape as taut as possible. This will add 
mechanical strength to the assembly. 

The laminations and housing are as- 
sembled in just the opposite sequence to 
that followed in disassembly. Use a light 
coating of shellac between each lamina- 
tion. During reassembly, the lamination 
stack may be compressed by clamping in 
a vise. If the last few lamination strips 
cannot be replaced, it is better to omit them 
than to force the unit together. 


Rectifier Types 


VACUUM TUBE 


Once the mainstay of the rectifier field, 


the vacuum-tube rectifier has largely been 
` supplanted by the silicon diode, but it may 
be found in vintage receivers still in use. 
Vacuum-tube rectifiers were character- 
ized by high forward voltage drops and 
‚ inherently poor regulation, but they were 
immune to ac line transients that can de- 
stroy other rectifier types. 


MERCURY VAPOR 


The mercury-vapor rectifier was an ` 


improvement over the vacuum tube recti- 
fier in that the electron stream from cath- 
ode to plate would ionize the vaporized 
mercury in the tube and greatly reduce the 
forward voltage drop. Since ionized mer- 
cury is a much better conductor of current 
than a vacuum, these tubes can carry rela- 
tively high currents. Аз а result, they were 
popular in transmitters and RF power 
amplifiers, 

Mercury rectifiers had to be treated with 
special care, however. When power was 
initially applied, the tube filament had to 
be turned on first to vaporize condensed 
mercury before the high-voltage ac could 
be applied to the plate. This could take 
from one to two minutes. Also, if the tube 
was handled or the equipment transported, 
filament power would have to be applied 
for about a half hour to vaporize any mer- 
cury droplets that might have been shaken 


onto tube insulating surfaces. Mercury ` 


vapor rectifiers have mostly been replaced 
by silicon diodes. 


SELENIUM 


The selenium rectifier was the first of 
the solid-state rectifiers to find its way into 
commercial electronic equipment. Offer- 
ing a relatively low forward voltage drop, 
selenium rectifiers found their way into 
the plate supplies of test equipment and 


Rectifier Circuits 
HALF-WAVE RECTIFIER 


Fig 11.5 shows a simple half-wave rec- 
` tifier circuit. A rectifier (in this case a 
. semiconductor diode) conducts current in 
one direction but not the other. During one 
half of the ac cycle, the rectifier conducts 
and there is current through the rectifier 
to the load (indicated by the solid line in 
Fig 11.5B). During the other half cycle, 
the rectifier is reverse biased and there is 


accessories, which needed only a few tens 


of milliamperes of current at about a - 


hundred volts, such as grid-dip meters, 
VTVMs and so forth. 

Selenium rectifiers had a relatively low 
reverse resistance and were therefore in- 


` efficient. Voltage breakdown per rectify- 


ing junction was only about 20 V. 


GERMANIUM 


Germanium diodes were the first of 
the solid-state semiconductor rectifiers. 
They have an extremely low forward 
voltage drop. Germanium diodes are 
relatively temperature sensitive, how- 
ever. They can be easily destroyed by 
overheating during soldering, for in- 
stance. Also, they have some degree of 
back resistance, which varies with tem- 
perature. | 

Germanium diodes are used for special 
applications where the very low forward 
drop is needed, such as signal diodes used 
for detectors and ring modulators. 


SILICON 


Silicon diodes are the main choice to- 
day for virtually all rectifier applications. 
They are characterized by extremely high 
reverse resistance, forward drops of usu- 
ally a volt or less and operation at high 
temperatures. 


FAST RECOVERY 


DC-DC converters regularly operate at 
25 kHz and higher frequencies. Switch- 
mode regulators also operate in these same 
frequency ranges. When the switching 
transistors in these devices switch, volt- 
age ‘transitions take place within time 
periods usually much less than one micro- 
second, and the new FET switching tran- 


sistors cause transitions that are often less 


than 100 ns. М 
The transitions in these circuits cause 


no current (indicated by the broken line in - 


Fig 11.5B) to the load. As shown, the out- 


utis in the form of pulsed dc, and current- 


always flows in the same direction. A filter 


. can be used to smooth out these variations 
and provide a higher average dc voltage 


from the circuit. This idea will be covered 
in the section on filters. | 

The average output voltage — the volt- 
age read by a de voltmeter—with this cir- 


N 


current changes in output rectifiers and 
reverse recovery diodes to occur at the 
same time with the desired effect being for 
the diodes to cease conduction immedi- 
ately in order to allow opposite-phase rec- 
tifiers to conduct. Unfortunately, solid- 
state rectifiers cannot be made to cease 
conduction instantaneously. As a result, 
when the opposing diodes in a bridge rec- 
tifier or full-wave rectifier become con- 
ductive when the converter switches 
states, the diodes being turned off will 
actually conduct in the reverse direction 
for a brief time, and effectively short cir- 
cuit the converter for several micro- 
seconds. This puts excessive strain on the 
switching transistors and creates high cur- 
rent spikes, leading to electromagnetic 
interference. As the switching frequency 
of the converter or regulator increases, 
more of these transitions happen each 
second, and more power is lost due to this 
diode cross-conduction. 

Semiconductor manufacturers have rec- 
ognized this as a problem for some time. 
Many companies have product lines of 
‘specially doped diodes designed to mini- 
mize this storage time. These diodes are ` 
called fast-recovery rectifiers and are 
commonly used in high-frequency dc-dc 
converters and regulators. Diodes are 
available that can recover in about 50 ns 
and less, as compared to standard-recov- 
ery. diodes that can take several micro- 
seconds to cease conduction in the reverse 
direction. 

Amateurs building their own switching 
power supplies and dc-dc converters will 
find greatly improved performance with 
the use of these diodes in their output rec- 
tifiers. Fast-recovery rectifiers are not 
needed for 60 Hz rectification because the 
source voltage is a sine wave (no fast tran- 
sitions) and the input frequency is too slow 
for transitions to be of significance. 


cuit (no filter connected) is 0.45 x Ермѕ of 

the ac voltage delivered by the transformer 

secondary. Because the frequency of the 

pulses is low (one pulse per cycle), con- 

‘siderable filtering is required to provide 
adequately smooth dc output. For this rea- 

son the circuit is usually limited to appli- 

cations where the required current is 

small, as in a transmitter bias supply. 
The peak inverse voltage (PIV), the 
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Fig 11.5 — Half-wave rectifier circuit. A illustrates the basic circuit, and B 
displays the diode conduction and nonconduction periods. The peak-inverse 
voltage impressed across the diode is shown at C and D, with a simple resistor 
load at C and a capacitor load at D. Epy is 1.4 Ермѕ for the resistor load and 2.8 


Ермѕ for the capacitor load. 
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Fig 11.6 — Full-wave center-tap rectifier circuit. A illustrates the basic circuit. 
Diode conduction is shown at B with diodes A and B alternately conducting. The 
peak-inverse voltage for each diode is 2.8 Egys as depicted at C. 


voltage that the rectifier must withstand 
when it isn't conducting, varies with the 
load. With a resistive load, itis the peak ac 
voltage (1.4 x EgMs ); with a capacitor 
filter and a load drawing little or no cur- 
rent, it can rise to 2.8 x EgMs . The reason 
for this is shown in parts C and D of 
Fig 11.5. With a resistive load as shown at 
C, the voltage applied to the diode is that 
voltage on the lower side of the zero-axis 
line, or 1.4 x EgMs. A capacitor connected 
to the circuit (shown at D) will store the 
peak positive voltage when the diode con- 
ducts on the positive pulse. If the circuit is 
not supplying any current, the voltage 
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across the capacitor will remain at that 
same level. The peak inverse voltage im- 
pressed across the diode is now the sum of 
the voltage stored in the capacitor plus the 
peak negative swing of voltage from the 
transformer secondary. In this case the 
PIV is 2.8 x ERMS. 


FULL-WAVE CENTER-TAP 
RECTIFIER 


A commonly-used rectifier circuit is 
shown in Fig 11.6. Essentially an arrange- 
ment in which the outputs of two half- 
wave rectifiers are combined, it makes use 
of both halves of the ac cycle. A trans- 


former with a center-tapped secondary is 
required with the circuit. 

The average output voltage is 0.9 x 
Epos of half the transformer secondary; 
this is the maximum that can be obtained 
with a suitable choke-input filter. The 
peak output voltage is 1.4 x EgMs of half 
the transformer secondary; this is the 
maximum voltage that can be obtained 
from a capacitor-input filter. 

As can be seen in Fig 11.6C, the PIV 
impressed on each diode is independent of 
the type of load at the output. This is be- 
cause the peak inverse voltage condition 
occurs when diode A conducts and diode 
B does not conduct. The positive and nega- 
tive voltage peaks occur at precisely the 
same time, a condition different from that 
in the half-wave circuit. As the cathodes 
of diodes A and B reach a positive peak 
(1.4 Ерм), the anode of diode B is at a 
negative peak, also 1.4 EgMs, but in the 
opposite direction. The total peak inverse 
voltage is therefore 2.8 Евм$. 

Fig 11.6B shows that the frequency of 
the output pulses is twice that of the half- 
wave rectifier. Comparatively less filter- 
ing is required. Since the rectifiers work 
alternately, each handles half of the load 
current. The current rating of each recti- 
fier need be only half the total current 
drawn from the supply. 


FULL-WAVE BRIDGE RECTIFIER 


Another commonly used rectifier cir- 
cuit is illustrated in Fig 11.7. In this ar- 
rangement, two rectifiers operate in series 
on each half of the cycle, one rectifier 
being in the lead to the load, the other 
being the return lead. As shown in 
Fig 11.7A and B, when the top lead of the 
transformer secondary is positive with 
respect to the bottom lead, diodes A and C 
will conduct while diodes B and D are 
reverse biased. On the next half cycle, 
when the top lead of the transformer is 
negative with respect to the bottom, di- 
odes B and D will conduct while diodes A 
and C are reverse biased. 

The output wave shape is the same as 
that from the simple full-wave center-tap 
rectifier circuit. The average dc output 
voltage into a resistive load or choke-input 
filter is 0.9 times the RMS voltage deliv- 
ered by the transformer secondary; with a 
capacitor filter and a light load, the maxi- 
mum output voltage is 1.4 times the sec- 
ondary RMS voltage. 

Fig 11.7C shows the inverse voltage to 
be 1.4 Epms for each diode. When an al- 
ternate pair of diodes (such as DA and Dc) 
is conducting, the other diodes are essen- 
tially connected in parallel in a reverse- 
biased direction. The reverse stress is then 
1.4 EgMs. Each pair of diodes conducts on 
alternate half cycles, with the full load 


- current through each diode during its con- 
ducting half cycle. Since each diode is not 
conducting during the other half cycle the 
average current is one half the total load 
current drawn from the supply. 


PROS AND CONS OF THE 
RECTIFIER CIRCUITS 


Comparing the full-wave center- -tap 
rectifier circuit and the full-wave bridge- 
rectifier circuit, we can see that both cir- 


cuits have almost the same rectifier re- . 


quirement, since the center tap has half the 
number of rectifiers as the bridge. These 
rectifiers have twice the inverse voltage 
rating requirement of the bridge diodes, 
however. The diode current ratings are 
identical for the two circuits. The bridge 
makes better use of the transformer's sec- 
: ondary than the center-tap rectifier, since 
the transformer's full. winding supplies 
power during both half cycles, while each 
half of the center-tap circuit's secondary 
provides power only during its positive 
half-cycle. This is usually referred to as 
the transformer utilization factor, which 
‘is unity for the bridge configuration and 
0.5 for the full-wave, center-tapped 
circuit. | 

The bridge rectifier often takes second 
place to the full-wave center tap rectifier 
in high-current low-voltage applications. 
This is because the two forward-conduct- 
ing series-diode voltage drops in the 
bridge introduce a volt or more of addi- 
tional loss, and thus more heat to be dissi- 
pated, than does the single diode ав of 
the full-wave rectifier. 

The half-wave configuration is rarely 
used in 60 Hz rectification for other than 
bias supplies. It does see considerable use, 
however, in high-frequency switching 
power supplies in what are called forward 
converter and flyback converter topologies. 


VOLTAGE MULTIPLIERS - 


Other rectification circuits of interest 
are the so-called voltage multipliers. 
These circuits function by the process of 
charging one or more capacitors on one 
half cycle of the ac waveform, and then 

connecting that capacitor or capacitors in 
series with the opposite polarity of the ac 
waveform on the alternate half cycle. With 
full-wave multipliers, this charging occurs 
during both half-cycles. 

Voltage multipliers, particularly dou- 
blers, find considerable use in high-voltage 
supplies. When a doubler is employed, the 
secondary winding of the power transformer 
need only be half the voltage that would be 
required for a bridge rectifier. This reduces 
voltage stress in the windings and decreases 
the transformer insulation requirements. It 
also reduces the chance of corona in the 


to 
Filter 


Быу. 4 ERMS 
(Each Diode) 
HRS NN) 


Reverse 
uz 
HE. DIAM сүв) Мы 


Diode Reverse ` 
Voltage Swing 


= 


Diode 


Conduction 
AAA ene ны 
DAC BD ACB Eav=0.9 ERMS 
wi VN wie Ripple=48% / 120 Hz 


- Diode 
Non—conduction 


(8) 


Con ducting 
Diodes 


Fig 11.7 — Full-wave bridge rectifier circuit. The basic circuit is illustrated at A. 
Diode conduction and nonconduction times are shown at B. Diodes A and C 
conduct on one half of the input cycle, while diodes B and D conduct on the other. 
C displays the peak inverse voltage for one half cycle. Since this circuit reverse- 
biases two diodes essentially in parallel, 1.4 Е.м is applied across each diode. 
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Fig 11.8 — Part A shows a half-wave voltage-doubler circuit. B displays how the 
first half cycle.of input voltage charges C1. During the next half cycle (shown at 
C), capacitor C2 charges with the transformer secondary voltage plus that voltage 
stored in C1 from the previous half cycle. The arrows in parts B and C indicate the 


conventional current. D illustrates the levels to which each capacitor charges 


over several cycles. 


windings, prolonging the life of the trans- 
former. This is not without cost, however, 
because the transformer-secondary current 
rating has to be correspondingly doubled. 


Half-Wave Doubler 


Fig 11.8 shows the circuit of a half-wave 
voltage doubler. Parts B, C and D illustrate 
the circuit operation. For clarity, assume the 
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transformer voltage polarity at the moment : 
the circuit is activated is that shown at B. 
During the first negative half cycle, DA con- ` 
ducts (Dg is ina nonconductive state), charg- 
ing C1 to the peak rectified voltage (1.4 
Ерм). C1 is charged with the polarity 
shown at B. During the positive half cycle of 
the secondary voltage, D4 is cut off and Ов 
conducts, charging capacitor C2. The 
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Fig 11.9 — Part A shows a full-wave voltage-doubler circuit. One half cycle is 
shown at B and the next half cycle is shown at C. Each capacitor receives a 
charge during every input-voltage cycle. D Illustrates how each capacitor is 


charged alternately. 


ш 

а 
ola 
“Б 
gle 
re) 
els 


1 


10 — 30 
377 xR3xCI (y yy 
000000 


OHMS, C IN uF) 


Fig 11.10 — DC output voltages from a full-wave voltage doubler circuit as a 
function of the filter capacitances and load resistance. For the ratio R1 / АЗ and 
for the R3 x C1 product, resistance is in ohms and capacitance is in microfarads. 
Equal resistance values for R1 and R2, and equal capacitance values for C1 and 
C2 are assumed. These curves are adapted from those published by Otto H. 
Schade in “Analysis of Rectifier Operation," Proceedings of the I. Н. E., July 1943. 


amount of voltage delivered to C2 is the sum 
of the transformer peak secondary voltage 
plus the voltage stored in C1 (1.4 Eps). On 
the next negative half cycle, Dg is noncon- 


11.8 Chapter 11 


ducting and C2 will discharge into the load. 
If no load is connected across C2, the ca- 
pacitors will remain charged — C1 to 1.4 
Ерм and C2 to 2.8 Eggs. When a load is 


connected to the circuit output, the voltage 
across C2 drops during the negative half 
cycle and is recharged up to 2.8 Евм< dur- 
ing the positive half cycle. 

The output waveform across C2 re- 
sembles that of a half-wave rectifier circuit 
because C2 is pulsed once every cycle. 
Fig 11.8D illustrates the levels to which 
the two capacitors are charged throughout 
the cycle. In actual operation, the capacitors 
will not discharge all the way to zero as 
shown. 


Full-Wave Doubler 


Fig 11.9 shows the circuit of a full-wave 
voltage doubler. The circuit operation can 
best be understood by following Parts B, C 
and D. During the positive half cycle of the 
transformer secondary voltage, as shown at 
B, DA conducts charging capacitor C1 to 1.4 
Epos: Dg is not conducting at this time. 

During the negative half cycle, as shown 
at С, Ов conducts, charging capacitor C2 to 
1.4 Epms, while DA is nonconducting. The 
output voltage is the sum of the two capaci- 
tor voltages, which will be 2.8 Ермѕ under 
no-load conditions. Fig 11.9D illustrates that 
each capacitor alternately receives a charge 
once per cycle. The effective filter capaci- 
tance is that of C1 and C2 in series, which is 
less than the capacitance of either C1 or C2 
alone. 

Resistors R1 and R2 in Fig 11.9A are used 
to limit the surge current through the rectifi- 
ers. Their values are based on the trans- 
former voltage and the rectifier surge- 
current rating, since at the instant the power 
supply is turned on, the filter capacitors look 
like a short-circuited load. Provided the 
limiting resistors can withstand the surge 
current, their current-handling capacity is 
based on the maximum load current from 
the supply. Output voltages approaching 
twice the peak voltage of the transformer 
can be obtained with the voltage doubling 
circuit shown in Fig 11.9. Fig 11.10 shows 
how the voltage depends upon the ratio of 
the series resistance to the load resistance, 
and the load resistance times the filter 
capacitance. The peak inverse voltage across 
each diode is 2.8 Ерм. 


Tripler and Quadrupler 


Fig 11.11A shows a voltage-tripling cir- 
cuit. On one half of the ac cycle, C1 and C3 
are charged to the source voltage through 
D1, D2 and D3. On the opposite half of the 
cycle, D2 conducts and C2 is charged to 
twice the source voltage, because it sees the 
transformer plus the charge in C1 as its 
source (D1 is cut off during this half cycle.) 
At the same time, D3 conducts, and with 
the transformer and the charge in C2 as the 
source, C3 is charged to three times the 
transformer voltage. 


Fig 11.11 — Voltage-multiplying circuits 
with one side of the transformer 
secondary used as a common 
connection. A shows a voltage tripler 
and B shows a voltage quadrupler. 
Capacitances are typically 20 to 50 Р, 
depending оп the output current 
demand. Capacitor dc ratings are 
related to Epeak (1.4 Eggs): 

C1 — Greater than Epeak 

C2 — Greater than 2 Epeak 

C3 — Greater than 3 Epeak 

C4 — Greater than 2 Epeak 


The voltage-quadrupling circuit of 
Fig11.11B worksin similar fashion. In either 
of the circuits of Fig 11.11, the output voltage 
will approach an exact multiple of the peak ac 
‘voltage when the output current drain is low 
and the capacitance values are high. 


` RECTIFIER RATINGS VERSUS 
OPERATING STRESS 


Power supplies designed for amateur 
equipment use silicon rectifiers almost ex- 
clusively. These rectifiers are available in a 
wide range of voltage and current ratings. In 
peak inverse voltage (PIV) ratings of 600 or 
less, silicon rectifiers carry current ratings 
as high as 400 A. At 1000 PIV, the current 
ratings may be several amperes. It is pos- 
sible to stack several units in series for higher 
voltages. Stacks are available commercially 
that will handle peak inverse voltages up to 
10 kV at a load current of 1 A or more. 


RECTIFIER STRINGS OR STACKS 


Diodes in Series 


When the PIV rating of a single diode is 
not sufficient for the application, similar di- 
odes may be used in series. (Two 500 PIV 
diodes in series will withstand 1000 PIV and 
so on.) There used to be a general reconi- 
mendation to place a resistor across each 
diode in the string to equalize the PIV drops. 


With modern diodes, this practice is no 
longer necessary. 
Modern silicon rectifier diodes are con- 


structed to have an avalanche characteristic. ` 


Simply put, this means that the diffusion 
process is controlled so the diodé will exhibit 
a Zener characteristic in the reverse biased 
direction before destructive breakdown of 
the junction can occur. This provides a 
measure of safety for diodes in series. A 
diode will go into Zener conduction before 


` it self destructs. If other diodes in the chain 


have not reached their avalanche voltages, 
the current through the avalanched diode 
will be limited to the leakage current in the 
other diodes. This should normally be very 
low. For this reason, shunting resistors, are 
generally not needed across diodes in series 
rectifier strings. In fact, shunt resistors 
can actually create problems because they 
can produce a low-impedance source of 
damaging. current to any diode that may 
have reached avalanche potential. 


Diodes in Parallel 


Diodes can be placed in parallel to in- 
crease current-handling capability. Equaliz- 
ing resistors should be added as shown in 
Fig 11.12. Without the resistors, one diode 
may take most of the current. The resistors 
should be selected to have several tenths of 
a volt drop at the expected peak current. 


RECTIFIER PROTECTION 


The important specifications of a sili- 
con diode are: ' 
1. PIV, the peak inverse voltage. 
2. Io, the average dc current rating. 
3. Iggp — the peak repetitive forward current. 
4. ISURGE. а nonrepetitive peak half sine 
wave of 8.3 ms duration (one-half cycle 
of 60-Hz line frequency). 
5. Switching speed. 
6. Power dissipation and thermal resistance. 
The first two specifications appear in most 
catalogs. Iggp and IsyRGE often are not speci- 
fied in catalogs, but they are very important. 
Because the rectifier never allows current to 
flow more than half the time, when it does 
conduct it has to pass at least twice the aver- 
age direct current. With a capacitor-input fil- 
ter, the rectifier conducts much less than half 
the time, so that when it dóes conduct, it may 
pass as much as 10 to 20 times the average dc 
current, under certain conditions. This is 
shown in Fig 11.13. Part A shows a simple 


half-wave rectifier with a resistive load. The . 


waveform to the right of the drawing shows 
the output voltage along with the diode cur- 
rent. Parts B and C show conditions for cir- 
cuits with “low” capacitance and “high” ca- 
pacitance to filter the output. 

After the capacitor is charged to the peak- 
rectified voltage, a period of diode noncon- 
duction elapses while the output voltage dis- 


Fig 11.12 — Diodes can be connected in 
parallel to increase the current-handling 
capability of the circuit. Each diode 
should have a series current-equalizing 
resistor, with a value selected to 
provide a few tenths of a volt drop at 
the expected current. 


charges through the load. As the voltage 
begins to rise on the next positive pulse, a 
point is reached where the rectified voltage 
equals the stored voltage in the capacitor. 
As the voltage rises beyond that point, the 
diode begins to supply current. The diode 
will continue to conduct until the waveform 
reaches the crest, as shown. Since the diode 
must pass a current.equal to that of the load 
over a short period of a cycle, the current 
will be high. The larger the capacitor for 
a given load, the shorter the diode conduc- 
tion time and the higher the peak repetitive 
current (Iggp). 


Current Inrush 


When the supply is first turned on, the 
discharged input capacitor looks like a dead 
short, and the rectifier passes a very heavy | 
current. This current transient is called 
Isuncg. The maximum surge current rating 
for a diode is usually specified for a duration 
of one-half cycle (at 60 Hz), or about 8.3 ms. 
Some form of surge protection is usually 
necessary to protect the diodes until the in- 
put capacitor becomes nearly charged, un- 
less the diodes used have a very high surge- 
current rating (several hundred amperes). If 
a manufacturer's data sheet is not available, 
an educated guess about a diode's capability 
can be made by using these rules of thumb 
for.silicon diodes commonly used in ama- 
teur power supplies: 

Rule 1. The maximum Iggp rating can be 
assumed to be approximately four times the 
maximum Ip ráting. 

Rule 2. The maximum IgunGE rating can 
be assumed to be approximately 12 times 
the maximum 1, rating. (This figure should 
provide a reasonable safety factor. Silicon 
rectifiers with 750-mA dc ratings, for ex- 
ample, seldom have 1-cycle surge ratings of - 
less than 15 A; some are rated up to 35 A or 
more.) From this you can see that the recti- 
fier should be selected on the basis of IsurGE 
and not on Ip ratings. 

Although you can sometimes rely on the 
dc resistance of the transformer secondary to 

` provide ample surge-current limiting, this is 
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Fig 11.13 — The circuit shown at A is a simple half-wave rectifier with a resistive 
load. The waveform shown to the right is the output voltage and current. B 
illustrates how the diode current is modified by the addition of a capacitor filter. The 
diode conducts only when the rectified voltage is greater than the voltage stored in 
the capacitor. Since this time is usually only a short portion of a cycle, the peak 
current will be quite high. C shows an even higher peak current. This is caused by 
the larger capacitor, which effectively shortens the diode conduction period. 


seldom true in high-voltage power supplies. 
Series resistors are often installed between 
the secondary and the rectifier strings or in 
the transformer's primary circuit, but these 
can beadeterrentto good voltage regulation. 


Voltage Spikes 


Vacuum-tube rectifiers had little problem 
with voltage spikes on the incoming power 
lines — the possibility of an internal arc was 
of little consequence, since the heat pro- 
duced was of very short duration and had 
little effect on the massive plate and cathode 
structures. Unfortunately, such is not the 
case with silicon diodes. 

Silicon diodes, because of their forward 
voltage drop of about one volt, create very 
little heat with high forward currents and 
therefore have tiny junction areas. Conduc- 
tion in the reverse direction, however, can 
cause junction temperatures to rise ex- 
tremely rapidly with the resultant melting of 
the silicon and migration of the dopants into 
the rectifying junction. Destruction of the 
semiconductor junction is the end result. 

To protect semiconductor rectifiers, spe- 
cial surge-absorption devices are available 
forconnection across the incoming ac bus or 
transformer secondary. These devices oper- 
ate in a fashion similar to a Zener diode, by 
conducting heavily when a specific voltage 
level is reached. Unlike Zener diodes, how- 
ever, they have the ability to absorb very 
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high transient energy levels without dam- 

age. With the clamping level set well above 

the normal operating voltage range for the 
rectifiers, these devices normally appear as 
open circuits and have no effect on the 
power-supply circuits. When a voltage tran- 
sient occurs, however, these protection de- 
vices clamp the spike and thereby prevent 
destruction of the rectifiers. 

Transient protectors are available in three 
basic varieties: 

1. Silicon Zener diodes — large junction 
Zeners specifically made for this purpose 
and available as single junction for dc 
(unipolar) and back-to-back junctions for 
ac (bipolar). These silicon protectors are 
available under the trade name of 
TransZorb from General Semiconductor 
Corporation and are also made by other 
manufacturers. They have the best tran- 
sient suppressing characteristics of the 
three varieties mentioned here, but are ex- 
pensive and have the least energy absorb- 
ing capability per dollar of the group. 

2. Varistors — made of a composition 
metal-oxide material that breaks down at 
a certain voltage. Metal-oxide varistors, 
also known as MOVs, are cheap and eas- 
ily obtained, but have a higher internal 
resistance, which allows a greater increase 
of clamped voltage than the Zener vari- 
ety. Varistors can also degrade with suc- 
cessive transients within their rated power 
handling limits (this is not usually a prob- 


lem in the ham shack where transients are 

few and replacement of the varistor is eas- 

ily accomplished). 

Varistors usually become short cir- 
cuited when they fail. Large energy dissi- 
pation can result in device explosion. 
Therefore, it is a good idea to include a 
fuse that limits the short-circuit current 
through the varistor, and to protect people 
and circuitry from debris. 

3. Gas tube — similar in construction to the 
familiar neon bulb, but designed to limit 
conducting voltage rise under high tran- 
sientcurrents. Gas tubes can usually with- 
stand the highest transient energy levels 
ofthe group. Gas tubes suffer from an ion- 
ization time problem, however. A high 
voltage across the tube will not immedi- 
ately cause conduction. The time required 
forthe gas to ionize and clamp the spike is 
inversely proportional to the level of ap- 
plied voltage in excess of the device ion- 
ization voltage. As a result, the gas tube 
will let a little of the transient through to 
the equipment before it activates. 

In installations where reliable equipment 
operation is critical, the local power is poor 
and transients are a major problem, the usual 
practice is to use a combination of protec- 
tors. Such systems consist of a varistor or 
Zener protector, combined with a gas-tube 
device. Operationally, the solid-state device 
clamps the surge immediately, with the beefy 
gas tube firing shortly thereafter to take most 
of the surge from the solid-state device. 


Heat 


The junction of a diode is quite small; 
hence it must operate at a high current 
density. The heat-handling capability is, 
therefore, quite small. Normally, this is not 
a prime consideration in high-voltage, low- 
current supplies. Use of high-current recti- 
fiers at or near their maximum ratings 
(usually 2-A or larger stud-mount rectifiers) 
requires some form of heat sinking. Fre- 
quently, mounting the rectifier on the main 
chassis — directly, or with thin mica insu- 
lating washers — will suffice. If insulated 
from the chassis, a thin layer of silicone 
grease should be used between the diode and 
the insulator, and between the insulator and 
the chassis, to assure good heat conduc- 
tion. Large, high-current rectifiers often 
require special heat sinks to maintain a 
safe operating temperature. Forced-air 
cooling is sometimes used as a further aid. 
Safe case temperatures are usually given 
in the manufacturer's data sheets and 
should be observed if the maximum 
capabilities of the diode are to be realized. 
See the thermal design section in the 
Real World Components chapter for 
more information. 


Filtration 


The pulsating dc waves from the recti- 
fiers are not sufficiently constant in am- 
plitude to prevent hum corresponding to 
the pulsations. Filters are required be- 
tween the rectifier and the load to smooth 
out the pulsations into an essentially con- 
stant ас voltage. The design of the filter 
depends to a large extent on the dc voltage 
output, the voltage regulation of the power 
supply and the maximum load current rat- 
ing of the rectifier. Power-supply filters 
are low-pass devices using series induc- 
tors and shunt capacitors. 


LOAD RESISTANCE 


In discussing the performance of power- 
supply filters, it is sometimes convenient 
to express the load connected to the output 
terminals of the supply in terms of resis- 
tance. The load resistance is equal to the 
output voltage divided by the total current 
drawn, including the current drawn by the 
bleeder resistor. 


VOLTAGE REGULATION 


The output voltage of a power supply 
always decreases as more current is drawn, 
not only because of increased voltage 
drops in the transformer and filter chokes, 
but also because the output voltage at light 
loads tends to soar to the peak value of the 
transformer voltage as a result of charging 
the first capacitor. Proper filter design can 
eliminate the soaring effect. The change 
in output voltage with load is called volt- 
age regulation, and is expressed as a per- 
centage. 


(El — E2) 


x 100% 
(1) 


Percent Regulation = 


where: 
ЕІ = the no-load voltage 
E2 = the full-load voltage. 


A steady load, such as that represented 
by a receiver, speech amplifier or unkeyed 
Stages of a transmitter, does not require 


good (low) regulation as long as the proper . 


voltage is obtained under load conditions. 
The filter capacitors must have a voltage 
rating safe for the highest value to which 
the voltage will soar when the external 
load is removed. 

A power supply will show more (higher) 
regulation with long-term changes in load 
resistance than with short temporary 
changes. The regulation with long-term 
changes is often called the static regula- 
tion, to distinguish it from the dynamic 
regulation (short temporary load changes). 
A load that varies at a syllabic or keyed 
rate, as represented by some audio and RF 
amplifiers, usually requires good dynamic 


regulation (15% or less) if distortion prod- 
ucts are to be held to a low level. The dy- 
namic regulation of a power supply can be 
improved by increasing the value of the 
output capacitor. 

When essentially constant voltage re- 
gardless of current variation is required 
(for stabilizing an oscillator, for example), 
special voltage regulating circuits de- 
scribed later in this chapter are used. 


BLEEDER RESISTOR 


A bleeder resistor is a resistance con- 
nected across the output terminals of the 
power supply. Its functions are to dis- 
charge the filter capacitors as a safety 
measure when the power is turned off and 
to improve voltage regulation by provid- 
ing a minimum load resistance. When volt- 
age regulation is not of importance, the re- 
sistance may be as high as 100 Q per volt. 
The resistance value to be used for volt- 
age-regulating purposes is discussed in 
later sections. From the consideration of 
safety, the power rating of the resistor 
should be as conservative as possible, 
since a burned-out bleeder resistor is 
dangerous! 


RIPPLE FREQUENCY AND 
VOLTAGE 


Pulsations at the output of the rectifier 
can be considered to be the result of an 
alternating current superimposed on a 
steady direct current. From this viewpoint, 
the filter may be considered to consist of 
shunt capacitors that short circuit the ac 
component while not interfering with the 
flow of the dc component. Series chokes 
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will readily pass dc but will impede the 
flow of the ac component. 

The alternating component is called 
ripple. The effectiveness of the filter can be 
expressed in terms of percent ripple, which 
is the ratio of the RMS value of the ripple 
to the 4с value in terms of percentage. 


Percent Ripple (RMS) = Е х 100% (2) 


where: 
Е1 = the RMS value of ripple voltage 
E2 = the steady ас voltage. 


Any frequency multiplier or amplifier 
supply in a CW transmitter should have 
less than 5% ripple. A linear amplifier can 
tolerate about 3% ripple on the plate volt- 
age. Bias supplies for linear amplifiers 
should have less than 1% ripple. VFOs, 
speech amplifiers and receivers may re- 
quire a ripple no greater than to 0.01%. 

Ripple frequency refers to the frequency 
of the pulsations in the rectifier output 
waveform — the number of pulsations per 
second. The ripple frequency of half-wave 
rectifiers is the same as the line-supply 
frequency — 60 Hz with a 60-Hz supply. 
Since the output pulses are doubled with a 
full-wave rectifier, the ripple frequency is 
doubled — to 120 Hz with a 60-Hz supply. 

The amount of filtering (values of in- 
ductance and capacitance) required to give 
adequate smoothing depends on the ripple 
frequency. More filtering is required as 
the ripple frequency is reduced. 


 CAPACITOR-INPUT FILTERS 


Capacitor-input filter systems are 
shown in Fig 11.14. Disregarding voltage 
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Fig 11.14 — Capacitor-input filter circuits. At A is a simple capacitor filter. B and 
C are single- and double-section filters, respectively. 
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drops in the chokes, all have the same 
characteristics except with respect to 
ripple. Better ripple reduction will be ob- 
tained when LC sections are added as 
shown in Fig 14B and C. 


Input Versus Output Voltage 


The average output voltage of a capaci- 
tor-input filter is generally poorly regu- 
lated with load-current variations. This is 
because the rectifier diodes conduct for 
only a small portion of the ac cycle to 
charge the filter capacitor to the peak value 
of the ac waveform. When the instanta- 
neous voltage of the ac passes its peak, the 
diode ceases to conduct. This forces the 
capacitor to support the load current until 
the ac voltage on the opposing diode in the 
bridge or full wave rectifier is high enough 
to pick up the load and recharge the ca- 
pacitor. For this reason, the diode currents 
are usually quite high. 

Since the cyclic peak voltage of the ca- 
pacitor-filter output is determined by the 
peak of the input ac waveform, the mini- 
mum voltage and, therefore, the ripple 
amplitude, is determined by the amount of 
voltage discharge, or “droop,” occurring 
in the capacitor while it is discharging and 
supporting the load. Obviously, the higher 
the load current, the proportionately 
greater the discharge, and therefore the 
lower the average output voltage will be. 

Although not exactly accurate, an easy 
way to determine the peak-to-peak ripple 
for a certain capacitor and load is to as- 


Regulation 


The output of a rectifier/filter system 
may be usable for some electronic equip- 
ment, but for today’s transceivers and 
accessories, further measures may be 
necessary to provide power sufficiently 
clean and stable for their needs. Voltage 
regulators are often used to provide this 
additional level of conditioning. 

Rectifier/filter circuits by themselves 
are unable to protect the equipment from 
the problems associated with input-power- 
line fluctuations, load-current variations 
and residual ripple voltages. Regulators 
can eliminate these problems, but not 
without costs in circuit complexity and 
power-conversion efficiency. 
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sume a constant load current. We can cal- 
culate the droop in the capacitor by using 
the relationship: 


CxE=Ixt (3) 


where: 

C = the capacitance in microfarads, 

E = the voltage droop, or peak-to-peak 
ripple voltage, 

I = the load current in milliamperes and 

t = the time between half-cycles of the 
rectified waveform, in milliseconds. 
For 60 Hz full-wave rectifiers, t is 
about 7.5 ms. 


As an example, let’s assume that we 
need to determine the peak to peak ripple 
voltage at the dc output of a full-wave rec- 
tifier/filter combination that produces 
13.8 V dc and supplies a transceiver draw- 
ing 2.0 A. The filter capacitor in the power 
supply is 5000 uF. Using the above rela- 
tionship: 

CxE=Ixt 
5000 uF x E = 2000 mA x 7.5 ms 


_ 2000 mA x 7.5 ms 
5000 uF 


Obviously, this is too much ripple. A 
capacitor value of about 20000 uF would 
be better suited for this application. If a 
linear regulator is used after this rectifier/ 
filter combination, however, and the 
source voltage raised to produce a dc volt- 
age of about 20 V, the 5000-uF capacitor 
with its 3 V peak-to-peak ripple would 


E =3VP-P 


Fig 11.15 — Zener-diode voltage 
regulation. The voltage from a negative 
supply may be regulated by reversing 
the power-supply connections and the 
diode polarity. 


work well, since the regulator would re- 
move the ripple content before the output 
power was applied to the transceiver. 


CHOKE-INPUT FILTERS 


Choke-input filters have become less 
popular than they once were, because of 
the high surge current capability of silicon 
rectifiers. Choke-input filters provide the 
benefits of greatly improved output volt- 
age stability over varying loads and low 
peak-current surges in the rectifiers. On 
the negative side, however, the choke is 
bulky and heavy, and the output voltage is 
lower than that of a capacitor-input filter. 

As long as the inductance of the choke 
is large enough to maintain a continuous 
current over the complete cycle of the in- 
put ac waveform, the filter output voltage 
will be the average value of the rectified 
output. The average dc value of a full- 
wave rectified sine wave is 0.637 times its 
peak voltage. Since the RMS value is 
0.707 times the peak, the output of the 
choke input filter will be (0.637 / 0.707), 
or 0.90 times the RMS ac voltage. For light 
loads, however, there may not be enough 
energy stored in the choke during the in- 
put waveform crest to allow continuous 
current over the full cycle. When this hap- 
pens, the filter output voltage will rise as 
the filter assumes more and more of the 
characteristics of a capacitor-input filter. 

Choke-input filters see extensive use in 
the energy-storage networks of switch- 
mode regulators. 


ZENER DIODES 


A Zener diode (named after American 
physicist Dr. Clarence Zener) can be used 
to maintain the voltage applied to a circuit 
at a practically constant value, regardless 
of the voltage regulation of the power sup- 
ply or variations in load current. The typi- 
calcircuit is shown in Fig 11.15. Note that 
the cathode side of the diode is connected 
to the positive side of the supply. The elec- 
trical characteristics of a Zener diode un- 
der conditions of forward and reverse volt- 
age are given in the Analog Signals and 
Components chapter. 

Zener diodes are available in a wide 
variety of voltages and power ratings. The 


voltages range from less than two to a few 
hundred, while the power ratings (power 
the diode can dissipate) run from less than 
0.25 W to 50 W. The ability of the Zener 
diode to stabilize a voltage depends on the 
diode’s conducting impedance. This can 
be as low as 1 Q or less in a low-voltage, 
high-power diode or as high as 1000 Q in 
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a high-voltage, low-power diode. 


LINEAR REGULATORS 


Linear regulators come in two varieties: 
series and shunt. The shunt regulator is 
simply an electronic (also called “active”) 
version of the Zener diode. For the most 
part, the active shunt regulator is rarely 
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Fig 11.16 — Linear electronic voltage-regulator circuits. In these diagrams, 


batteries represent the unregulated input-voltage source. A transformer, rectifier 
and filter would serve this function in most applications. Part A shows a series 
regulator and Part B shows a shunt regulator. Part C shows how remote sensing 
overcomes poor load regulation caused by the | R drop in the connecting wires 


by bringing them inside the feedback loop. 
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used since the series regulatoris a superior 
choice for most applications. Fig 11.16B 
shows a shunt regulator. 

The series regulator consists of a stable 
voltage reference, which is usually estab- 
lished by a Zener diode, a transistor in 
series with the power source and the load 
(called a series pass transistor), and an 
error amplifier. In critical applications a 
temperature-compensated reference diode 
would be used instead of the Zener diode. 
(See Fig 11.16A.) 

The output voltage is sampled by the 
error amplifier, which compares the out- 
put (usually scaled down by a voltage di- 
vider) to the reference. If the scaled-down 
output voltage becomes higher than the 
reference voltage, the error amplifier re- 
duces the drive current to the pass transis- 
tor, thereby allowing the output voltage to 
drop slightly. Conversely, if the load pulls 
the output voltage below the desired value, 
the amplifier drives the pass transistor into 
increased conduction. 

The "stiffness" or tightness of regula- 
tion of a linear regulator depends on the 
gain of the error amplifier and the ratio of 
the output scaling resistors. In any regula- 
tor, the output is cleanest and regulation 
stiffest at the point where the sampling 
network or error amplifier is connected. If 
heavy load current is drawn through long 
leads, the voltage drop can degrade the 
regulation at the load. To combat this ef- 
fect, the feedback connection to the error 
amplifier can be made directly to the load. 
This technique, called remote sensing, 
moves the point of best regulation to the 
load by bringing the connecting loads in- 
side the feedback loop. This is shown in 
Fig 11.16C. 


Input Versus Output Voltage 


In a series regulator, the pass-transistor 
power dissipation is directly proportional 
to the load current and input/output volt- 
age differential. The series pass element 
can be located in either leg of the supply. 
Either NPN or PNP devices can be used, 
depending on the ground polarity of the 
unregulated input. 

The differential between the input and 
output voltages is a design tradeoff. If the 
input voltage from the rectifiers and filter 
is only slightly higher than the required 
output voltage, there will be minimal volt- 
age drop across the series pass transistor 
resulting in minimal thermal dissipation 
and high power-supply efficiency. The 
supply will have less capability to provide 
regulated power in the event of power line 
brownout and other reduced line voltage 
conditions, however. Conversely, a higher 
input voltage will provide operation over 
a wider range of input voltage, but at the 
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expense of increased heat dissipation. 


Pass Transistors 


Darlington Pairs 


A simple Zener diode reference or IC op- 
amp error amplifier may not be able to 


Fig 11.17 — At A, a Darlington- 
connected transistor pair for use as the 
pass element in a series-regulating 
circuit. At B, the method of connecting 
two or more transistors in parallel for 
high current output. Resistances are in 
ohms. The circuit at A may be used for 
load currents from 100 mA to 5 A, and 
the one at B may be used for currents 
from 6 A to 10 A. 
Q1 — Motorola MJE 340 or equiv. 
Q2 - Q4 — Power transistor such as 
2N3055 or 2N3772. 
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Fig 11.18 — Typical graph of the Safe 
Operating ARea (SOAR) of a transistor. 
See text for details. Safe operating 
conditions for specific devices may be 
quite different from those shown here. 
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source enough current to a pass transistor 
that must conduct heavy load current. The 
Darlington configuration of Fig 11.17A 
multiplies the pass transistor beta, thereby 
extending the control range of the error 
amplifier. If the Darlington arrangement is 
implemented with discrete transistors, re- 
sistors across the base-emitter junctions 
may be necessary to prevent collector-to- 
base leakage currents in Q1 from being 
amplified and turning on the transistor pair. 
These resistors are contained in the enve- 
lope of a monolithic Darlington device. 

When a single pass transistor is not 
available to handle the current required 
from a regulator, the current-handling ca- 
pability may be increased by connecting 
two or more pass transistors in parallel. 
The circuit of Fig 11.17B shows the 
method of connecting these pass transis- 
tors. The resistances in the emitter leads of 
each transistor are necessary to equalize 
the currents. 


Transistor Ratings 


When bipolar (NPN, PNP) power tran- 
sistors are used in applications in which 
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they are called upon to handle power on a 
continuous basis, rather than switching, 
there are four parameters that must be ex- 
amined to see if any maximum limits are 
being exceeded. Operation of the transis- 
tor outside these limits can easily result in 
the failure of the device. Unfortunately, not 
many hams (nor, sometimes, equipment 
manufacturers) are aware of all these pa- 
rameters. Yet, for a transistor to provide 
reliable operation, the circuit designer 
must be sure not to allow his power supply 
or amplifier to cause overstress. 

The four limits are maximum collector 
current (Ic), maximum collector-emitter 
voltage (V cgo), maximum power and sec- 
ond breakdown (Isp). All four of these 
parameters are graphically shown on the 
transistor's data sheet on what is known as 
a Safe Operating ARea (SOAR) graph. 
(See Fig 11.18.)The first three of these lim- 
its are usually also listed prominently with 
the other device information, but it is often 
the fourth parameter that is responsible for 
the “sudden death” of the power transistor 
after an extended operating period. 

The maximum current limit of the tran- 
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Fig 11.19 — Overload protection for a regulated supply can be implemented by 
addition of a current-overload-protective circuit, as shown at A. At B, the circuit 
has been modified to employ current-foldback limiting. 


sistor (Ic MAX) is usually the current limit 
for fusing of the bond wire connected to 
the emitter, rather than anything pertain- 
ing to the transistor chip itself. When this 
limit is exceeded, the bond wire can melt 
and open circuit the emitter. On the oper- 
ating curve, this limit is shown as a hori- 
zontal line extending out from the Y-axis 
(zero volts between collector and emitter) 
and ending at the voltage point where the 
constant power limit begins. 

The maximum collector-emitter voltage 
limit of the transistor (Усь MAX) is the 
point at which the transistor can no longer 
stand off the voltage between collector and 
emitter. 

With increasing collector-emitter volt- 
age drop at maximum collector current, a 
point is reached where the power in the 
transistor will cause the junction tempera- 
ture to rise to a level where the device leak- 
age current rapidly increases and begins 
to dominate. In this region, the product of 
the voltage drop and the current would be 
constant and represent the maximum 
power (Р{) rating for the transistor; that is, 
as the voltage drop continues to increase, 
the collector current must decrease to 
maintain the power dissipation at a con- 
stant value. 

With most of the higher voltage rated 
transistors, a point is reached on the con- 
stant power portion of the curve whereby, 
with further increased voltage drop, the 
maximum power rating is not constant, but 
decreases as the collector to emitter volt- 
age increases. This decrease in power han- 
dling capability continues until the maxi- 
mum voltage limit is reached. 

This special region is known as the for- 
ward bias second breakdown (FBSB) area. 
Reduction in the transistor’s power han- 
dling capability is caused by localized 
heating in certain small areas of the tran- 
sistor junction (“hot spots”), rather than a 
uniform distribution of power dissipation 
over the entire surface of the device. 

The region of operating conditions con- 
tained within these curves is called the 
Safe Operating ARea, or SOAR. If the 
transistor is always operated within these 
limits, it should provide reliable and con- 
tinuous service for a long time. 


Overcurrent Protection 


Damage to a pass transistor can occur 
when the load current exceeds the safe 
amount. Fig 11.19A illustrates a simple 
current-limiter circuit that will protect Q1. 
All of the load current is routed through 
Ri. A voltage difference will exist across 
КІ; the value will depend on the exact load 
current at a given time. When the load cur- 
rent exceeds a predetermined safe value, 
the voltage drop across R1 will forward- 


bias Q2 and cause it to conduct. Because 
Q2 is a silicon transistor, the voltage drop 
across R1 must exceed 0.6 V to turn Q2 on. 
This being the case, R1 is chosen for a 
value that provides a drop of 0.6 V when 
the maximum safe load current is drawn. 
In this instance, the drop will be 0.6 V when 
I, reaches 0.5 A. R2 protects the base- 
emitter junction of Q2 from current spikes, 
or from destruction in the event Q1 fails 
under short-circuit conditions. 

When Q2 turns on, some of the current 
through В; flows through Q2, thereby de- 
priving Q1 of some of its base current. This 
action, depending upon the amount of Q1 
base current at a precise moment, cuts off 
Q1 conduction to some degree, thus limit- 
ing the current through it. 


Foldback Current Limiting 


Under short-circuit conditions, a con- 
stant-current type current limiter must still 
withstand the full source voltage and lim- 
ited short circuit current simultaneously, 
which can impose a very high power dis- 
sipation or second breakdown stress on the 
series pass transistor. For example, a 12-V 
regulator with current limiting set for 10 A 
and having a source of 16 V will have a 
dissipation of 40 W [(16 V 12 V) x 10A] 
at the point of current limiting (knee). But 
its dissipation will rise to 160 W under 
short-circuit conditions (16 V x 10 amps). 

A modification of the limiter circuit can 
cause the regulated output current to de- 
crease with decreasing load resistance af- 
ter the overcurrent knee. With the output 
shorted, the output current is only a frac- 
tion of the knee current value, which pro- 
tects the series pass transistor from exces- 
sive dissipation and possible failure. Using 
the previous example of the 12-V, 10-A 
regulator, if the short-circuit current is 
designed to be 3 A (the knee is still 
10 A), the transistor dissipation with a short 
circuit will be only 16 V x 3A = 48 W. 

Fig 11.19B shows how the current lim- 
iter example given in the previous section 
would be modified to incorporate foldback 
limiting. The divider string formed by R2 
and R3 provides a negative bias to the base 
of Q2, which prevents Q2 from turning on 
until this bias is overcome by the drop in 
R1 caused by load current. Since this hold- 
off bias decreases as the output voltage 
drops, Q2 becomes more sensitive to cur- 
rent through R1 with decreasing output 
voltage. See Fig 11.20. 

The circuit is designed by first calcu- 
lating the value of R1 for short-circuit 
current. For example, if 0.5 A is chosen, 
the value for R1 is simply 0.6 V / 0.5 A= 
1.2 Q (with the output shorted, the amount 
of hold-off bias supplied by R2 and R3 is 
very small and can be neglected). The knee 


Power Supplies and Projects 


= 
ш 
я 
E 
ЕП 
o 
> 
[2 
2 
a 
E 
2 
o 


SHORT 
CIRCUIT 


0.5 
LOAD CURRENT {A) 


Fig 11.20 — The 1-A regulator shown in 
Fig 11.198 will fold back to 0.5 A under 
short-circuit conditions. See text. 


current is then chosen. For this example, 
the selected value will be 1.0 A. The divider 
string is then proportioned to provide a base 
voltage at the knee that is just sufficient to 
turn on Q2 (a value of 13.6 V for 13.0 V 
output). With 1.0 A flowing through R1, 
the voltage across the divider will be 14.2 V. 
The voltage dropped by R2 must then be 
14.2 V - 13.6 V, or 0.6 V. Choosing a di- 
vider current of 2 mA, the value of R2 is 
then 0.6 V / 0.002 A = 300 Q. R3 is calcu- 
lated to be 13.6 V / 0.002 A = 6800 Q. 


“Crowbar” Circuits 


Electronic components do fail from 
time to time. In a regulated power supply, 
the only component standing between an 
elevated dc source voltage and your rig is 
one transistor, or a group of transistors 
wired in parallel. If the transistor, or one 
of the transistors in the group, happens to 
short internally, your rig could suffer lots 
of damage. 

To safeguard the rig or other load equip- 
ment against possible overvoltage, some 
power-supply manufacturers include a cir- 
cuit known as a crowbar. This circuit usu- 
ally consists of a silicon-controlled recti- 
fier (SCR) connected directly across the 
output of the power supply, with a volt- 
age-sensing trigger circuit tied to its gate. 
In the event the output voltage exceeds the 
trigger set point, the SCR will fire, and the 
output is short circuited. The résulting 
high current in the power supply (shorted 
output in series with a series pass transis- 
tor failed short) will blow the power 
supply's line fuses. 


IC VOLTAGE REGULATORS 


The modern trend in regulators is to- 
ward the use of three-terminal devices 
commonly referred to as three-terminal 
regulators. Inside each regulator is a volt- 
age reference, a high-gain error amplifier, 
temperature-compensated voltage sensing 
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Fig 11.21 — Parts A and B illustrate the 
conventional manner in which three- 
terminal regulators are used. Parts C 
and D show how one polarity regulator 
can be used to regulate the opposite- 
polarity voltage. 
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differential voltage on three-terminal 
regulator current. 


Fig 11.23 — By varying the ratio of R2 to 
R1 in this simple LM317 schematic 
diagram, a wide range of output voltages 
is possible. See text for details. 
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resistors and a pass element. Many cur- 
rently available units have thermal shut- 
down, overvoltage protection and current 
foldback, making them virtually destruc- 
tion-proof. 

Three-terminal regulators (a connection 
for unregulated dc input, regulated dc out- 
put and ground) are available in a wide 
range of voltage and current ratings. 
Fairchild, National and Motorola are per- 
haps the three largest suppliers of these 
regulators at present. It is easy to see why 
regulators of this sort are so popular when 
you consider the low price and the number 
of individual components they can re- 
place. The regulators are available in sev- 
eral different package styles, depending 
on current ratings. Low-current (100 mA) 
devices frequently use the plastic TO-92 
and DIP-style cases. TO-220 packages are 
popularin the 1.5-A range, and TO-3 cases 
house the larger 3-A and 5-A devices. 

Three-terminal regulators are available 
as positive or negative types. In most 
cases, a positive regulator is used to regu- 
late a positive voltage and a negative regu- 
lator a negative voltage. Depending on the 
system ground requirements, however, 
each regulator type may be used to regu- 
late the “opposite” voltage. 

Fig 11.21A and B illustrate how the 
regulators are used in the conventional 
mode. Several regulators can be used with 
a common-input supply to deliver several 
voltages with a common ground. Negative 
regulators may be used in the same man- 
ner. If no other common supplies operate 
off the input supply to the regulator, the 
circuits of Fig 11.21C and D may be used 
to regulate positive voltages with a nega- 
tive regulator and vice versa. In these 
configurations the input supply is floated; 
neither side of the input is tied to the sys- 
tem ground. 

Manufacturers have adopted a system 
of family numbers to classify three-termi- 
nal regulators in terms of supply polarity, 
output current and regulated voltage. For 
example, National Semiconductor uses 
the number LM7805C to describe a posi- 
tive 5-V, 1.5-A regulator; the comparable 
unit from Texas Instruments is a 
UA7805KC. LM7812C describes a 12-V 
regulator of similar characteristics. 
LM7905C denotes a negative 5-V, 1.5-A 
device. There are many such families with 
widely varied ratings available from 
manufacturers. Fixed-voltage regulators 
are available with output ratings in most 
common values between 5 and 28 V. Other 
families include devices that can be ad- 
justed from 1.25 to 50 V. 


Regulator Specifications 
When choosing a three-terminal regula- 


tor for a given application, the most impor- 
tant specifications to consider are device 
output voltage, output current, input-to- 
output differential voltage, line regulation, 
load regulation and power dissipation. 
Output voltage and current requirements 
are determined by the load with which the 
supply will ultimately be used. 

Input-to-output differential voltage is 
one of the most important three-terminal 
regulator specifications to consider when 
designing a supply. The differential value 
(the difference between the voltage ap- 
plied to the input terminal and the voltage 
on the output terminal) must be within a 
specified range. The minimum differen- 
tial value, usually about 2.5 V, is called 
the dropout voltage. If the differential 
value is less than the dropout voltage, no 
regulation will take place. At the other end 
of the scale, maximum input-output dif- 
ferential voltage is generally about 40 V. 
If this differential value is exceeded, de- 
vice failure may occur. 

Increases in either output current or dif- 
ferential voltage produce proportional in- 
creases in device power consumption. By 
employing a safety feature called current 
foldback, some manufacturers ensure that 
maximum dissipation will never be ex- 
ceeded in normal operation. Fig 11.22 
shows the relationship between output 
current, input-output differential and cur- 
rent limiting for a three-terminal regulator 
nominally rated for 1.5-A output current. 
Maximum output current is available with 
differential voltages ranging from about 
2.5 V (dropout voltage) to 12 V. Above 
12 V, the output current decreases, limit- 
ing the device dissipation to a safe value. 
If the output terminals are accidentally 
short circuited, the input-output differen- 
tial will rise, causing current foldback, and 
thus preventing the power-supply compo- 
nents from being over stressed. This pro- 
tective feature makes three-terminal regu- 
lators particularly attractive in simple 
power supplies. 

When designing a power supply around 
a particular three-terminal regulator, in- 
put-output voltage characteristics of the 
regulator should play a major role in 
selecting the transformer-secondary and 
filter-capacitor component values. The 
unregulated voltage applied to the input of 
the three-terminal device should be higher 
than the dropout voltage, yet low enough 
that the regulator does not go into current 
limiting caused by an excessive differen- 
tial voltage. If, for example, the regulated 
output voltage of the device shown in 
Fig 11.22 was 12, then unregulated input 
voltages of between 14.5 and 24 would be 
acceptable if maximum output current is 
desired. 


In use, all but the lowest current regula- | 


tors generally require an adequate exter- 
nal heat sink because they may be called 
on to dissipate a fair amount of power. 
Also, because the regulator chip contains 
a high-gain error amplifier, bypassing of 


the input and output leads is essential for ` 


'stable operation. 

Most manufacturers recommend by- 
passing the input and output directly at the 
leads where they protrude through the heat 
sink. Solid tantalum capacitors are usu- 


ally recommended because of their good, 


' high-frequency capabilities. 

External capacitors used with IC regu- 
lators may discharge through the IC junc- 
tions under certain circuit conditions, and 
high current dischárges can harm ICs. 
Look at the regulator data sheet to see 
whether protection diodes are needed, 
what diodes to use and how to place them 
in any particular application. 

In addition to fixed-output-voltage ICs, 
high-current, adjustable voltage regula- 
tors are available. These ICs require little 
more than an external potentiometer for 
an adjustable output range from 5 to 24 V 
at up to 5 A. The unit price on these items 
is only a few dollars, making them ideal 
for test-bench power supplies. A very 
popular low current, adjustable output 
voltage three terminal regulator, the 
LM317, is shown in Fig 11.23. It develops 
a steady 1.25-V reference, Vppp, between 
the output and adjustment terminals. By 
installing R1 between these terminals, a 
constant current, 11, is developed, gov- 
erned by the equation: 


V 
= — REEF 
T @ 
Both I1 and a 100-LA error current, I2, 
flow through R2, resulting in output volt-- 
age Vo. Vo can be calculated using the 
equation: 


Fig 11.24 — The basic LM317 voltage 
regulator is converted into a constant- 
current source by adding only one 
resistor. 


. Any voltage between 1.2 and 37 V may 
be obtained with a 40-V input by changing 
the ratio of R2 to R1. At lower output 
voltages, however, the available current 
will be limited by the power dissipation of 
the regulator. .. 

Fig 11.24 shows one of many flexible 
applications for the LM317. By adding 
only one resistor with the regulator, the 
voltage regulator can be changed into a 


constant-current source capable of charg- ’ 


ing NiCd batteries, for example. Design 


equations are given in the figure. The same- 
precautions should be taken with adjust- - 


able regulators as with the fixed voltage 
units. Proper heat sinking and lead bypass- 
ing are essential for proper circuit opera- 
tion. 


‘Increasing Regulator Output 


Current 


When the maximum output current from 
an IC voltage regulator is insufficient to 
operate the load, discrete power transis- 
tors may be connected to increase the 


current capability. Fig 11.25 shows two . 


methods for boosting the output current of 
a positive regulator, although the same 
techniques сап be applied to negative 
regulators. 

In A, an NPN transistor i is connected as 
an emitter follower, multiplying the out- 
put current capacity by the transistor beta. 
The shortcoming of this approach is that 
the base-emitter junction is not inside the 
feed-back loop. The result is that the out- 
put voltage is reduced by the base-emitter 
drop, and the load regulation is degraded 
by variations in this drop. ` | 

The circuit at B has a PNP transistor 
“wrapped around” the regulator. The regu- 
lator draws current through the base-emit- 
ter junction, causing the transistor to con- 
duct. The IC output voltage is unchanged 
by the transistor because the collector is 
connected directly to the IC output (sense 
point). Any increase in output voltage is 
detected by the IC regulator, which shuts 


off its internal pass transistor, and this 
stops the boost-transistor base current. 


HIGH-PRECISION SERIES 
REGULATOR LOOP DESIGN 


This regulator-loop-design material 
was contributed by William E. Sabin, 
WOIYH. (A similar discussion appears in 
May 1991 QEX, pp 3-9.) The discussion 


: here concerns some of the important fac- 


tors in the design and testing of a series 
regulator feedback loop. These techniques 
were used to design "A Series Regulated 
4.5- to 25-V 2.5-A Power Supply," which - 
appears later in this chapter. The values: 
and measurements discussed here are from 


that circuit. Fig 11.26 is a simplified ver- 


sion of that supply, which is adequate for 
this discussion. 

The series regulator i is a good EAE 
of a feedback control system. Open-loop 
gain and bandwidth, the phase and gain 
margins and the transient response are 
important factors. The goal of the design 
is to maximize.the regulator closed-loop 
performance. One approach is to use a high 
value of open-loop gain and establish the 
open-loop frequency response in two 
ways: (1) an RC low-pass filter consisting 


. of C6, R2, R3, '/2 R, and the output resis- 


tances of Q1 and Q2; and (2) a single small 
capacitor (C4) at the regulator IC. Note 
that the voltage drop across R2 and R3 is 
applied to pins 2 and 3 of the LM723 regu- 
lator IC, which are used for current limit- 
ing. R2 sets the current limit value, and 
R2's value affects the RC filter. 


Test Circuits . 


Fig 11.26 shows three test circuits. One 
is an adjustable Load Test Circuit that can’ 
be modulated linearly (almost) by: (1) a 
sine or triangle wave from a function gen- 
erator with a dc-offset adjustment (so that 
the waveform always has positive polar- 
ity), or (2) by a bidirectional square wave. 
This circuit is used to test the loop re- 
sponse to various load fluctuations. It has 


Fig 11.25 — Two methods for boosting the output- -current capacity of an IC 
voltage regulator. Part A shows an NPN emitter follower and B shows a PNP 
“wrap-around” configuration. Operation of these circuits is explained in the text. 
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Fig 11.26 — A simplified voltage-regulator feedback loop. The Loop Gain Tester, Load Tester, Load Test Circuit and oscil- 


loscope circuits are used to test open-loop response andg 


proved to be very informative, as dis- 
cussed later. 

The second test circuit (Loop Gain 
Tester) is inserted into the regulator loop 
so that a test signal can be injected into the 
loop, in order to measure the open-loop 
gain and frequency response. Notice that 
the loop is closed through the feedback 
path of R4, Къ and R, at dc and very low 
frequencies (less than 0.5 Hz), and the de 
output voltage is pretty well regulated 
(which is essential to loop testing). By 
observing the magnitude (and rate of 
change) of the frequency response, it is 
possible to deduce information about 
phase shift.! With this information avail- 
able, the gain and phase margins (and 
therefore the regulation, stability, tran- 
sient response and output impedance) of 
the closed-loop regulator can be 
estimated. 

The third test circuit is a two-stage op 
amp preamplifier and oscilloscope. It is 
used to measure very small signals in 


1Van Valkenburg, M.E., Introduction to Mod- 
ern Network Synthesis, Chapter 8, New 
York: John Wiley & Sons, 1967. 
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the 0.1-Hz to 400-kHz range. 


Open-Loop Tests 


The test signal applied to points A and 
А' is reduced 60 dB by a voltage divider: 
Rg and Re. (The voltage division converts 
convenient input voltages, which we can 
measure with ordinary equipment, to mi- 
crovolt levels in the loop.) Capacitor C 
couples V,, the voltage across Кү, to the 
’723 through R,. Ra is roughly the resis- 
tance that the '723 sees in normal opera- 
tion. The test signal is amplified by at most 
74 dB on its way (clockwise around the 
loop and through the regulator) to the 
right-hand end of Rp. It is then attenuated 
100 dB by Къ and Re. This means that the 
“Jeak-through” back to the '723 input is 
much smaller, than the V, that we started 
with, if the frequency is 2 Hz or greater. At 
dc (and very low frequencies) the regula- 
tor functions somewhat normally. Above 
2Hz,then, the magnitude of the open-loop 
gain at the test frequency is very nearly the 
ratio Voy! / IV 4l. 

The first benefit of this test circuit was 
that it isolated an instability in the '723. 
The oscillation, at several hundred kHz, 
was cured by adding C4 (33 pF) and C3 


ain. the heavy lines indicate critical! low-impedance circuit paths. 


(100 uF / 50 V with very short leads). 
Normally, one would suspect an oscilla- 
tion to involve the overall loop, but this 
was not the case. This kind of instability is 
common in feedback control systems: 
Everything appears to function (usually 
not to full specification), but an embedded 
element is not stable. 


Open-Loop Frequency Response 


Refer to Fig 11.26. The open-loop gain 
is the product of three factors. The test 
signal is: 


1. Voltage amplified by the regulator IC 
(about 74 dB for the '723) on its way 
(clockwise) to the emitters of Q1 and Q2. 

2. Low-pass filtered by C6 and Rg (the 
combination of '/2 Re + R2 + R3). 

3. Divided by potentiometer R4. 


For the 2.5-A supply, the greatest open- 
loop gain values are 59 dB at 25 V output 
and 74 dB at 4.5 V. 

Fig 11.27 shows the open-loop fre- 
quency response to the top of R4 when Rg 
is set fora 2.5-A current limit. At very low 
frequencies, the drop off is due to the 
gradual closure of the feedback loop, as 
mentioned above. At higher frequencies, 
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Fig 11.27 — The open-loop frequency response curves of 
the voltage-regulator feedback loop. Point A is 120 Hz; point 
B is 280 Hz; point C. is 1.2 kHz (above 1.2 kHz, C6 is no 


longer effective). 


the roll off results from the combined 
effects of C4 and C6; it occurs at a 6-dB- 
per-octave rate (within the errors of in- 
strumentation). The cutoff frequency is 
about 280 Hz, which is: 


1 


fo = = 

© 2x mx Rp x Сб (6) 
where: 

foo = cutoff frequency in Hz 

Rg = 0.57 Q T5 

Сб = 1000 uF 


For comparison, a reference curve (6 dB 
per octave at the high and low ends) is 
superimposed. At about 1.2 kHz or so, the 
reactance of C6 is roughly equal to its 
equivalent series resistance (ESR), which 
is about 0.13 Q fora small 1000-uF alumi- 
num-electrolytic capacitor. Beyond this 
frequency the impedance of C6 does not 
diminish, and C4 takes over (thereby 
maintaining the 6-dB-per-octave roll-off 
rate). Careful measurements and computer 
- simulations of the regulator loop verified: 

that C4 and C6 do, in fact, collaborate 
pretty well in this manner. 

This characteristic is the desired effect. 
At 120 Hz (the major ripple frequency) the 
loop gain is maximum, so the regulator 
loop works hard to suppress output ripple: 
At higher frequencies, the roll-off rate 
implies a loop phase shift in the neighbor- 

‘hood of 90°, which assures closed-loop 
stability and good transient response. 
Closed-loop transient response tests (us- 
ing a square-wave signal injected into the 
Load Test Circuit) verify the absence of 
ringing or large overshoot. — 

When Rg is increased to limit at smaller 
currents, the cutoff frequency decreases. 


100kHz = 1 MHz | 


In the example supply, the 0.5-A and 
0.1-A range cutoff frequencies are 58 Hz 
and 12 Hz, respectively, and the roll-off 
rate remains 6 dB per octave as before. 
Hence, the loop gain at 120 Hz is reduced. 


` The ripple voltage across C1, however, is 


also greatly reduced at lighter load cur- 
rents. In the.end, output ripple remains 
very low. | | 


Closed-Loop Response 
The closed-loop gain of the regulator is: 


Са, = 20108 E | 
1 | M 
where: ; 
Ссі = closed-loop gain, in dB 
Vout = output voltage | 
Vref = reference voltage. 


(7) 


Here, Vo, is 4.5 V, minimum (25.0 V, 
maximum) and Vger is 4.5 V. Fig 11.27 
shows the locations of the minimum and 


maximum gain values and also the corre- : 


sponding closed-loop bandwidths. By lo- 
cating the 280-Hz cutoff frequency fairly 
close to the 120-Hz ripple frequency, the 
closed-loop bandwidth is minimized, 
which is desirable in a voltage regulator: 

Another important regulator parameter 
is closed-loop output impedance. Fig 
11.28 shows a computer simulation of this 
parameter. Mathematical analysis and 
actual measurements using the Load Test 
Circuit with a sine-wave test signal 
corroborate the simulations quite well. 


. Two results are shown. For curve A, the 
` C6 component (of Fig 11.26) is removed 
` from the circuit, and C4 is increased so 


that the 280-Hz cutoff frequency is main- 
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Fig 11.28 = Output impedance magnitude for the voltage- 
regulator feedback loop. 


tained, as we discussed before. At low 
frequencies the output impedance should 


‚Бе Rg (0.57 О) divided by the open-loop 


voltage gain (5000 maximum), about 
0.11 mQ. Above 280 Hz, though, the out- ` 
put impedance increases rapidly because 
the open-loop gain is decreasing. It will 
eventually reach the value of Rg. 

For curve B, the original values of C6 
and C4 are used, and the output impedance 
remains low up to about 1.2 kHz. It then 
increases, but remains much lower than 
curve A. This happens because C4 is 
smaller than in curve A and C4 mainly de- 
termines the frequency characteristic. In 
other words, the impedance of C6 (its re- 
actance plus its ESR) is in parallel with the 
relatively small output impedance of a 
high-gain feedback amplifier. Therefore, 
C4 is much less influential in determining 
the power-supply output impedance. This 
situation gradually changes as frequency 
increases. 

This discussion shows that the output- 
impedance characteristic of the power 
supply is reduced at frequencies that are 
significant in certain applications. Fur- 
thermore, it can be reduced by feedback to 
levels that are impossible with practical 
capacitors. To take advantage of this lower 
impedance, the regulator must be located 
extremely close to the load (remote sens- 
ing is another possibility). | 

When extremely tight regulation and 
low output impedance are important, the 
leads'to the load must be very short, heavy 
straps. Multiple loads should be connected 
in parallel directly at the binding posts: A 
“daisy-chain” connection scheme does not 
assure equal regulation for each load; it 
counteracts precision regulation. 
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High-Voltage Techniques 


The construction of high-voltage sup- 
plies poses special considerations in addi- 
tion to the normal design and construction 
practices used for lower-voltage supplies. 
In general, the constructor needs to re- 
member that physical spacing between 
leads, connections, parts and the chassis 
must be sufficient to prevent arcing. Also, 
the series connection of components such 
as capacitor and resistor strings needs to 
be done with consideration for voltage 
stresses in the components. 


CAPACITORS 


Capacitors will usually need to be con- 
nected in series strings to form an equiva- 
lent capacitor with the capability to with- 
stand the applied voltage. When this is 
done, equal-value bypassing resistors 
need to be connected across each capaci- 
tor in the string in order to distribute the 
voltage equally across the capacitors. The 
equalizing resistors should have a value 
low enough to equalize differences in ca- 
pacitor leakage resistance between the ca- 
pacitors, while high enough not to dissi- 
pate excessive power. Also, capacitor 
bodies need to be insulated from the chas- 
sis and from each other by mounting them 
on insulating panels, thereby preventing 
arcing to the chassis or other capacitors in 
the string. 

For high voltages, oil-filled paper- 
dielectric capacitors are superior to 


electrolytics because they have lower 
internal impedance at high frequencies, 
lower leakage resistance and are available 
with higher working voltages. These ca- 
pacitors are available in values of several 
microfarads and have working voltage rat- 
ings of thousands of volts. Avoid older oil- 
filled capacitors. They may contain poly- 
chlorinated biphenyls (PCBs), a known 
cancer-causing agent. Newer capacitors 
have eliminated PCBs and have a notice 
on the case to that effect. 


BLEEDER RESISTORS 


Bleeder resistors should be given care- 
ful consideration. These resistors provide 
protection against shock when the power 
supply is turned off and dangerous wiring 
is exposed. A general rule is that the 
bleeder should be designed to reduce the 
output voltage to 30 V or less within 
2 seconds of turning off the power supply. 
Take care to ensure that the maximum 
voltage rating of the resistor is not ex- 
ceeded. The bleeder will consist of several 
resistors in series. One additional recom- 
mendation is that two separate bleeder 
strings be used. to provide safety in the 
event one of the strings fails. 


METERING TECHNIQUES 

Special considerations should be ob- 
served for metering of high-voltage sup- 
plies, such as the plate supplies for linear 


Batteries and Charging 


The availability of solid-state equip- 
ment makes it practical to use battery 
power under portable or emergency con- 
ditions. Hand-held transceivers and in- 
struments are obvious applications, but 
even fairly powerful transceivers (100 W 
or so output) may be practical users of 
battery power (for example, emergency 
power for the home station for ARES op- 
eration). 

Lower-power equipment can be pow- 
ered from two types of batteries. The “pri- 
mary” battery is intended for one-time use 
and is then discarded; the “storage” (or 
“secondary”) battery may be recharged 
many times. 

A battery is a group of chemical cells, 
usually series-connected to give some de- 
sired multiple of the cell voltage. Each 
assortment of chemicals used in the cell 
gives a particular nominal voltage. This 
must be taken into account to make up a 
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particular battery voltage. For example, 
four 1.5-V carbon-zinc cells make a 6-V 
battery and six 2- V lead-acid cells make a 
12-V battery. The DC Theory and Resis- 
tive Components chapter has more infor- 
mation about energy storage in battteries. 
In addition, the Real World Component 
Characteristics chapter has information 
about battery capacity and charge/dis- 
charge rates. 


PRIMARY BATTERIES 


One of the most common primary-cell 
types is the carbon-zinc, or Leclanche 
flashlight type, in which chemical oxida- 
tion occurs during discharge. This chemi- 
cal oxidation converts the zinc into salts, 
and produces electricity. When there is no 
current, the oxidation essentially stops 
until current is required. À slight amount 
of chemical action does continue, how- 
ever, so stored batteries eventually will 


amplifiers. This is to provide safety to both 
personnel and also to the meters them- 
selves. 

To monitor the current, it is customary 
to place the ammeter in the supply return 
(ground) line. This ensures that both meter 
terminals are close to ground potential, as 
compared to the hazard created by placing 
the meter in the positive output line—in 
which case the voltage on each meter ter- 
minal would be near the full high-voltage 
potential. Also, there is the strong possi- 
bility that an arc could occur between the 
wiring and coils inside the meter and the 
chassis of the amplifier or power supply 
itself. This hazardous potential cannot ex- 
ist with the meter in the negative leg. An- 
other good safety practice is to place a low- 
voltage Zener diode across the terminals 
of the ammeter. This will bypass the meter 
in the event of an internal open circuit in 
the meter. 

For metering of high voltage, the 
builder should remember that resistors to 
be used in multiplier strings have voltage 
breakdown ratings. Usually, several resis- 
tors need to be used in series to reduce 
voltage stress across each resistor. A basic 
rule of thumb is that resistors should be 
limited to a maximum of 200 V, unless 
rated otherwise. Therefore, for a 2000-V 
power supply, the voltmeter would have a 
string of 10 resistors connected in series to 
distribute the voltage equally. 


degrade or dry out to the point where the 
battery will no longer supply the desired 
current. The time taken for degradation 
without battery use is called shelf life. 
The carbon-zinc battery has a nominal 
voltage of 1.5 V. Larger cells are capable 
of producing more milliampere hours and 
less voltage drop than smaller cells. 
Heavy-duty and industrial batteries usu- 
ally have a longer shelf life. The carbon- 
zinc cell is now largely being supplanted 
by the alkaline cell, which has better dis- 
charge characteristics and will retain more 
capacity at low temperatures. The alkaline 
cell typically has an ampere hour capacity 
of about twice that of the carbon-zinc cell. 
Its nominal voltage is also 1.5 V. 
Lithium primary batteries have a nomi- 
nal voltage of about 3 V per cell and by far 
the best capacity, discharge, shelf-life and 
temperature characteristics. Their disad- 
vantages are high cost and the fact that they 


cannot be readily replaced by other types 
in an emergency. 

The lithium-thionyl-chloride battery is 
a primary cell, and should not be recharged 
under any circumstances. The charging 
process vents hydrogen, and a catastrophic 
hydrogen explosion can result. Even acci- 
dental charging caused by wiring errors or 
a short circuit should be avoided. 

Silver oxide (1.5 V) and mercury (1.4 V) 
batteries are very good where nearly con- 
stant voltage is desired at low currents for 
long periods. Their main use (in submin- 
iature versions) is in hearing aids, though 
they may be found in other mass-produced 
devices such as household smoke alarms. 


SECONDARY OR 
RECHARGEABLE BATTERIES 


Many of the chemical reactions in pri- 
mary batteries are theoretically reversible 
if current is passed through the battery in 
the reverse direction. For instance, zinc 
may be plated back onto the negative elec- 
trode of a carbon-zinc battery. 

Primary batteries should not be recharged 
for two reasons: It may be dangerous be- 
cause of heat generated within sealed cells, 
and even in cases where there may be some 
success, both the charge and life are limited. 
In the carbon-zinc example, the zinc may 
not replate in the locations that had been 
oxidized. Pinholes in the case result, with 
consequent fluid leakage that will damage 
the equipment powered by the batteries. 
(One type of alkaline battery is recharge- 
able, and is so marked). 


Nickel Cadmium 


The most common type of smaller re- 
chargeable battery is the nickel-cadmium 
(NiCd), with a nominal voltage of 1.2 V 
per cell. Carefully used, these are capable 
of 500 or more charge and discharge 
cycles. For best life, the NiCd battery must 
not be fully discharged. Where there is 
more than one cell in the battery, the most- 
discharged cell may suffer polarity rever- 
sal, resulting in a short circuit, or seal rup- 
ture. All storage batteries have discharge 
limits, and NiCd types should not be dis- 
charged to less than 1.0 V per cell. 

Nickel cadmium cells are not limited to 
“D” cells and smaller sizes. They also are 
available in larger varieties ranging to mam- 
moth 1000 Ah units having carrying handles 
on the sides and caps on the top for adding 
water, similar to lead-acid types. These large 
cells are sold to the aircraft industry for jet- 
engine starting, and to the railroads for start- 
ing locomotive diesel engines. They also are 
used extensively for uninterruptible power 
supplies. Although expensive, they have 
very long life. Surplus cells are often avail- 
able through surplus electronics dealers, and 


these cells often have close to their full rated 
capacity. 

Advantages for the ham in these vented- 
cell batteries lie in the availability of high 
discharge current to the point of full dis- 
charge. Also, cell reversal is not the prob- 
lem that it is in the sealed cell, since water 
lost through gas evolution can easily be re- 
placed. Simply remove the cap and add dis- 
tilled water. By the way, tap water should 
never be added to either nickel cadmium or 
lead-acid cells, since dissolved minerals in 
the water can hasten self discharge and in- 
terfere with the electrochemical process. 


Lead Acid 


The most widely used high-capacity re- 
chargeable battery is the lead-acid type. In 
automotive service, the battery is usually 
expected to discharge partially at a very 
high rate, and then to be recharged promptly 
while the alternator is also carrying the elec- 
trical load. If the conventional auto battery 
is allowed to discharge fully from its nomi- 
nal 2 V per cell to 1.75 V per cell, fewer than 
50 charge and discharge cycles may be ex- 
pected, with reduced storage capacity. 

The most attractive battery for extended 
high-power electronic applications is the so- 
called “deep-cycle” battery, which is in- 
tended for such use as powering electric fish- 
ing motors and the accessories in recreational 
vehicles. Size 24 and 27 batteries furnish a 
nominal 12 V and are about the size of small 
and medium automotive batteries. These 
batteries may furnish between 1000 and 
1200 W-hr per charge at room temperature. 
When properly cared for, they may be ex- 
pected to last more than 200 cycles. They 
often have lifting handles and screw termi- 
nals, as well as the conventional truncated- 
cone automotive terminals. They may also be 
fitted with accessories, such as plastic carry- 
ing cases, with or without built-in chargers. 

Lead-acid batteries are also available 
with gelled electrolyte. Commonly called 
gel cells, these may be mounted in any 
position if sealed, but some vented types 
are position sensitive. 

Lead-acid batteries with liquid electrolyte 
usually fall into one of three classes — con- 
ventional, with filling holes and vents to 
permit the addition of distilled water lost 
from evaporation or during high-rate charge 
or discharge; maintenance-free, from which 
gas may escape but water cannot be added; 
and sealed. Generally, the deep-cycle bat- 
teries have filling holes and vents. 


PROS AND CONS 
Chemical Hazards of Each Battery 
Type 

In addition to the precautions given 
above, the following precautions are rec- 
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ommended. (Always follow the manu- 
facturer’s advice.) 

Gas escaping from storage batteries 
may be explosive. Keep flames or lighted 
tobacco products away. 

Dry-charged storage batteries should be 
given electrolyte and allowed to soak for 
at least half an hour. They should then be 
charged at about a 15 A rate for 15 minutes 
or so. The capacity of the battery will build 
up slightly for the first few cycles of 
charge and discharge, and then have fairly 
constant capacity for many cycles. Slow 
capacity decrease may then be noticed. 

No battery should be subjected to un- 
necessary heat, vibration or physical 
shock. The battery should be kept clean. 
Frequent inspection for leaks is a good 
idea. Electrolyte that has leaked or sprayed 
from the battery should be cleaned from 
all surfaces. The electrolyte is chemically 
active and electrically conductive, and 
may ruin electrical equipment. Acid may 
be neutralized with sodium bicarbonate 
(baking soda), and alkalis may be neutral- 
ized with a weak acid such as vinegar. 
Both neutralizers will dissolve in water, 
and should be quickly washed off. Do not 
let any of the neutralizer enter the battery. 

Keep a record of the battery use, and 
include the last output voltage and (for 
lead-acid storage batteries) the hydrom- 
eter reading. This allows prediction of 
useful charge remaining, and the recharg- 
ing or procuring of extra batteries, thus 
minimizing failure of battery power dur- 
ing an excursion or emergency. 


Internal Resistance 


Cell internal resistance is very impor- 
tant to handheld-transceiver users. This is 
because the internal resistance is in series 
with the battery's output and therefore 
reduces the available battery voltage at the 
high discharge currents demanded by the 
transmitter. The result is reduced transmit- 
ter output power and power wasted in the 
cell itself by internal heating. Because of 
cell-construction techniques and battery 
chemistry, certain types of cells typically 
have lower internal resistance than others. 

The NiCd cell is the undisputed king of 
cell types for high discharge current capa- 
bility. Also, the NiCd maintains this low 
internal resistance throughout its dis- 
charge curve, because the specific gravity 
of its potassium hydroxide electrolyte 
does not change. 

Next in line is probably the alkaline 
primary cell. When these cells are used 
with handheld transceivers, it is not un- 
common to have lower output power, and 
often to have the low battery indicator 
come on, even with fresh cells. 

The lead-acid cell, which is finding 
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Fig 11.29 — Output capacity as a 
function of discharge rate for two sizes 
of lead-acid batteries. 


popularity in belt-hung battery packs, is 
pretty close to the alkaline cell for internal 
resistance, but this is only at full charge. 
Unlike the NiCd, the electrolyte in the 
lead-acid cell enters into the chemical re- 
action. During discharge, the specific 
gravity of the electrolyte gradually drops 
as it approaches water, and the conductiv- 
ity decreases. Therefore, as the lead-acid 
cell approaches a discharged state, the in- 
ternal resistance increases. For the belt 
pack, larger cells are used (approximately 
2 Ah) and the internal resistance is conse- 
quently reduced. 

The worst cell of all is the common car- 
bon-zinc flashlight cell. With the transmit 
current demand levels of handheld radios, 
these cells are pretty much useless. 


BATTERY CAPACITY 


The common rating of battery capac- 
ity is ampere hours (Ah), the product of 
current drain and time. The symbol “C” 
is commonly used; C/10, for example, 
would be the current available for 10 
hours continuously. The value of C 
changes with the discharge rate and 
might be 110 at 2 A but only 80 at 20 A. 
Fig 11.29 gives capacity-to-discharge 
rates for two standard-size lead-acid 
batteries. Capacity may vary from 35 
mAh for some of the small hearing-aid 
batteries to more than 100 Ah for a size 
28 deep-cycle storage battery. 

Sealed primary cells usually benefit 
from intermittent (rather than continuous) 
use. The resting period allows completion 
of chemical reactions needed to dispose of 
by-products of the discharge. 

The output voltage of all batteries drops 
as they discharge. “Discharged” condition 
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for a 12-V lead-acid battery, for instance, 
should not be less than 10.5 volts. Itis also 
good to keep a running record of hydro- 
meter readings, but the conventional read- 
ings of 1.265 charged and 1.100 dis- 
charged apply only to a long, low-rate 
discharge. Heavy loads may discharge the 
battery with little reduction in the hydro- 
meter reading. 

Batteries that become cold have less 
of their charge available, and some at- 
tempt to keep a battery warm before use 
is worthwhile. A battery may lose 70% 
or more of its capacity at cold extremes, 
but it will recover with warmth. All bat- 
teries have some tendency to freeze, but 
those with full charges are less suscep- 
tible. A fully charged lead-acid battery 
is safe to -30?F (-26?C) or colder. Stor- 
age batteries may be warmed somewhat 
by charging. Blow-torches or other 
flame should never be used to heat any 
type of battery. 

A practical discharge limit occurs when 
the load will no longer operate satis- 
factorily on the lower output voltage near 
the “discharged” point. Much gear in- 
tended for “mobile” use may be designed 
for an average of 13.6 V and a peak of 
perhaps 15 V, but will not operate well 
below 12 V. For full use of battery charge, 
the gear should operate weil (if not at full 
power) on as little as 10.5 V with a nomi- 
nal 12 to 13.6-V rating. 

Somewhat the same condition may be 
seen in the replacement of carbon-zinc 
cells by NiCd storage cells. Eight carbon- 
zinc cells will give 12 V, while 10 of the 
same size NiCd cells are required for the 
same voltage. If a 10-cell battery holder is 
used, the equipment should be designed 
for 15 V in case the carbon-zinc units are 
plugged in. 


Discharge Planning 


Transceivers usually drain a battery 
at two or three rates: one for receiving, 
one for transmit standby and one key- 
down or average voice transmit. Con- 
sidering just the first and last of these 
(assuming the transmit standby is equal 
to receive), average two-way communi- 
cation would require the low rate ?/ of 
the time and the high rate '/s of the time. 
The ratio may vary somewhat with 
voice. The user may calculate the per- 
centage of battery charge used in an 
hour by the combinatioh (sum) of rates. 
If, for example, 20% of the battery ca- 
pacity is used in an hour, the battery will 
provide five hours of communications 
per charge. In most actual traffic and 
DX-chasing situations the time spent 
listening should be much greater than 
that spent transmitting. 


Charging/Discharging 
Requirements 

The rated full charge of a battery, C, is 
expressed in ampere-hours. No battery is 
perfect, so more charge than this must be 
offered to the battery for a full-charge. If, 
for instance, the charge rate is 0.1 C (the 
10-hour rate), 12 or more hours may be 
needed for the charge. 

Basically NiCd batteries differ from the 
lead-acid types in the methods of charg- 
ing. It is important to note these differ- 
ences, since improper charging can drasti- 
cally shorten the life of a battery. NiCd 
cells have a flat voltage-versus-charge 
characteristic until full charge is reached; 
at this point the charge voltage rises 
abruptly. With further charging, the elec- 
trolyte begins to break down and oxygen 
gas is generated at the positive (nickel) 
electrode and hydrogen at the negative 
(cadmium) electrode. 

Since the cell should be made capable 
of accepting an overcharge, battery manu- 
facturers typically prevent the generation 
of hydrogen by increasing the capacity of 
the cadmium electrode. This allows the 
oxygen formed at the positive electrode to 
reach the metallic cadmium of the nega- 
tive electrode and reoxidize it. During 
overcharge, therefore, the cell is in equi- 
librium. The positive electrode is fully 
charged and the negative electrode less 
than fully charged, so oxygen evolution 
and recombination “wastes” the charging 
power being supplied 

In order to ensure that all cells ina NiCd 
battery reach a fully charged condition, 
NiCd batteries should be charged by a 
constant current at about a 0.1-C current 
level. This level is about 50 mA for the 
AA-size cells used in most hand-held 
radios. This is the optimum rate for most 
NiCds since 0.1 C is high enough to pro- 
vide a full charge, yet it is low enough to 
prevent over-charge damage and provide 
good charge efficiency. 

Although fast-charge-rate (3 to 5 hours 
typically) chargers are available for hand- 
held transceivers, they should be used with 
care. The current delivered by these units is 
capable of causing the generation of large 
quantities of oxygen ina fully charged cell. 
If the generation rate is greater than the oxy- 
gen recombination rate, pressure will build 
in the cell, forcing the vent to open and the 
oxygen to escape. This can eventually cause 
drying of the electrolyte, and then cell fail- 
ure. The cell temperature can also rise, which 
can shorten cell life. To prevent overcharge 
from occurring, fast-rate chargers should 
have automatic charge-limiting circuitry 
that will switch or taper the charging current 
to a safe rate as the battery reaches a fully- 
charged state. 


Gelled-electrolyte lead-acid batteries 
provide 2.4 V/cell when fully charged. 
Damage results, however, if they are 
overcharged. (Avoid constant-current 
or trickle charging unless battery 
voltage is monitored and charging is 
terminated when a full charge is 
reached.) Voltage-limited charging is 
best for these batteries. A proper 
charger maintains a safe charge-current 
level until 2.3 V/cell is reached (13.8 V 
for a 12-V battery). Then, the charge 
current is tapered off until 2.4 V/cell 
is reached. Once charged, the battery 
may be safely maintained at the “float” 
level, 2.3 V/cell. Thus, a 12-V gel-cell 
battery can be “floated” across a regu- 


lated 13.8-V system as a battery backup 
in the event of power failure. 
Deep-cycle lead-acid cells are best 
charged at a slow rate, while automotive 
and some NiCd types may safely be given 
quick charges. This depends on the amount 
of heat generated within each cell, and cell 
venting to prevent pressure build-up. 
Some batteries have built-in temperature 
sensing, used to stop or reduce charging 
before the heat rise becomes a danger. 
Quick and fast charges do not usually al- 
low gas recombination, so some of the 
battery water will escape in the form of 
gas. If the water level falls below a certain 
point, acid hydrometer readings are no 
longer reliable. If the water level falls to 


Emergency Operations 


CARE AND FEEDING OF 
GENERATORS 


For long term emergency operation, a 
generator is a must, as anyone who has 
operated field day can attest to. The gen- 
erator will provide power as long as the 
fuel supply holds out. Proper care is nec- 
essary to keep the generator operating re- 
liably, however. 

When the generator runs out of fuel, the 
operator may be tempted to rush over with 
the gasoline can and begin refueling. This 
is very hazardous, since the engine’s mani- 
fold and muffler are at temperatures that 
can ignite spilled gasoline. The operator 
should wait a few minutes to allow hot 
surfaces to cool sufficiently to ensure 
safety. For these periods when the genera- 
tor is shut down, plan on having battery 


power available to support station opera- 
tion until the generator can be brought 
back on line. 

Check the level of the engine’s lubricat- 
ing oil from time to time. If the oil sump 
becomes empty, the engine can seize, put- 
ting the station out of operation and neces- 
sitating costly engine repairs. 

Remember that the engine will produce 
carbon monoxide gas while it is running. 
The generator should never be run indoors, 
and should be placed away from open win- 
dows and doors to keep exhaust fumes 
from coming inside. 


INVERTERS \ 


For battery-powered operation of alter- 
nating-current loads, inverters are avail- 


Power-Supply Projects 


Construction of a power supply can be 
one of the most rewarding projects under- 
taken by a radio amateur. Whether it’s a 
charger for the NiCds in a VHF hand-held 
transceiver, a low-voltage, high-current 
monster for anew 100-W solid-state trans- 
ceiver, or a high-voltage supply for a new 
linear amplifier, a power supply is basic to 
all of the radio equipment we operate and 
enjoy. Final testing and adjustment of 
most power-supply projects requires only 
a voltmeter, and perhaps an oscilloscope 
— tools commonly available to most ama- 
teurs. 

General construction techniques that 
may be helpful in building the projects in 
this chapter are outlined in the Circuit 


Construction chapter. Earlier chapters in 
this Handbook contain basic information 
about the components that make up power 
supplies. 

Safety must always be carefully consid- 
ered during design and construction of any 
power supply. Power supplies contain po- 
tentially lethal voltages, and care must be 
taken to guard against accidental ex- 
posure. For example, electrical tape, in- 
sulated tubing (spaghetti) or heat-shrink 
tubing is recommended for covering ex- 
posed wires, components leads, compo- 
nent solder terminals and tie-down points. 
Whenever possible, connectors used to 
mate the power supply to the outside world 
should be of an insulated type designed to 
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plate level, permanent battery damage 
may result. 

Overcharging NiCds in moderation 
causes little loss of battery life. Continuous 
overcharge, however, may generate a volt- 
age depression when the cells are later dis- 
charged. For best results, charging of NiCd 
cells should be terminated after 15 hours at 
the slow rate. Better yet, circuitry may be 
included in the charger to stop charging, or 
reduce the current to about 0.02 C when the 
1.43-V-per-cell terminal voltage is reached. 
For lead-acid batteries, a timer may be used 
to run the charger to make up for the re- 
corded discharge, plus perhaps 20%. Some 
chargers will switch over automatically to 
an acceptable standby charge. 


able. An inverter is a dc-to-ac converter, 
switching at 60 Hz to provide 120 V ac to 
the loads. 

Inverters come in varying degrees of 
sophistication. The simplest, as men- 
tioned above, produces a square-wave 
output. This is no problem for lighting and 
other loads that don’t care about the input 
waveform. Lots of equipment using mo- 
tors will work poorly or not at all when 
supplied with square wave power. There- 
fore, many higher-power inverters use 
waveform shaping to approximate a sine- 
wave output. The simplest of these meth- 
ods is a resonant inductor and capacitor 
filter. Higher-power units employ pulse- 
width modulation of the converter 
switches to create a sinusoidal output 
waveform. 


prevent accidental contact. 

Connectors and wire should be checked 
for voltage and current ratings. Always use 
wire with an insulation rating higher than 
the working voltages in the power supply. 
Special high-voltage wire is available for 
use in B+ supplies. The Component Data 
chapter contains a table showing the cur- 
rent-carrying capability of various wire 
sizes. Scrimping on wire and connectors 
to save money could result in flashover, 
meltdown or fire. 

All fuses and switches should be placed 
in the hot leg(s) only. The neutral leg 
should not be interrupted. Use of a three- 
wire (grounded) power connection will 
greatly reduce the chance of accidental 
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shock. The proper wiring color code for 
120-V circuits is: black — hot; white — 
neutral; and green — ground. For 240-V 
circuits, the second hot lead generally uses 
а red wire. 


Power-supply Primary Circuit 
Connector Standard 


The International Commission on Rules 
for the Approval of Electrical Equipment 
(CEE) standard for power-supply pri- 
mary-circuit connectors for use with de- 
tachable cable assemblies is the CEE-22 
(see Fig 11.30). The CEE-22 has been rec- 
ognized by the ARRL and standards agen- 
cies of many countries. Rated for up to 
250 V, 6 A at 65°C, the CEE-22 is the most 
commonly used three-wire (grounded), 
chassis-mount primary circuit connector 


Fig 11.30 — CEE-22 connectors are 
available with bullt-in line filters and 
fuse holders. 


for electronic equipment in North America 
and Europe. It is often used in Japan and 
Australia as well. 

When building a power supply requir- 
ing 6 A or less for the primary supply, a 
builder would do well to consider using a 
CEE-22 connector and an appropriate 


cable assembly, rather than a permanently 
installed line cord. Use of a detachable line 
cord makes replacement easy in case of 
damage. CEE-22 compatible cable assem- 
blies are available with a wide variety of 
power plugs including most types used 
overseas. 

Some manufacturers even supply the 
CEE-22 connector with a built-in line fil- 
ter. These connector/filter combinations 
are especially useful in supplies that are 
operated in RF fields. They are also useful 
in digital equipment to minimize con- 
ducted interference to the power lines. 

CEE-22 connectors are available in 
many styles for chassis or PC-board 
mounting. Some have screw terminals; 
others have solder terminals. Some styles 
even contain built-in fuse holders. 


A SERIES-REGULATED 4.5- TO 25-V, 2.5-A POWER SUPPLY 


For home-laboratory requirements, a 
series-regulator supply is simpler and less 
expensive than a switching power supply. 
Series-regulated supplies are also free of 
electrical switching noise, which is a prob- 
lem with some switching supplies. During 
tests of sensitive low-level circuitry, the 
power supply output should be pure dc; it 
should not contribute to problems in the 
circuit under test. 

The power supply in Fig 11.31 was de- 


Neutral 


* heat sink 
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signed and built by William E. Sabin, 
WOIYH. See “High-Precision Series 
Regulator Loop Design," earlier in this 
chapter, for a discussion of the design, 
analysis and tests of the feedback control 
loop used in this power supply. 


Features 


This supply was designed to meet the 
following objectives: 
* Continuously variable output voltage 


Q1 
2N3055 R6 
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from 4.5 to 25.0 V. 

* Tight load voltage regulation, better than 
0.03%, for load currents from 0 to 2.0 A, 
0.1% to 2.5 A; 0.01% into a 2.0-A load 
for ac-line voltages from 117 to 122 V. 

* Excellent response to load fluctuations 
and transients (low output impedance). 

• Very low ac ripple, less than 2 yV RMS 
with a 2.0-A load. 

• Very low random noise, less than 2 yV 
RMS from 0.1 Hz to 500 kHz. 


MAX CURRENT SELECT 


0.22/28 25А AMMETER 
Q 


ADJUST 


- 4 


e Use an off-the-shelf transformer and other easily obtainable 


parts. 

* Load currents up to 2.5 A, continuous duty. 

* Switch selectable current limiting, at.0.1, 0.5 or 2. 5 A, to pro- 
tect delicate circuits under test. 


The Circuit 


Fig 11.32 is а schematic of the power-supply circuit. An 
LM723 regulator was selected because it's simple, and its ref- 


erence voltage is available (pin 6) for filtering. Reference noise . 


(typical of zener diodes) is reduced to a very low level via C5, 


as suggested in the data sheet for the '723. The current-limiting. 
circuitry is also accessible (at pins 2 and 3). It senses the voltage | 


drop across R2 and R3. 


The combination of R2 and R3. sets the current limit at. 


0.62 / (R2 + R3) A. R3 (R3a and R3b together) forms an 
0.11-Q, 4-W resistor, which acts as a shunt for the digital meter 
that measures load current. R8 provides meter adjustment with- 
. out affecting R3 significantly. S3 selects from three values of 
R2 to set current limits at approximately 0.1, 0.5 or 2.5 A. 
СІ has a large value to reduce output ripple voltage. Smaller 
values would increase ripple and require a higher transformer 
`. voltage to prevent regulator drop out. Other voltage drops be- 
tween the Q1/Q2 emitters and the output terminal are mini- 
mized to assure that a standard 25.2-V transformer can do the 
job. The R1-C2 combination reduces ac ripple at the '723 by a 
factor of 25; this eliminates the need for an extremely large 
value of Cl. 

Тһе circuitry of ОЗ, R10, C7 and D1 prevents the voltage on 
pins 11 and 12 of U2 from exceeding the-40-V maximum rating 
‘of the '723 (especially with light loads and high line voltage). C7 
eliminates a very small ac ripple at the dc output. As load current 
increases, the voltage at C1 decreases and Q3 is saturated. 

When R4 is adjusted to reduce output voltage, U2 and Q1/Q2 


are switched off until C6 discharges to the lower voltage. This © 


caused the emitter-base junctions of Q1 and Q2 to break down 


Fig 11.32 — Schematic of the 4.5 to 25-V, 2.5-A regulated ас power supply. Heavy 
m : lines indicate critical low-impedance conductors; use short conductors with large 
; Oo he \ surface areas. “RS” signifies a Radio Shack part number; “CDE” is Cornell 


Dubilier Electric. 


. C1 — 10000 uF, 50 V (CDE 10000-50- AC, 


or equiv). 
equiv). 


equiv). 
.C4 — 33 pF, 50 V. 


equiv). 


equiv). 


D4 — 1N750A. 
or equiv). 


equiv). 


R1 — 10 ©, 0.5 W. 
R2a — 0.22 0, 2 W. 
R2b — 1.5 Q, 2 W. 


, R2c — 6.2 О, 5%, 0.5 W. 


C2 — 3300 uF, 50 V (СОЕ 3300-50-M, ог . 
C3, C7 — 100 LF, 50 V (RS 272-1044, or 


C5 — 100 pF, 35 V (RS 272- 1028, or 
C6 — 1000 uF, 35 V (RS 272-1032, or 


,C8, C9 — 0.01 uF, ac-rated capacitor. ` 
D1 — 1N5257A 33-V Zener diode. 
D2, D3 — 1N4001 (RS 276-1101, or equiv). 


DS1 — Neon lamp, 120-V ac (RS 272-704, 
F1 — 1.5 A slow-blow (RS 270-1284, or 


M1 — DMM (Heath SM-2300-A, or equiv). 
P1 — Three-wire power cord and plug. 
-Q1, Q2 — 2N3055 (RS 276-2041, or equiv). 
Q3 — 2N3053 (RS 276-2030, or equiv). 
: Q4 — MPS2222A (RS 276- 2009, or equiv). 


Fig 11.31 — An exterior view of the 2.5-A power supply. The 
DMM is mounted on the control panel as the eutput meter. 


(at about 2.0 V) so that C6 could deine through R5. D2 


provides an alternate path and prevents this breakdown. R5 pro- 


vides a minimum load for U2. _ 
‘ The foldback circuit is interesting: Q4, D4 and R13 provide a 
constant current through, and therefore a constant voltage drop 


' across, R16. This voltage makes the current limiting (pins 2 and 


3 of U2) work properly over the entire 4.5- to 25.0-V range. As 
the current limiting action pulls the voltage at the top of R16 
below about 4.0 V, D3 quickly stops conducting, the voltage ` 
across R16 approaches zero and the load current is limited at 
about 1.9 A. This limits Q1/Q2 and Т1 dissipation and provides 


-short-circuit protection. This is a regenerative positive feedback 


process. R14 sets the current at which foldback begins, 2.6 A. 


R3 - — 0.150, 2 W. 

R4 — 10 kQ, 10-turn potentiometer 
(Bourns 3540S, or equiv). 

R5 — 1.8 kQ, 2 W. . 

R6, R7 — 0. 1 Q, 2 W. 

R8, R14 — 500 Q potentiometer (RS 
271 -226, or equiv). А 

R9 — 10 ko potentiometer. 

R10 — 470 Q, 0.25 W. 

R11 — 5 kQ potentiometer. 

- R12 — 5.6 kQ, 0.5 W. 

R13 — 680 Q, 0.25 W. 

R16 — 68 Q 0.25 W. 

$1, S2 — DPDT (RS 275-652, or equiv). 

"$3 — SPDT (center. off) (RS 275-654, 
or equiv). 

S4 — Normally open, momentary- 
contact, push-button switch (RS 
275- 1547, or equiv). 

T1 — 120- V primary, 25.2-V, 2.8-A 
secondary (Stancor P- 8388, or 
equiv).. 

U1 — Rectifier bridge, 25 A, 50 V (RS 
276-1185, or equiv). 

U2 — LM723 regulator (RS 27-1740, or 
equiv). 

f Heat sink — Wakefield 403A, or equiv- 

B (two required). 
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There is further discussion of foldback 
circuitry earlier in this chapter. 

An inexpensive Heath SM-2300-A auto 
ranging DMM (mounted on the front panel) 
displays the supply output levels. The dedi- 
cated DMM can display very small output 
changes. S2 selects either voltage or cur- 
rent (divided by ten) for display. (The 
DMM is left in its voltage range for both 
measurements.) The voltage across R3 is 
0.11 times the load current. R8 provides 
the required ammeter adjustment without 
significantly affecting R3. The meter 
shows 0.2 for 2 A. Ordinary wire-wound 
resistors are adequate for R3 because they 
do not heat significantly at 2.5 A. 

R9 sets the reference voltage on pin 5 of 
U2 at 4.5 V to establish the minimum out- 
put voltage. R11 sets the 25.0-V upper 
limit. A three-wire line cord assures that 
the supply chassis is always tied to the ac- 
line ground, for safety reasons. The dc 
output is not referenced to chassis ground, 
and performance is independent of the ac- 
ground connection. If the load current is 
very small, it may take a long time for C6 
to discharge when the power is switched 
off; a press of S2 quickly discharges the 
capacitors (through R15) after turnoff. 
The mechanical construction emphasizes 
heat removal, so a cooling fan is not 
needed. 


Construction 


Several areas are critical to good per- 
formance. Pay particular attention to 
these: 


* Wire Cl with short, heavy leads to 
present a minimum impedance to ac 
ripple. Also, connect C1 directly to the 
negative binding post with a heavy lead. 
This provides a low inductance path for 
load-current fluctuations and keeps 
them off the PC-board ground plane. 
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• Connect C2 directly to the negative lead 
of Cl. 

* Connect C6 directly across the binding 
posts. 

* Connect R4 to R11 with a low-imped- 
ance lead and connect R11 directly to 
the PC board ground plane. 

* Connect the regulator PC board ground 
plane to the negative binding post at a 
single point. 

* Use heavy-duty binding posts to reduce 
a small but significant voltage drop 
(from the rear to the front) at the front 
panel. 


Fig 11.33 shows the general construc- 
tion. (Fig 11.35 also shows the front-panel 
layout.) The cabinet and chassis surface 
are '/ie-in aluminum plates connected by 
aluminum angle stock, drilled and tapped 
for 46-32 screws. Ventilation screens at 
the top and rear provide an excellent 
chimney effect. The chassis plate is 
tightly joined to the side plates for good 
heat transfer. Construction of the cabinet 
shown is somewhat labor intensive; it in- 
volves a lot of metal work. Any enclosure 
of similar size with good ventilation is 
suitable. For example, a 7x11x2-inch 
chassis with a bottom cover and rubber 
feet, a 7'/2x6-inch front panel and a 
U-shaped perforated metal cover would 
serve well. 

Q1 and Q2 each have a Wakefield 403A 
heat sink. The sinks were selected accord- 
ing to the thermal design discussion in the 
Real-World Component Characteris- 
tics chapter. The worst-case 2N3055 junc- 
tion temperature was calculated to be 
145?C, based on a measured case tempera- 
ture of 95?C and dissipation of 32 W 
(each) for Q1 and Q2. This temperature is 
a little higher than recommended, but it's 
acceptable for intermittent lab use. 

The DMM is epoxied to a narrow alumi- 


num strip, which is then screwed to the 
front panel. This allows easy removal to 
replace the DMM battery. 

Fig 11.33B shows the supply underside. 
The PC board is mounted on standoff in- 
sulators and positioned so that the positive 
and negative outputs are close to the bind- 
ing posts. 

Fig 11.34 is a parts-placement diagram 
for the regulator board. A full-size etching 
pattern is available from ARRL — send an 
SASE to the Technical Department Secre- 
tary with your request for the “Handbook 
Sabin Power Supply Template.” All com- 
ponents and wiring are on the etched side 
of the board (with the help of a few jumper 
wires). The other side is entirely ground 
plane. The components are surface 
mounted by bending a section of each lead 
and soldering it to the surface of the ap- 
propriate copper pad. The socket for U2 is 
mounted by bending the pins out 90? and 
soldering pins 11 and 12 to the pad for C3. 
Some leads pass through holes (marked 
with cross hairs in Fig 11.34) in the PC 
board and solder to the ground plane. The 
emitter and base leads of Q1 and Q2 are 
isolated from ground; use insulated-wire 
to pass from the PC-board pads through 
holes in the PC board and chassis to the 
transistors. 

Fig 11.35 shows the placement of major 
parts in front, top and side views. Silastic 
and pieces of Kraft paper cover any ex- 
posed 120-V wiring. 

C1, C2 and ВІ are mounted on a !/в-іп 
thick plastic board as shown in Fig 11.35. 
In the supply shown, it's a piece of !/s-in 
PC board with wide traces. A piece of angle 
stock mounts the board to the chassis. 

The main voltage control, R4, is a ten- 
turn potentiometer, for ease of adjustment. 
C8 and C9 are ceramic capacitors rated for 
ac-line use. Once the supply is complete, 
double check all wiring and connections. 
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Fig 11.33 — A shows a top view of the open power-supply chassis. The ‘/e-in plate holding C1 is visible at the left edge of the 
heat sinks. B shows a bottom view. Notice that the components are mounted on the etched side of the board. The circuit 
pattern is simple enough for freehand layout. The front panel is at right in both views. 
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Fig 11.34 — A parts-placement diagram 
for the 2.5-A power supply. The 
component side is shown, and the 
etching is on the component side. 
Cross hairs indicate holes through the 
board. Component leads that terminate 
at cross hairs are grounded on the far 
side of the board. The emitter and base 
leads of Q1 and Q2 do not connect to 
the ground plane. Use insulated wire to 
pass through the PC board and holes in 
the chassis to the transistors on the 
heat sinks. Wire Jumper J1 is soldered 
to the pad surfaces without drilling 
holes. If you do drill holes for the 
jumper be sure to remove the ground 
plane around the holes on the non- 
component side. A full-size etching 
pattern is available from ARRL 
Headquarters (see text). 


Fig 11.35 — This three-view drawing shows the panel layout and locations of major power-supply components. 
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Adjustments 


Several adjustments are needed: the 
dedicated AMMETER ADJUST (R8), the 
foldback limit (R 14, I MAX ADJ), the lower 
(R9, 4.5 VOLT ADJ) and upper (R11, 25 v 
ADI) voltage limits. First, obtain an accu- 
rate external ammeter and a test load that 
can draw at least 3 A at 12 V or so (auto- 
mobile sealed beam headlights work well). 
Series connect the load and external meter 
to the supply binding posts. Set S3 to the 
2.5-A range; set R4 for minimum output; 
set S2 to A and switch on the power. Ad- 
vance R4 until the ammeter reads 2.0 A, 
and adjust R8 until the panel meter also 


reads 0.200. Next, increase R4 until the 
current slightly exceeds 2.6 A, and adjust 
R14 so that current begins to decrease 
(foldback). Switch off the supply and re- 
move the external meter and load. 

Adjust the voltage limits with no load 
connected and S2 set to v. Switch on the 
supply, set R4 for minimum voltage and 
adjust R9 until the meter reads 4.5. In- 
crease R4 to maximum voltage and adjust 
R11 so that the meter reads 25. The supply 
is ready for use. 


Performance and Use 
The example supply met the design 


A 13.8-V, 5-A POWER SUPPLY 


Ben Spencer, G4YNM, built this 
project, which was originally published in 
the November 1993 issue of QST. Many 
commercially built 13.8- V power supplies 
are available. Some are robust and 
equipped with protection circuits; others 
have clearly been "built down" to meet a 
specific selling price. Most hams and elec- 
tronics hobbyists want a well-designed 
power supply — but at the lowest price. 
Cheap power supplies, however, usually 
have no protection circuitry and exhibit 
poor regulation. Worse, regulator failure 
can damage the equipment to which the 
supply is connected. Think about it: With 


li 


Except as indicated, decimal values of 
capacitance are in microfarods ( Е); 
others are in picofarads (ре); 
resistances are in ohms; k=1,000. 
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CASE iS 
OUTPUT 


1. Cathode 
2. Anode 
3. Gate 
Bottom View 
123 
Top View 


10,000 дк + 


T=Tantalum 

N.C.--Not Connected 

*k Mount on Heat Sink 
жж See Text and Caption 


OUTPUT 
VOLTAGE 


goals: When the line voltage was varied 
from 117 to 122 V (with a 25-V dc 2.0-A 
load), the output voltage varied less than 
0.01%. When the dc load was varied from 
0 to 2.0 A, the output voltage changed less 
than 0.03%. 

When extremely tight regulation and 
low output impedance are important, the 
leads to the load must be very short, heavy 
straps. Multiple loads should be parallel- 
connected directly at the binding posts: A 
“Daisy chain” connection scheme does not 
assure equal regulation for each load; it 
counteracts the precision regulation of this 


supply. 


Fig 11.36 — Physical layout of the 
power supply. On the rear panel, left, 
are the ac-line filter and F1. The 
regulator's heat sink is at the middle of 
the panel and F2 is to the right. At the 
bottom of the enclosure, in front of T1, 
is the diode bridge rectifier. Because 
C1 is too tall to mount vertically within 
the Hammond #14260 cabinet, its 
mounting clamp is secured to the 
inside rear panel. Immediately to the 
right of C1 is the FAR Circuits PC 
board. On the front panel are the ow/orr 
switch, LED power-on indicator and 
output-voltage binding posts. (Photo by 
Kirk Kleinschmidt, NT0Z.) 


D1 x 
1N4002 


500 


_the gear you have attached to the supply, is 
it worth taking a risk like that? 

The power supply shown in Fig 11.36 

; provides 13.8 V dc at 5 A. It features time- 


dependent current limiting and short-cir- . 


‚сий protection, thermal-overload protec- 
tion within the safe operating area of the 
: regulator IC and overvoltage protection 
~ for the equipment it powers. 
; Construction, testing and calibration are 
', straightforward, requiring no special skills 
or equipment. Many of the components 
can be found in junk boxes, or purchased 
at hamfests or from mail-order suppliers.2 


Circuit Description 2 
Fig 11.37 is the. power-supply 'sche- 


-2See the References chapter for the Address 
List. Here are some places to shop for 
transformers and other components used 
in this project: T1 can consist of two #15724 
transformers. These transformers have a 
120-V primary and dual 18-V, 3.1-A and 
24-V ct, 3.5-A secondary windings; con- 
nect the two 18-V windings in parallel to 
produce an 18-V, 6.2-A secondary.  .. 

Mendelson Electronics Co, Inc: For T1, 
a #600-0190F transformer can be used 
(120-V primary, 35-V c.t. 10-A secondary): 

Fair Radio Sales Co, Inc: For T1, a 
#5608798 transformer with a 120-/240-V 
‘primary and 19.5-V, 6-A secondary. Con- 
nect the primary windings in parallel (ob- 
serve proper phasing) for 120-V operation, 
or in series for use with 240-V lines. This is 
the transformer used in the unit shown in 
the accompanying photographs. 


+13.8 V 


- GND 


matic. Incoming ac-line current is filtered 
by achassis-mounted line filter (FL1) and, 
after passing through the fuse (Fl), is. 


routed via ON/OFF switch S1 to T1. 


01 rectifies, and Ci filters, the ac out- 
put of T1. U2 is an LM338K voltage regu- 
lator. This IC features a continuous output 
of 5 A, with a guaranteed peak output of 
7 A, on-chip thermal апа safe-operating- 
area protection for itself, and current lim- 
iting. U2's output voltage is set by two 
resistors (R2 and R3) and a trimmer poten- 
tiometer (R8), which allows for adjust- 
ment over a small range. U2's input and 
output are bypassed by C2, C3 and C4. D1 
and D2 protect U2 against these capaci- 
tors discharging into it. 


Overvoltage protection is “provided by 


an SCR, Q1, across the regulator input. 
Normally, Q1 presents an open circuit, but 
under fault conditions, it's triggered and 
short-circuits the unregulated dc input to 
ground. This discharges C1 and blows F2, 
reducing tlie possibility of damage to any 
connected equipment. 
Overvoltage-protection IC U3 continu- 
ously monitors the output voltage. When the 
output voltage rises above a predetermined 
level, U3 starts charging C5. If the overvolt- 
age duration is sufficiently long, U3 triggers 
Q1. This built-in delay (about 1 ms) allows 
short transiént noise spikes on the output 
voltage to be safely ignored while still trig- 
gering the SCR if a true fault occurs. The 
monitored voltage is set by R5, R6 and trim- 


.mer potentiometer R9, which allows for 


' adjustment over a limited range. 


> 


C1 — 10000-jF, 35-V electrolytic. 

C2, C4 — 1-uF, 35-V tantalum (272-1434). 

СЗ — 10-uF, 35-V tantalum. . 

C5 — 0.1-uF, 25-V ceramic disc (272- 135). 

D1-D3, include — 1N4002 (276-1102 

' suitable). ww ‘ 

DS1 — Red LED (276-041). 

F2 — Fast-acting 10-A fuses; three 
required — see text (270-1325). 

F1 — Fast-acting 0.5-A fuse (270-1271). 

FL1 — AC-line filter. 

Q1 — BT152 400-V, 25-A SCR in TO-220A 
package (ECG 5554). 

R1 — 1 КО, 2 W. 

R8 — 500-Q, single-turn trimmer 
potentiometer. 

R9 — 500-0 or 1-kO, single-turn trimmer 
potentiometer (see Note 4). 


‘S1 — SPST panel-mount switch (275- . 


: 634). 
T1 — 120-V primary, 16- to 20-V, 5- A 
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Fig 11.37 — Schematic of the power supply. Part numbers in parentheses are 
Radio. Shack; equivalent parts can be substituted. Unless otherwise specified, 
resistors are !/4-W, 5%-tolerance carbon-composition or film units. 


D3 protects the supply from reverse- 
polarity discharge from connected equip- 
ment. The presence of output voltage is 
indicated by an LED, DS1. R7 is a current 


_limiting-resistor for DS1. 


Construction 


How you construct your supply de- 
pends on the size of the components and 
enclosure you use. General physical lay- 
out is not important, although there are 
a couple of areas that require some at- 


‘tention. In the unit shown in Fig 11.36, 
` FL1, the fuse holders, S1, the heat sink, 


DS1 and the binding posts are mounted 
on the front and rear enclosure panels. 
T1 and the PC board? are secured to the 
enclosure's bottom plate. C1’s mount-. 
ing clamp is attached to the rear panel. 


‘Bleeder resistor R1 is connected di- 


rectly across Cl’s terminals. D3 is sol- 
dered directly a across the output binding . 
posts. 


3PC boards and overvoltage protection ICs 
are available from FAR Circuits. Price: PC 
board, $3.50, plus $1.50 shipping; 
MC3423P1 overvoltage IC, $3 (prices sub- 
ject to change). The РС.боага has mount- 
ing holes and pads to allow for handling 
different trimmer-potentiometer footprints. 
` A PC-board template package is avail- 
able free from the ARRL. Address your 
request for the SPENCER 13.5-V, 5-A 
POWER SUPPLY TEMPLATE and sendit . 
to the ARRL Technical Department Secre- 
tary. Please enclose a business-size 
SASE. 


secondary (see Note 2). 

U1 — 100-PIV, 6-A bridge rectifier 
(276-1181 suitable). . : 

U2 — LM338K 5-A adjustable power 
regulator in a TO-3 package; 
available from Digi-Key and other 
sources. 

U3 — MC3423P1 overvoltage 
protection IC (see Note 3). 

Misc: two panel-mount fuse holders 
(270-364, 270-365, 270-367, or 270- 
368); IEC line cord; heat sinks for 
TO-3 case transistors; TO-3 
mounting kit and heat- sink grease 
(276-1371 and 276-1372); two 
binding posts, one red, one black 
(274-662); chassis or cabinet, PC 
board (see Note 3), hardware, rubber 
hoods, heat-shrink tubing or 
electrical tape for F1 and FL1, hook- 
up wire. 
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Fig 11.38 — Here’s the regulator’s heat-sinking arrangement, showing U2, D1, D2 
and R3. U2 is electrically isolated from the heat sink by a TO-3 mounting kit. 


U2, D1, D2, and R3 are all mounted on 
the heat sink as shown in Fig 11.38. (It’s 
important to keep R3 attached as closely 
as possible to U2’s terminals to prevent 
instability.) Use a TO-3 mounting kit and 
heat-conductive grease to electrically iso- 
late U2 from the heat sink. 

Cover all ac-input wiring (use insulated 
wire and heat-shrink tubing) to prevent 
electrical shock, and route the ac wiring 
away from the ас wiring. Mount U2, Cl 
and the PC board close to each other; keep 
the wire runs between these components 
as short as possible. Excessively long wire 
runs may lead to unpredictable behavior. 


Test and Calibration 


An accurate analog or digital multi- 
meter, covering ranges of 30 V dc and 
10 A dc, is required. A variable resistive 
load with a power rating of 100 W is also 
needed; this can be made using a heat- 
sink-mounted 2N3055 power transistor 
and a couple of components as shown in 
Fig 11.39. 

First, set R8 (OUTPUT VOLTAGE) fully 
clockwise and R9 (OVERVOLTAGE) fully 
counterclockwise. Insert a fuse in the 
dc line at F2. Connect the ac line, turn on 
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S1 and check that 081 lights. Measure 
the output voltage; it should be about 12; 
adjust R8 counterclockwise until you ob- 
tain 14.2 V output; this sets the trip volt- 
age. 

While monitoring the output voltage, 
gradually adjust R9 clockwise until the 
voltage suddenly falls to zero.^ This indi- 
cates that the SCR has triggered and blown 
F2. Disconnect the ac line cord from the 
wall socket. Don't make any adjustment to 
R9! Instead, adjust R8 fully clockwise. 

With the ac line cord removed, check 
that F2 is open. Replace F2 with a new 
fuse (now you know why two of the three 
fuses are called for). Reconnect the ac line 
cord, and while continually monitoring the 
output voltage, gradually adjust R8 until 
Q1 again triggers at 14.2 V, blowing F2. 

Again, disconnect the line cord from the 
wall socket, set R8 fully clockwise, re- 
place F2 and reset R8 for 13.8 V. This 
completes the voltage calibration and 
overvoltage protection tests. The power 
supply is now set to 13.8 V output, with 


^|f you find the adjustment of R9 to be too sen- 
sitive, use a 500-Q potentiometer in its place 
and reduce the value of R5 (if necessary) to 
provide the required adjustment range. 


2N3055 


Pin 1: Base 
2: Emitter 
Case: Collector 


Fig 11.39 — An active resistive load to 

use in testing the supply. Adjustment 

of R11 is sensitive. 

M1—Multimeter or ammeter capable of 
measuring 10 A. 

Q2—2N3055 (Radio Shack 276-2041); 
mount on heat sink. 

R10—100-Q, 1/2-М№ carbon composition 
or film resistor (271-012). 

R11—10-kQ, 2-W wire-wound 
potentiometer. 


the overvoltage protection set for 14.2 V. 

Adjust the variable resistive load to 
maximum resistance and connect it to the 
power-supply output in series with the 
ammeter. Turn on the power supply and 
gradually adjust R10 until there is a 5-A 
current. Decrease the resistance further 
and check that the current limits between 
5.5 A and 6.5 A. 

Finally, be thoroughly unpleasant and 
apply a short circuit via the ammeter. 
Check that the current-limiting feature 
operates correctly. My prototype limited 
at approximately 3.5 A. Disconnect the ac 
line cord and test equipment, close up the 
case and your power supply is ready for 
service. 
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| А SMART CHARGER FOR NICKEL-CADMIUM BATTERIES 


This article, written by Steven Avritch, - 


WBIEOB, first appeared i in the Septem- 
. ber 1994 issue of QST. Trickle charging 
. NiCd batteries takes forever, but speeding 
up the process can damage batteries by 
‘overcharging. This article describes a 
simple yet sophisticated NiCd battery 


‘based on the MAX713 single-chip battery 
“charger. The‘unit continuously monitors 
tthe battery during fast charge and auto- 
‘matically switches over to trickle charge 
when the battery is full — eliminating any 


| “possibility of overcharge. 


-IMAX713 Single-Chip Battery 
‘Charger 


:! The MAX713 single- dup charger can 
'fast charge and trickle charge any NiCd 
:battery pack containing from 1 to 16 cells 
Xbattery-pack voltages ranging from 1.2 to 
“19.2 V). The‘charger in this article, how- 
гемег, is limited to packs having а maxi- 
‘mum of nine cells, because of the 12-V 
‘wall adapter power supply. Charge rates 


‘are programmable from 4C (20-minute. 


. charge) to C + 3 (4-hour charge), where С 
tis the capacity of the battery in milliam- 
"pere-hours (mAh). The trickle charge rate 


‘is fixed at C + 16. (The charge rate is cal- 


' 'culated as the battery capacity, C, in mAh, 


;divided by the expected charge time, іп. 


'hours. The actual charge time will be 
longer than the expected charge time be- 
cause the charging process is less than 
:10046 efficient.) The MAX713 uses three 


different techniques to determine when to 
end the fast charge and switch over to 


trickle. Thesé techniques are: 
* Voltage-peak detection 
* Battery temperature 
* Time 
Voltage-peak detection is the best 


method to determine when a NiCd battery 


às fully charged. As NiCd batteries charge, 
the voltage across the battery slowly in- 
. creases. Thisivoltage peaks when the bat- 
‘tery is fully charged. and then drops off 
‘slightly (see Fig 11.40). The MAX713 
' continuously samples the battery voltage 
and shuts down when the voltage peak is 
detected. Also, if the battery voltage doés 
‘not peak within a preset timeout period, 

fast charge is terminated. . 

The MAX713 also has provision for 
thermally protecting the battery during the 
charge cycle..A high-temperature shutoff 
‘will terminaté the charge cycle if the bat- 
. tery temperatüre exceeds a preset limit. In 


addition, a low (cold) temperature shutoff . 


will not allow fast charging until the bat- 
tery temperature reaches another preset 
limit. The temperature-detection features 


“quick” charger. This Smart Charger is - 
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Fig 11.40 — The terminal voltage of a 


' : NiCd cell increases as the cell is 


charged. Once the cell is fully charged, 
though, the terminal voltage drops 
slightly. The Smart Charger detects 
this drop and automatically switches 
to trickle charging. Because all the 
cells in a battery may not reach the 
full-charge point at the same time, it is 
a good idea to leave the battery on 
trickle charge for several hours to 


_ ensure a full battery charge. 


are optional and require the addition of 
three thermistors and a few other parts. 
One of the thermistors must be in contact 


. with the battery, which is not practical 


with sealed battery packs. To simplify the 
project, the Smart Charger does not use 
‘temperature detection. Note that tempera- 
ture detection is recommended if the 
charge rate selected is greater than 2C. 


Design Overview. 


. This charger is capable of due bat- 
tery packs from one to nine cells (1.2 to 
10.8 V). The number of cells in the pack to 
be charged must be programmed into the 
MAX713 by connecting the PGM pins of 
the 713 as defined in Table 11.1. This de- 
sign assumes the battery pack(s) to be 


. charged will always have the same numi- 


ber of cells. If you wish to build a charger 
capable of charging battery packs with 
varying numbers of cells, switches must 
be added to change the PGM pin connec- 
tions according to the battery to be 
charged. 

The charging section is simply the 
MAX713 and a few external components 
(see Fig 11.41). The entire circuit is pow- 


. ered by an inexpensive 12-V dc wall 


adapter. The current capacity of the adapter 


should be at least 50 mA greater than the ` 
. preprogrammed fast-charge rate current. 


For example, if the fast-charge-rate cur- 
rent is 250 mA, then the wall adapter 
should be rated for at least 300 mA. 


Designing a Charger 


A few decisions must be made before 
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| Charge time = C + (charge rate х 0.8) 


Table 11.1 


Maxim MAX713 Programming for 
1- to 16-Cell Packs ` 
PGMO 


Number of Celis PGM1 

1 V+ V+ 

2 |! OPEN V+ 

3 · ` REF V+ 

4 BATT- V+ 

5 - V+ OPEN 
6 OPEN OPEN 
7. REF OPEN 
‚87 ВАТТ- ОРЕМ 
9 . V+ REF 
10 .. OPEN REF 
11. |. REF „ВЕЕ. 
12 ' BATT- REF . 
13 . V+ BATT- 
14 OPEN BATT- 
15 REF BATT- 
16 Е ВАТТ- ВАТТ- 
ОРЕМ . Not connected 
BATT- Connect to pin 12 
REF ' Connect їо pin 16 
V+ Connect to pin 15 


the design can begin: 

* Wall adapter voltage (minimum) 

* Number of cells in pack to be charged 

* Fast charge rate 

* Time out period (maximum time in fast 
charge). 

The following charger design is for a 
7.2-У, 500-mAh battery pack, the kind 
that come with many hand-held radios. 
The wall adapter voltage should be at least 
1 V higher than the battery being charged. 
The number of cells in the pack is deter- 
mined by dividing the pack voltage by 1.2; | 
the 7.2-V pack contains 6 cells. The charge 
rate is selected to be C + 2 (250 mA), which 
will result in a charge time of approxi- 
mately 2.5 hours. The charge time is cal- 
culated by: | 


(8) 


The 0.8 accounts for the fact that the — 
charging process is only about 80% effi- 
cient. 


` Therefore, for this desig 

e Number of cells = 6 

* Charge rate =C +2 hr = 500 mAh + 2 hr 
= 250 mA 

* Time out = 2.5 hours (150 minutes) 

* The wall adapter is 12 V dc, rated at 
300 mA. 


There are four steps in the charger de- 


"sign: 
` 1. Calculate the power dissipation in Q1 | 


2. Calculate the value of R1 
3. Calculate the value of Rsense 
4. Determine the PGM pin connections. 
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Fig 11.41 — Schematic diagram of the Smart Charger, as set ир to charge а 7.2-V pack. All parts except the Maxim MAX713 
are available from Radio Shack. See text for details. 


D1 — 1N4001 or equivalent. 

DS1 — Green LED (Radio Shack 276- 
022). 

DS2 — Yellow LED (Radio Shack 276- 
021). 

Q1 — MJS2955 PNP power transistor 


Step 1 
Check to ensure that the power dissi- 

pated in the PNP transistor (Q1) does not 

exceed the maximum power rating of the 
transistor. The power dissipated by Q1 is 
calculated by: 

Power (Q1) = (max adapter V - minimum 
battery V) x charge rate (A) (9) 
The minimum battery voltage will be 

1.0 x number of cells, or 6.0 V. In our 

example, the power dissipated by QI is: 

Power (Q1) = (12 V ~ 6.7 V) x 0.250 A 
= 1.50 W 


Make sure that the power dissipation 
rating of Q1 exceeds 1.65 W for this ex- 
ample. 


Step 2 


The value of R1 (refer to Fig 11.41) is 
calculated by: 


ВІ (kQ) = (minimum adapter V – 5 V) 
+5mA (10) 


In our example, 
R1=(12 V-5V)+5 тА = 1.4 КӘ 
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(Radio Shack 276-2034 or equivalent; 
see text). 

R1 — 1.4 КО (see text). 

Rsense — 1 Q (see text). 

S1 — SPST switch (Radio Shack 275- 
612). 


Step 3 
The value of Rsgense (refer to Fig 11.41) 
is calculated via the following equation: 
Rsense (Q) = (0.25 V) + charge 
current (A) 
In our example, 
RsENsE = (0.25 V + 0.250 А) 21 Q 


(11) 


Table 11.2 


Maxim MAX713 Programming for 
Various Timeout Periods 


Timeout Period 


(Minutes) PGM3 PGM2 
22 V+ REF 
33 V+ BATT- 
45 OPEN REF 
66 OPEN BATT- 
90 REF REF 

132 REF BATT- 
180 BATT- REF 
264 BATT- BATT- 


See Table 11.1 for explanation of 
programming pin connections. 


FASTCHG 
PGMO 


PGM! See Tables 


11.1 and 11.2 
PGM2 an 


PGM3 


(See Text) 


U1 — Maxim MAX713CP single-chip 
battery charger. 

Misc — The wall-cube power supply used 
in this project is a Radio Shack 273- 
1652. The charger is housed in a plastic 
project box (Radio Shack 270-627). 


Step 4 

The last thing to do is determine how to 
connect the four PGM pins on the 
MAX713. PGMO and PGMI determine 
the number of cells in the pack (6 in our 
case) and should be connected according 
to Table 11.1. 

PGM2 and PGM3 determine the maxi- 
mum charge time, which should be 
connected according to Table 11.2 (150 
minutes in our example; note that 150 
minutes is not in the table, therefore we'll 
select the next greater value of 180 
minutes). 

The PGM pins for our design need to be 
connected as follows (6-cell pack with 
timeout at 180 minutes): 


Pin Connect To 

PGMO NO CONNECTION 
PGMI NO CONNECTION 
PGM2 REF 

PGM3 BATT - 


When the Smart Charger is first turned 
on, the MAX713 charger circuit is con- 
nected to the battery and fast charge 
begins. When the voltage peaks, or the 


time out is reached the charger reverts to. 


trickle charge. - 


Construction and Checkout 


Wire the circuit according to the 
schematic. 

Connect a milliammeter in line ‘at the 
positive battery terminal. Also connect a 
voltmeter across the positive and negative 
battery terminals. Place a half-charged 
battery in the charger and turn on the 
` power; 

indicators should light. 
The voltage will slowly rise and the 

- milliammeter should indicate the maxi- 
mum charge rate as designed (250 mA in 


the POWER and, FAST CHARGE 


our example). After thé battery voltage 
peaks or the fast charge timeout (2.5 


hours) has passed, whichever comes first, 


the FAST CHARGE light should go out and 


the charge rate should decrease to approxi-. 


mately C + 16 (approximately 500 + 16, or 
31 mA). f і 


Getting the Parts . 
All parts except the MAX713 can be 


‘obtained from Radio Shack. The 1-W re- 


sistor is available from Radió Shack in a 


package with many resistors of different i 


values. Some parts were selected only 


‘because they are standard -Radio Shack 
stock. For example, the 100-W PNP tran- 


х 


t 


^ 


sistor (Q1) is overkill; it could be replaced 


with a smaller device. , 
The MAX713 chip or à complete set of 


_ parts including the chip are available from 


the author.5. 


5The following parts are available from 
Simple Design Implementations. See the 
' References chapter Address List. ' 

1. Maxim MAX713CPE single chip bat- 
tery charger: $10 + $1.50 shipping and 
.handling. 

2. Complete kit of parts including perfo- 

. rated board, case, wall adaptor: $30 + $3 
shipping and handling. Connecticut resi- 
dents, please add 6% sales tax. Prices 
subject to change. : 


THE SOLARSWITCH 


This article, written by Michael Bryce, 
WBS8VGE, originally appeared in the 
October 1993 issue of QST. It is a simple, 
low-cost and easy-to-use charge control- 
ler you can build. Then you'll be ready to 
charge and protect your batteries when the 
sun comes out! 

You can power your radio, boat, RV or 
cottage by the lake using solar power. You 
can even charge batteries using a commer- 


16 V 


Except as indicated, decimal values of 
capacitance are in microfarads ( ШЕ); 
others are in picofarads ( pF ); 
resistances are in ohms; k=1,000. 


D3 
[2 Cathode 
| | | 
Cathode Anode 


Front Views 


Ж See text 
жж Heat sink 


p Drain 
W at, Q2 
Gate Source 


Drain 


cial ac-line-operated power supply. 
Small enough to fit in the palm of your 
hand, the SolarSwitch uses two power 
MOSFETS to control the array current 
from a solar panel to a battery. The 
SolarS witch is a series controller, and uses 
pulse charging techniques. With the two 
FETs specified, this controller handles 
array currents of up to 6 A — that’s enough 
to tackle two 48-W photovoltaic (PV) 


051 
PV READY 
(Yellow) 


Battery+ 3 е | TB1 


Top View 
Battery- 2 l °Р 
OUTPUT INPUT 
PV Panel- 1 B 
GND 


panels.? If you don't plan on controlling 
that much current, you can build a 3-A 
version and save a few dollars. Or, you can 
easily increase the SolarSwitch's current- 
handling capacity, as you'll see later. 


7For periods of less than one hour, an un- 
modified PC-board-based SolarSwitch can 
handle over 8 A. PC-board trace size is the 
limiting factor. 


| MBR1635 | 


IRFZ30, IRFZ40 
or IRFZ42SEE Ж 


Fig 11.46 — Schematic of the SolarSwitch circuit. Part numbers in parentheses are Mouser or Active Electronics; equivalent 
parts can be substituted. Unless otherwise specified, resistors are '/4-W, 5%-tolerance, carbon-composition or film units. 
Mouser Electronics and Active Electronics both have several locations throughout the US. 


D1, D2 — 1N5821 30-V, 3-A rectifier 
(Mouser #333-1N5821). 

D3 — MBR1635 35-V, 16-A Schottky 
diode (Mouser #584-18TQ045 or 
Active Electronics #MBR1635). 

D4, D5 — 1N914 silicon switching 
diode. 

D6 — 1N4001 50-PIV, 1-A diode. 

DS1 — Yellow rectangular LED; see 
text (Mouser #ME3516231). 

DS2 — Red rectangular LED (Mouser 
#35BL510). 
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DS3 — Green rectangular LED (Mouser 
#ME3516221). 

Q1, Q2 — IRFZ30 50-V HEXFET (Mouser 
#584-IRFZ30; see text) or 584-IRFZ40; 
Active Electronics #26058. 

Q3 — 2N2907 PNP switching transistor. 

R6 — 20-kQ multiturn pot (Mouser 
#594-64W203). 

R12 — 470-kQ trimmer pot (Mouser 
#324-CP10H-470K). 

U1 — MC78L08, 8-V, 100-mA three- 
terminal positive voltage regulator 


(Mouser #333-78LO08AP). 

U2 — LM393 dual voltage comparator 
(Mouser #511-LM393N). 

U3 — CD4093 quad two-input NAND 
Schmitt trigger (Mouser #570- 
CD4093BE). 

U4 — LM78L12 12-V, 100-mA three- 
terminal positive voltage regulator 
(Mouser #333-78L012AP). 

Misc: Terminal block (Mouser #506- 
4PCV-04), heat sinks (Mouser #567-7- 
199BA), enclosure. 


Three LEDs monitor circuit operation 
and keep you informed of what’s going 
on. A four-position terminal block makes 
it a snap to connect the photo-voltaic (PV) 
array and battery. Because it’s easy to 
build and adjust, this may be the perfect 
first project for newcomers to building. A 
wide part-selection tolerance makes this 
project junk-box friendly. At $40 — even 
less with the help of your (or a friend’s) 
junk box — the SolarSwitch is affordable. 
To make things ultra convenient, PC 
boards and complete kits are available. 
And, if you don’t like to bend and drill 
metal, a punched and silk-screened enclo- 
sure is available, too.8 


How It Works 


Refer to Fig 11.46. The battery under 
charge supplies the current to run the 
SolarSwitch. In standby mode, the 
SolarSwitch draws 15 mA. D6 provides 
reverse-polarity protection for the ICs. U4 
has two functions: (1) It serves as the 
SolarSwitch's voltage regulator; (2) in 
case of operator error (such as mistakenly 
hooking the array to the BATTERY termi- 
nals), the regulator protects the ICs from 
array overvoltage. You can even use the 
SolarSwitch in a 24-V system: U4 keeps 
the circuit supply voltage at 12 and the ICs 
happy. 

Because the normal battery voltage of 
12.6 is insufficient overhead for the 781,12 
input, U4's output runs at about 10.5 V, 
but that's more than ample for the CMOS 
chips. When the battery is charging and its 
terminal voltage is near 14.3, U4 supplies 
a steady 12 V to the ICs. 

A second regulator, Ul, serves as a 
stable 8-V reference for the voltage com- 
parator, U2. Capacitors connected to U1’s 
input and output lines ensure stability. 

Battery voltage is sampled by a 20-kQ 
trimmer potentiometer R6 (STATE OF 
CHARGE), which sets the battery's state of 
charge. U2A, half of an LM393 dual-volt- 
age comparator, monitors the battery's 
terminal voltage. U2 pin 2 connects to the 
8-V reference. R10 pulls the output of 


8Kits for the SolarSwitch are available from 
SunLight Energy Systems. See the Ad- 
dress List in the References chapter. A 
complete parts kit including the 3'/2 x 4- 
inch PC board (but not the enclosure): $40 
plus $2.50 shipping. 

A punched, drilled and silk-screened en- 
closure: $12. PC board only: $8.50 plus $1 
shipping. PC boards are also available 
from FAR Circuits. 

A PC-board pattern and part-overlay 
template is available free from the ARRL. 
Address your request for the BRYCE 
SOLARSWITCH PC-BOARD TEMPLATE to 
the ARRL Technical Department Secretary. 
Please enclose a business-size SASE. 


U2A high. When the battery voltage is 
low, and while the battery is charging, 
U2A’s output is pulled low. This low is 
applied to U3B. C10, attheoutput of U2A, 
keeps the chip stable. 

As the battery charges, its terminal 
voltage increases. When the battery volt- 
age increases to the charger's off point 
(14.3 V), U2A switches states and pin 1 
goes high. A small amount of this output is 
fed back to the comparator's input. A 
470-kQ trimmer potentiometer, R12 
(HYSTERESIS) adjusts the circuit hysteresis, 
which provides the basics for pulse charg- 
ing. When the battery voltage reaches the 
off point, FETs Q1 and Q2 are turned off. 
The battery voltage then begins to fall. But 
— because of the hysteresis — the com- 
parator won't switch the charger on until 
the battery voltage drops to a preset value, 
lower than the turn-on point set by R6. 
When this occurs, the comparator turns on 
the FETs and the cycle repeats. Then, the 
battery charging is pulsed on and off. Puls- 
ing is controlled by the HYSTERESIS control 
setting, the rate of charge and the battery 
capacity. 

U2B monitors the PV array output. 
When the PV array is active, there is a 
small current in the array's negative lead. 
U2B detects the current and its output 
switches states from low to high. At night, 
when there is no array output, U2B's out- 
put is low. This low causes DS1 (РУ 
READY) to glow when the array is inactive. 
During battery charging, U3C pin 10 is 
low. This low turns on Q3, which drives 
FETs Q1 and Q2. FET gate drive is 10 V. 


A Complete Charging Sequence 


When the sun comes up, the solar-panel 
array starts producing current. This is 
sensed by U2B, which switches states and 
produces a high at pin 7. DS1 goes dark. 
Because the battery voltage is low, the 
output of U2A is also low and its output is 
inverted by U3B. 

U3B's output at pin 4 is routed in two 
directions: (1) It is applied to pins 1 and 2 
of U3A and inverted again. Because a high 
is applied to its inputs, the output is low 
and DS3, the charged LED, remains dark; 
(2) U3B's output also goes to U3C pin 9. 
Since we now have highs on both inputs of 
U3C, the gate switches states and the re- 
sult is a low at pin 10. This low is inverted 
by U3D. The result is a high, which lights 
DS2, the cHARGING LED. 

U3 pin 10 supplies a low to the base of 
Q3. The transistor saturates and supplies 
gate voltage to Q1 and Q2. The FETs con- 
duct and connect the negative lead of the 
PV array to the negative side of the battery. 

When the battery is almost fully 
charged, U2A pin 1 goes high. This high is 
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Diode 
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Fig 11.47 — A block diagram of a 
typical SolarSwitch system. The 
blocking diode is physically mounted 
on the SolarSwitch PC board. 


Fig 11.48 — The SolarSwitch PC board. 
(Photo by Kirk Kleinschmidt, МТ02.) 


inverted by U3B. U3A sees this as a low 
and outputs a high to illuminate DS3, the 
CHARGED LED. Because U3C pin 9 is now 
low, U3C pin 10 goes high, turning off Q3 
and removing gate drive from the FETs. 
DS2, the CHARGING LED, goes dark be- 
cause U3D pin 11 is no longer high. 

With the FETs off, the battery voltage 
starts to drop. Because of the hysteresis 
provided by R12, the voltage can be ad- 
justed to drop almost 1.5 V before the 
comparator switches states. When the bat- 
tery voltage does drop below the hyster- 
esis point, the comparator switches and the 
cycle repeats. As the battery charge nears 
100%, DS2 and DS3 blink on and off as 
the SolarSwitch sends current pulses to the 
battery. 

Towards dusk, the current pulses begin 
to lengthen. Finally, DS2 remains on. 
When U2B no longer detects output from 
the PV array, its output goes low. This fires 
DS1, the pv READY LED, and turns off the 
FETs by way of U3C pin 8. At dusk, DS2 
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extinguishes and 051 lights. 

Even though the FETs have been turned 
off, they still allow current to flow from 
the batteries back to the array. D3, an 
MBR1635 16-A Schottky diode, prevents 
this nighttime current leakage. D3 also 
protects the FETs in the event you reverse- 
connect the array to the SolarSwitch. 


A Word About Power MOSFETS 


For your SolarSwitch, you have a wide 
selection of suitable FETs from which to 
choose. IRFZ30s can handle a drain cur- 
rent of over 50 A (more than three times 
the maximum this circuit can handle). The 
Rpscon) is a scant 0.045 О. IRFZ30s аге 
inexpensive and easy to obtain. Other 
good choices are the IRFZ42 and the 
IRFZ44. 

The IRFZ44 or IRFZ42 have an Rps(on) 
of 0.028 О. If you plan on running just 1 
or 2 A of charging current, then an IRF531 
or IRF511 can be substituted. Although 
more expensive and a bit difficult to ob- 
tain, the Siliconix SMP60N06 is an excel- 
lent power MOSFET for use in the 
SolarSwitch. 


Different Switching Methods 


Q1 and Q2 are in the battery's negative 
lead. There is, however, one drawback to 
this scheme: You can't connect the nega- 
tive side of the array and the negative side 
ofthe battery and then ground them. If you 
do, you'll defeat the SolarSwitch and over- 
charge your batteries. Fig 11.47 details 
where the FETs are located in the circuit, 
along with the array and the battery. The 
blocking diode is in the positive side of the 
array and battery. 


Three Amps or Six? 


Do you want to build the 3- or 6-A ver- 
sion of the SolarSwitch? In the 3-A ver- 
sion, D3, the 15-A blocking diode, is re- 
placed by two 1N5821 Schottky diodes, 
D1 and D2. If the current you'll be con- 
trolling is less than 1 A, you can use two 
1N4001 diodes. With the 3-A version, 
there is no need to use two FETs, so you 
can eliminate one. The basic operation of 
either version is the same. 


Putting It Together 


There is nothing critical about the 
SolarSwitch assembly — you can build it 
on perfboard, if you choose. Using a PC 
board, however, is the easiest and neatest 
way to build your SolarSwitch. Take pre- 
cautions to avoid static build-up and dis- 
charge when handling U3 (the CMOS 
4093) and, of course, the FETs. Use a wrist 
ground strap. Use IC sockets for the chips. 
Once the devices are mounted on the PC 
board, they'll withstand a lot of abuse. 
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With all the parts on hand, you should be 
able to assemble and test the SolarSwitch 
in a few hours. 

Start by stuffing the PC board with the 
JC sockets and then the resistors. Install 
U1 before you mount C2 and C11; it's a 
tight fit there! Install U4 and Q3. Don't 
forget the wire jumper (W1) near Q3. Fin- 
ish the PC board by mounting the terminal 
block. 

Note: If you're going to use the 15-A 
Schottky diode at D3, you must follow one 
of these mounting methods to avoid short- 
ing PC-board traces: Don't drill through 
the PC board to mount the TO-220 case 
and heat-sink combination. Attach the di- 
ode to a heat sink with 444-40 hardware; be 
certain to use thermal compound between 
the diode and heat sink. Bend the diode 
leads toward the PC board. While holding 
the heat sink level on the PC board, solder 
D3's leads to the board. Next, place a small 
square of double-stick foam tape beneath 
the heat sink. Push the heat sink onto the 
foam tape. That holds the heat sink to the 
PC board without the need to drill any 
holes. Otherwise, you must use insulating 
hardware (such as nylon) to secure the 
diode/heat-sink assembly. 

Bend the leads of one FET 90°, apply 
some thermal compound to its heat sink 
and bolt the combination to the PC board 
in the Q1 position. Follow the same proce- 
dure for Q2. Solder both FETs in place. 


Testing and Adjustment 


To adjust the SolarSwitch, you'll needa 
variable-voltage power supply, a battery 
and an accurate digital VOM (you can use 
an analog VOM, but you'll lose some reso- 
lution). Set the power supply to 14.3 V. 
Adjust R6 and R12 to midrange. Connect 
the power supply to the battery terminals 
on TB1. DS1 (Pv READY) should light. DS3 
may be on; DS2 should be off. If it’s on, 
you've either got a solder bridge at the 
4093 or LM393 pins, or one (or both) of 
the chips is defective. 

Check for +12 volts at U3 pin 14. Check 
for +8 V at U2 pin 2. Monitor the voltage 
at U2 pin 3 while adjusting R6, the STATE 
OF CHARGE pot. Verify that the voltage 
increases and decreases as you rotate the 
control shaft for R6. 

With the power supply still set to 
14.3 V, adjust R6 until DS3 glows. Drop 
the supply voltage to 12, then very slowly 
increase the voltage to 14.3. At that point, 
DS3 should light again. (You may want to 
repeat this step, as you'll encounter the 
effect of the hysteresis circuit.) 

For the rest of the testing, use a small 
battery. (A 6.5-Ah lead-acid battery works 
well. Connect the battery to your 
SolarSwitch. Adjust the power supply for 


anoutput of 16to 19 V. Connectthe power 
supply to the ТВІ ARRAY INPUT terminals 
and turn on the power supply. DSI (Pv 
READY) will extinguish and DS2 (CHARG- 
ING) will light. If possible, monitor the 
charging current as well as the battery 
voltage. When the battery terminal volt- 
age hits 14.3, DS3 should light and DS2 
extinguish. With DS2 off, the current go- 
ing into the battery must be zero! If not, 
you may have an oscillating FET, or a 
solder bridge in the FET area. 

If the current drops to zero with DS2 
off, the SolarSwitch sends current pulses 
to the battery. The pulse length is deter- 
mined by the charge current, battery con- 
dition, and, of course, the setting of the 
HYSTERESIS control, R12. (Don't worry, 
the setting of R12 is not critical.) 

If all's fine so far, slowly reduce the 
power-supply voltage. Atabout 13 V, DS1 
lights and DS2 goes dark. This completes 
the testing and adjustments. If everything 
works as outlined, you're ready to hook 
the SolarSwitch to your solar panels! 


Hooking !t Up 


First, connect the battery to the 
SolarSwitch, then connect the array. Be 
sure to use adequately sized wire. Charg- 
ing is fully automatic and requires no ac- 
tion on your part. At dawn and dusk, DS1 
and DS2 may light simultaneously. This is 
normal, as the comparator monitors the 
output of the array. With a full 6 A of array 
current, the heat sinks become warm to the 
touch. 

The full state-of-charge voltage of 14.3 
is about right for just about everyone. If 
you have a high charge current (6 A) and 
a small-capacity battery (1.2 Ah), how- 
ever, you may want to increase the set 
point a bit. Likewise, if you're charging a 
105-Ah battery with only 600 mA, you'll 
need to reduce the set point to 14 V or so. 

You can also use the SolarSwitch to 
charge small lead-acid batteries. Use your 
variable-voltage power supply as the cur- 
rent source. Set the power-supply output 
for 16 to 19 V and connect it to the ARRAY 
positions on the terminal block. It is best if 
you use a current-limiting power supply 
— one that can safely limit its output to a 
preset value. (A really dead battery draws 
all the current it can handle! You could 
toast the power supply if the current drain 
is excessive.) The SolarSwitch is happy 
with currents of up to 7 A. 


Problems 


The most common failure of the 
SolarSwitch is sloppy soldering around 
U1. It's close quarters there and a solder 
bridge is easy to make. If DS3 lights, but 
current is still flowing into the battery, 


check for a solder bridge near the FETs. 
When DS3 is on, the base of Q3 must be 
high. Ensure that you installed C10; it 
keeps U2 stable. 

If there is no charging current when DS2 
is on, check for +10 V at the FET gates. 
Work your way back toward Q3. Did you 
remember to install the jumper wire (W1)? 
Did you install the blocking diode (D3) 
backwards? 

If DS1 doesn’t extinguish, check for the 
proper placement of D5. Also, it's pos- 
sible to have both DS1 and DS2 on at dusk 
when the SolarSwitch is connected to a 
solar panel. Long runs of too-small-gauge 
wire between the SolarSwitch and the ar- 
ray may keep DS1 on. The SolarSwitch 
will still function if this happens. Mistak- 
enly swapping the 1.8-kQ and the 180-kQ 
resistors is quite easy to do. 


Part Substitutions 


Not everyone has junk boxes or part bins 
overflowing with the exact parts for every 
project. The SolarSwitch is quite tolerant 
of part substitutions. Your local Radio 
Shack outlet can supply almost every part 
you need. You can use IRF510 or IRF511 
FETs at Q1 and Q2 for currents of 1 to3 A, 
if you don’t mind them running a bit hotter 
than the FETs specified. 

If you can’t obtain the 8-V regulator, an 
LM78L05 5-V regulator can be substi- 
tuted. In fact, you can use just about any 
regulator in place of the LM78L08 as long 
as its output is below 9 V and you can 


squeeze it into the available board space. 
Also, just about any PNP switching tran- 
sistor will work at Q3. 

If you can’t find — or just want to elimi- 
nate — the HYSTERESIS pot, use a 470-kQ 
pot and adjust the hysteresis to your lik- 
ing. Then, remove the pot, measure its 
value and install a fixed-value resistor in 
its place. 

You don’t need to use the commercial 
heat sinks listed, either. They fit the board 
nicely, but a bent-up piece of aluminum 
works just fine. If you mount the two FETs 
and the diode on the heat sink, insulate the 
diode from the heat sink. The cases of the 
diode and the tabs of the FET are electri- 
cally “hot.” Don’t allow any other wires 
to touch them. Fig 11.48 shows the 
assembled SolarSwitch circuit board. 

A ready-to-go case is available for the 
SolarSwitch. Because the case requires a 
different method of mounting the board, 
you can’t use round LEDs; they won't fit 
the case — it's designed for rectangular 
LEDs. Solder the LEDs to the board from 
the foil side, spacing them about '/s inch 
from the board. Because the case has silk- 
screened panel labels, the LEDs can all be 
of one color, although the color variations 
are attractive. 


Increasing SolarSwitch Current 
Capacity 


Three factors limit the current capacity 
of the SolarSwitch: (1) The capacity of the 


28-V, HIGH-CURRENT POWER SUPPLY 


Many modern high-power transistors 
used in RF power amplifiers require 28-V 
dc collector supplies, rather than the tradi- 
tional 12-V supply. By going to 28 V (or 
even 50 V), designers significantly reduce 
the current required for an amplifier in the 
100-W or higher output class. The power 
supply shown in Fig 11.49 through 
Fig 11.53 is conservatively rated for 28 V 
at 10 A (enough fora 150-W output ampli- 
fier) — continuous duty! It was designed 
with simplicity and readily-available com- 
ponents in mind. Mark Wilson, AA2Z, 
built this project in the ARRL lab. 


Circuit Details 


The schematic diagram of the 28-V sup- 
ply is shown in Fig 11.50. T1 was designed 


by Avatar Magnetics specifically for this 
project. The primary requires 120-V ac, 
but a dual-primary (120/240 V) version is 
available. The secondary is'rated for 32 V 
at 15 A, continuous duty. The primary is 
bypassed by two 0.01-HF capacitors and 
protected from line transients by an MOV. 

Ul is a Ж-А bridge module available 
from Radio Shack or a number of other 
suppliers. It requires a heat sink in this 
application. Filter capacitor C1 is a com- 
puter-grade 22000-uF electrolytic. 
Bleeder resistor R1 is included for safety 
because of the high value of C1; bleeder 
current is about 12 mA. 

There is a tradeoff between the trans- 
former secondary voltage and the filter- 
capacitor value. To maintain regulation, 
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heat sinks to keep the active devices cool; 
(2) the PC-board traces carrying the cur- 
rent to and from the battery; and (3) the 
FETs. The PC-board traces can carry a 
little over 7 A before they become rather 
warm. To increase the current-carrying 
capacity of the SolarSwitch, you'll need 
to reinforce the current-carrying PC-board 
traces with some solid copper wire; #14 
solid wire works well. Four places need to 
be beefed up — they're the main circuit 
traces. They are easy to spot, as they go to 
the FETs and back to the terminal block. 
By doing this — and increasing the heat- 
sink capacity — the SolarSwitch can 
handle up to 14 A of array current, the 
current-handling limit of the blocking di- 
ode, D3. 

If you choose to use the IRF510 or 
IRF51 1 FET instead of the IRFZ30, you'll 
not be able to draw 14 A, as these FETs 
won't handle the current without melt- 
down. 


Odds and Ends 


Although the SolarSwitch is designed 
for use with 12-V lead-acid batteries, you 
can use it to charge wet pocket NiCds, too. 
A wet pocket NiCd requires up to 16 V or 
so before it's fully charged. Simply adjust 
the SolarSwitch to reflect the higher turn- 
off voltage. You can also use the 
SolarSwitch in a 24-V lead-acid system. 
Increase the value of R12 to, say 50 kQ, 
and adjust the state of charge to your 
needs. 


Fig 11.49 — The front panel of the 28-V 
power supply sports only a power 
Switch, pilot lamp and binding posts 
for the voltage output. There is room 
for a voltmeter, should another builder 
desire one. 
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the minimum supply voltage to the regula- 
tor circuitry must remain above approxi- 
mately 31 V. Ripple voltage must be taken 
into account. If the voltage on the bus 
drops below 31 V in ripple valleys, regu- 
lation may be lost. 

In this supply, the transformer second- 
ary voltage was chosen to allow use of a 
commonly available filter value. The 
builder found that 50-V electrolytic ca- 
pacitors of up to about 25000 uF were 
common and the prices reasonable; few 
dealers stocked capacitors above that 
value, and the prices increased dramati- 
cally. If you have a larger filter capacitor, 
you can use a transformer with a lower 
secondary voltage; similarly, if youhavea 


transformer in the 28- to 35-V range, you 
can calculate the size of the filter capaci- 
tor required. Equation 3, earlier in this 
chapter, shows how to calculate ripple for 
different filter-capacitor and load-current 
values. 

The regulator circuitry takes advantage 
of commonly available parts. The heart of 
the circuit is U3, a 723 voltage regulator 
IC. The values of R8. R9 and R10 were 
chosen to allow the output voltage to be 
varied from 20 to 30 V. The 723 has a 
maximum input voltage rating of 40 V, 
somewhat lower than the filtered bus volt- 
age. U2 is an adjustable 3-terminal regula- 
tor; itis set to provide approximately 35 V 
to power U3. U3 drives the base of Ql, 


which in turn drives pass transistors Q2- 
Q5. This arrangement was selected to take 
advantage of common components. At 
first glance, the number of pass transistors 
seems high for a 10-A supply. Input volt- 
ageis high enough that the pass transistors 
must dissipate about 120 W (worst case), 
so thermal considerations dictate the use 
of four transistors. See the Real World 
Component Characteristics chapter for 
a complete discussion of thermal design. 
If you use a transformer with a signifi- 
cantly different secondary potential, refer 
to the thermal-design tutorial to verify the 
size heat sink required for safe operation. 

R9 is used to adjust supply output volt- 
age. Since this supply was designed pri- 


NOTE: POINTS A~D REFER TO INTERCONNECTIONS WITH 
THE CROWBAR CIRCUIT IN FIG 11.51. IF THE CROWBAR 
IS NOT USED, JUMPER POINTS A AND B. 


22000 uF 


50 V 


Except as indicated, decimal values of 
capacitance are in microfarads ( uF); 
others are in picofarads (pF ); 
resistances are in ohms; k=1000. 


120 V Т = Tantalum 


АС NEUTRAL 
LINE 


(5) 2N3055 


VOLTAGE 
ADJ 


Fig 11.50 — Schematic diagram of the 28-V, high-current power supply. Resistors are 1!/4-W, 5% types unless otherwise 
noted. Capacitors are disc ceramic unless noted; capacitors marked with polarity are electrolytic. Parts numbers given in 


parentheses that are preceded by the letters RS are Radio Shack catalog numbers. 


C1 — Electrolytic capacitor, 22000 uF, 
50 V (Mallory CGS223U050X4C or 
equiv., available from Mouser 
Electronics). 

C2, C3 — AC-rated bypass capacitors. 

DS1 — Pilot lamp, 120-V ac (RS 272- 
705). 

Q1-Q5 — NPN power transistor, 2N3055 
or equiv. (RS 276-2041). 


11.38 Chapter 11 


R2-R5 — Power resistor, 0.1 Q, 5 W (or 
greater), 5% tolerance. 

R7 — Power resistor, 0.05 ©, 10 W (or 
greater), made from two 0.1-Q, 5-W 
resistors in parallel. 

T1 — Power transformer. Primary, 
120-V ac; secondary, 32 V, 15 A. 
(Avatar Magnetics AV-430 or equiv. 
Dual primary version is part #AV-431. 
Available from Avatar Magnetics.) 


U1 — Bridge rectifier, 50 PIV, 25 A (RS 
276-1185). 

U2 — Three-terminal adjustable voltage 
regulator, 100 mA (LM-317L or 
equiv.). See text. 

U3 — 723-type adjustable voltage 
regulator IC, 14-ріп DIP package (LM- 
723, MC1723, etc. RS 276-1740). 

Z1 — 130-V MOV (RS 276-570). 


marily for 28-V applications, R9 is a “set 
and forget” control mounted internally. A 
25-turn potentiometer is used here to al- 
low precise voltage adjustment. Another 
builder may wish to mount this control, 
and perhaps a voltmeter, on the front panel 
to easily vary the output voltage. 

The 723 features current foldback if the 
load draws excessive current. Foldback 
current, set by R7, is approximately 14 A, 
so F2 should blow if a problem occurs. 
The output terminals, however, may be 
shorted indefinitely without damage to 
any power-supply components. 

If the regulator circuitry should fail, or 
if a pass transistor should short, the un- 
regulated supply voltage will appear at the 
output terminals. Most 28-V RF transis- 
tors would fail with 40-plus volts on the 
collector, so a prospective builder might 
wish to incorporate the overvoltage pro- 
tection circuit shown in Fig 11.51 in the 
power supply. This circuit is optional. It 
connects across the output terminals and 
may be added or deleted with no effect on 
the rest of the supply. If you choose to use 
the “crowbar,” make the interconnections 
as shown. Note that R11 and F3 of 
Fig 11.67 are added between points A and 
B of Fig 11.66. If the crowbar is not used, 
place a wire jumper between points A and 
B of Fig 11.66. 

This crowbar circuit is taken from 
Motorola application notes for the 
MC3423 overvoltage sensor IC. The chip 
contains a 2.5-V reference and two com- 
parators. When the voltage at pins 2 (sense 
terminal) reaches 2.5 V, the output goes 
high (from 0.0 V to the positive bus volt- 
age) to drive the gate of Q6, a high-current 
SCR. Q6 turns on, shorting the supply 
output terminals. This circuit is inexpen- 
sive and easy to implement, yet it allows 
the builder to precisely set the trip volt- 
age. It provides excellent gate drive to the 
SCR, and is somewhat quicker and more 
reliable than crowbar circuits that use 
Zener diodes. R11 and F3 protect the pass 
transistors from damage in case of high- 
current transients. 

The trip voltage is determined from the 
equation: 


R11 
У твр = 2.5 \ + ш) 


The application notes recommend that 
R13 be less than 10 kQ for minimum drift 
and suggest a value of 2.7 kQ. In this ver- 
sion, R12 is preset with a 24-kQ resistor, 
and a 5-kQ, 10-turn potentiometer dials in 
the precise trip point. 


Construction 


Fig 11.52 shows the interior of the 
28-V supply. It is built in a Hammond 


UNREGULATED 
ОС INPUT 


NOTE : POINTS A — D REFER TO INTERCONNECTIONS 
WITH CIRCUIT SHOWN IN FIG 11.50 


REGULATOR 
AND PASS 


TRANSISTORS REGULATED 


DC OUTPUT 


Fig 11.51 — Schematic diagram of the overvoltage protection circuit. Resistors are 


1!/4-W, 5% carbon types unless noted. 

Q6 — 20-A, 100-V stud-mount SCR (RCA 
SK6502 or equiv.). 

R12 — 5-kO, 10-turn potentiometer in 
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series with a 24-kQ, '/4-W resistor. 
U4 — Overvoltage sensor IC, Motorola 
MC3423 (RS 276-1717). 
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TO PASS 
TRANSISTOR 
BASE 


TO PASS 
TRANSISTOR 
EMITTERS 


Fig 11.53 — Parts placement diagram for the 28-V power supply. A full-size 


etching pattern is available from ARRL. 


1401K enclosure. All parts mount inside 
the box. The regulator components are 
mounted on a small PC board attached to 
the rear of the front panel. See Fig 11.53. 
Most of the parts were purchased at local 
electronics stores or from suppliers listed 
in the References chapter. Many parts, 
such as the heat sink, pass transistors, 
0.1-Q power resistors and filter capacitor 
can be obtained from scrap computer 
power supplies found at flea markets. 

Q2-Q5 are mounted on a Wakefield 
model 441K heat sink. The transistors are 
mounted to the heat sink with insulating 
washers and thermal heat-sink compound 
to aid heat transfer. Radio Shack TO-3 
sockets make electrical connections 
easier. The heat-sink surface under the 
transistors must be absolutely smooth. 
Carefully deburr all holes after drilling 
and lightly sand the edges with fine emery 
cloth. 

A five-inch fan circulates air past the 
heat sink inside the cabinet. Forced-air 
cooling is necessary only because the heat 
sink is mounted inside the cabinet. If the 
heat sink was mounted on the rear panel 
with the fins vertical, natural convection 
would provide adequate cooling and no 
fan would be required. 

U1 is mounted to the inside of the rear 
panel with heat-sink compound. Its heat 
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sink is bolted to the outside of the rear 
panel to take advantage of convection 
cooling. 

U2 may prove difficult to find. The 
317L is a 100-mA version of the popular 
317-series 1.5-A adjustable regulator. The 
317L is packaged in a TO-92 case, while 
the normal 317 is usually packaged in a 
larger TO-220 case. Many of the suppliers 
listed in the References chapter sell them, 
and RCA SK7644 or Sylvania ECGI900 
direct replacements are available from 
many local electronics shops. If you can't 
find a 317L, you can use a regular 317 
(available from Radio Shack, among 
others). 

R7 is made from two 0.1-Q, 5-W resis- 
tors connected in parallel. These resistors 
get warm under sustained operation, so 
they are mounted approximately !/16 inch 
above the circuit board to allow air to cir- 
culate and to prevent the PC board from 
becoming discolored. Similarly, R6 gets 
warm to the touch, so it is mounted away 
from the board to allow air to circulate. Q1 
becomes slightly warm during sustained 
operation, so it is mounted to a small 
TO-3 PC board heat sink. 

Not obvious from the photograph is the 
use of a single-point ground to avoid 
ground-loop problems. The PC-board 
ground connection and the minus lead of 
the supply are tied directly to the minus 


terminal of C1, rather than to a chassis 
ground. 

The crowbar circuit is mounted on a 
small heat sink near the output terminals. 
Q6 is a stud-mount SCR and is insulated 
from the heat sink. An RCA replacement 
SCR was used here because it was readily 
available, but any 20-A or greater SCR that 
can handle at least 50 V will work. The 
other components are mounted on a small 
circuit board attached to the heat sink with 
angle brackets. U4 is available from Radio 
Shack. 

Although the output current is not ex- 
tremely high, 414 or 412 wire should be 
used for all high-current runs, including 
the wiring between C1 and the collectors 
of Q2-Q5; between R2-R5 and R7; be- 
tween F2 and the positive output terminal; 
and between C1 and the negative output 
terminal. Similar wire should be used be- 
tween the output terminals and the load. 


Testing 


First, connect T1, U1 and C1 and verify 
that the no-load voltage is approximately 
44 V dc. Then, connect unregulated volt- 
age to the PC board and pass transistors. 
Leave the gate lead of Q6 disconnected 
from pin 8 of U4 at this time. You should 
be able to adjust the output voltage be- 
tween approximately 20 and 30 V. Set the 
output to 28 V. 

Next, set the crowbar to fire at 29 V or 
whatever trip voltage you desire. Set the 
potentiometer of R12 for maximum resis- 
tance. Connect a voltmeter to U4, pin 8. 
The voltmeter should indicate 0.0 V. In- 
crease supply voltage to 29 V and adjust 
R12 until pin 8 goes high, to approxi- 
mately 28 V. Back off the supply voltage; 
pin 8 should go low again. Connect the 
gate lead of Q6 and again increase supply 
voltage to 29 V. The crowbar should fire, 
shorting the supply output. Slight adjust- 
ment of R12 may be necessary. Remove 
power and turn R9 to reduce supply volt- 
age below the trip point. Apply power and 
reset the output voltage to 28 V. 

Next, short the output terminals to 
verify that the current foldback is work- 
ing. Voltage should return to 28 when the 
shorting wire is disconnected. This com- 
pletes testing and setup. 

The supply shown in the photographs 
dropped approximately 0.1 V between no 
load and a 12-A resistive load. During test- 
ing in the ARRL lab, this supply was run 
for four hours continuously with a 12-A 
resistive load on several occasions, with- 
out any difficulty. 


A 3200-V POWER SUPPLY 


This high-voltage power supply was 
described by Russ Miller, N7ART, in 
December 1994 QST for use with a 2-m, 
1-kW amplifier using the 3CX1200Z7 tri- 
ode. The supply is rated at 3200 V, at a 
continuous output current of 1.2 A, andan 
intermittent peak current of 2 A. The 
power supply also has a 12 V, 1 A output, 


used to power the control circuitry in the 
N7ART 2-meter amplifier. See the RF 
Power Amplifiers chapter for details. 

A simple, effective step/start circuit is 
incorporated to ensure that the rectifier 
diodes are not over stressed by the heavy 
surge current into the output capacitor 
when the power supply is first turned on. 


А 5 kV meter is used to monitor high-volt- 
age output. 

Fig 11.54 is a schematic diagram of the 
supply. A power supply for a high-power 
linear amplifier should operate from a 
240-V circuit, for best line regulation. A 
special, hydraulic/magnetic circuit 
breaker doubles as the main power switch. 


Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 
others are in picofarads ( pF ); 
resistances are in ohms; k=1,000 


Fig 11.54—Schematic diagram of the high-voltage power supply. 


D1-D4—Strings of 5 each, 1000-PIV, 3-A 
diodes, 1N5408 or equiv. A 
commercial diode block assembly is 
also suitable: KZAW HV14-1, from 
K2AW's Silicon Alley. 

K1—DPST relay, 120-V ac coil, 240-V- 
ac, 20-A contacts (Midland Ross 187- 
321200 or equiv). 

K2—SPDT miniature relay, 12-V dc coil 
(Radio Shack 275-248 or equiv). 


M1—High-voltage meter, 5 kV dc full 
scale (1-mA meter movement used 
with series resistors shown in 
drawing). 

MOT1—Cooling fan, Torin TA-300 or 
equiv. 

Q1—2N2222A or equiv. 

Q2—MPF102 or equiv. 

CB1—20-A hydraulic/magnetic circuit 
breaker (Potter and Brumfield 
W68X2Q12-20 or equiv). 
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T1—High-voltage power transformer, 
240-V primary, 2250-V, 1.2-A 
secondary (Avatar AV-538 or equiv). 

T2—Stepdown transformer, Jameco 
112125, 240-V to 120-V, 100 VA. 

T3—Power transformer, Jameco 
104379, 120-V primary; 16.4 V, 1-A 
secondary (half used). 
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Don’t substitute a regular switch and 
fuses for this breaker; fuses won’t operate 
quickly enough to protect the amplifier in 
case of an operating abnormality. The 
bleeder resistor dissipates about 100 W, 
so a small fan is included to remove the 
excess heat. 


Power Supply Construction 
The power supply can be built into a 
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17x13x10-inch cabinet. The power trans- 
former is quite heavy, so use !/8-inch alu- 
minum for the cabinet bottom, and rein- 
force it with aluminum angle for extra 
strength. The diode bridge consists of four 
legs, each containing five diodes. 


Power Supply Operation 


When the front-panel breaker is turned 
on, two 25-Q resistors in the primary cir- 
cuit limit inrush current as the filter ca- 


pacitor charges. After two seconds, step- 
start relay K1 activates, shorting both re- 
sistors and allowing full line voltage to be 
applied to the transformer. 

As with all high-voltage power sup- 
plies, be extremely careful! Before open- 
ing the cabinet, remove the ac-line plug 
from its receptacle, and confirm that the 
filter capacitor is discharged before work- 
ing on the supply. 


mr) odulation . Sources”—what 


4 might simply call this chap- 
er Baseband. Engineers use that term to 
distinguish information before it's used 
to modulate a carrier. So, this chapter cov- 
ers the various kinds of information we 
impress on RF (audio, video, digital, re- 
mote control) before that information has 
been moved to some intermediate fre- 
quency (IF) or the desired RF. 

Baseband carries the connotation “at or 
near dc" because the final RF is usually 
much higherthan the baseband frequency, 
yet that is misleading. For example, a 


baseband ATV signal usually extends up 


to 5 MHz, which is hardly dc. Nonethe- 


less, compared to the operating frequen- 


cies (52 to 806 MHz for broadcast, 
420 MHz and higher for amateur) it is 
practically dc. 


Here we will discuss characteristics of . 


the information (such as bandwidth), how 
we prepare it for transmission, optimize 


the transfer and process it after reception. . 
Nearly all of the processing discussed 


in this chapter can be implemented with 
the emerging digital-signal-processing 
(DSP) technology. For example, the 


does that mean? An engineer. 


CLOVER-II system described later in this 
chapter uses DSP to vary the modulation 
scheme as required by propagation condi- 
tions. Look to the Digital Signal Process- 
ing chapter for further information about 


. DSP techniques. 


BANDWIDTH 


Whenever information is added to a 


carrier (we say the carrier is modulated), 
sidebands are produced. Sidebands are the 
frequency bands on both sides of a carrier 


resulting from the baseband signal vary- ` 


ing some characteristic of the carrier. The 
modulation process creates two side- 


‘bands: the upper sideband (USB) and the 


lower sideband (LSB). The width of each 
sideband is generally equal to the highest 
frequency component in the baseband sig- 
nal. In some modulation systems, the 


‘width of the sidebands may greatly ex- 
-ceed the highest baseband frequency com- ` 


ponent. 

The USB and LSB are mirror images of 
each other and carry indentical infor- 
mation. Some modulation systems trans- 
mit only one sideband and partially or 
completely suppress the other in order to 


- conserve bandwidth: 


Modulation Sources (What and How We Communicate) 


According to FCC Rules, occupied . 
bandwidth is: 

The frequency bandwidth such that, 
below its lower and above its upper fre- 
quency limits, the mean powers radiated 
are each equal to 0.5 percent (-23 dB) of 
the total mean power radiated by a given 
emission. 

In some cases a different relative power . 
level may be specified; for example, 


. -26 dB (0.25%) is used to define band- 


width in $97.3(a)(8) of the FCC rules. 
Occupied bandwidth is not always 
easy for amateurs to determine. It can 
be measured on a spectrum analyzer, 
which is not available to most amateurs. 


, Occupied bandwidth can also be calcu- 


lated, but the calculations require an 
understanding of the mathematics of 
information theory and are not covered 
in this book. 

The FCC has defined necessary band- 
width as: | 

For a given class of emission, the mini- 
mum value of the occupied bandwidth 
sufficient to ensure the transmission of 
information at the rate and with the qual- 
ity required for the system employed, 
under specified conditions. 
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Voice Modes 


AMPLITUDE 
MODULATION (AM) 


AM voice was the second mode used in 
Amateur Radio (after Morse code). AM 
techniques are the basis for several other 
modes, such as single-sideband voice and 
AFSK. This material was supplied by Jeff 
Bauer, WAI MBK. 

AM is a mixing process. When RF and 
AF signals are combined in a standard AM 
modulator, four output signals are gener- 
ated: the original RF signal (carrier), the 
original AF signal, and two sidebands, 
whose frequencies are the sum and dif- 
ference of the original RF and AF signals, 
and whose amplitudes are proportional to 
that of the original AF signal. The sum 
component is called the upper sideband 
(USB). Itis erect: A frequency increase of 
the modulating AF causes a frequency 
increase in the RF output. The difference 
component is called the lower sideband 
(LSB), which is inverted: A frequency 
increase in the modulating AF produces 
a decrease in the output frequency. The 
amplitude and frequency of the carrier 
are unchanged by the modulation process, 
and the original AF signal is rejected by 
the RF output network. The RF envelope 
(sum of sidebands and carrier), as viewed 
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on an oscilloscope, has the shape of the 
modulating waveform. 

Fig 12.1B shows the envelope of an RF 
signal that is 20% modulated by an AF 
sine wave. The envelope varies in ampli- 
tude because it is the vector sum of the 
carrier and the sidebands. A spectrum ana- 
lyzer or selective receiver will show the 
carrier to be constant. The spectral photo- 
graph also shows that the bandwidth of an 
AM signal is twice the highest frequency 
component of the modulating wave. 

An AM signal cannot be frequency 
multiplied without special processing be- 
cause the phase/frequency relationship of 
the modulating-waveform components 
would be severely distorted. For this rea- 
son, once an AM signal has been gener- 
ated, its frequency can be changed only by 
heterodyning. 

All of the information in an AM signal 
is contained in the sidebands, but two- 
thirds of the RF power is in the carrier. If 
the carrier is suppressed in the transmitter 
and reinserted (in the proper phase) in the 
receiver, significant advantages accrue. 
When the reinserted carrier is strong com- 
pared to the incoming double-sideband 
signal (DSB), exalted carrier reception is 
achieved, and distortion from selective 
fading is reduced greatly. A refinement 
called synchronous detection uses a PLL 
to reject interference. Suppressing the car- 
rier also eliminates the heterodyne inter- 


(B) 
Fig 12.1—Electronic displays of AM signals in the frequency and time domains. 
A shows an unmodulated carrier or single-tone SSB signal. B shows a full-carrier 
AM signal modulated 20% with a sine wave. 


ference common with adjacent AM sig- 
nals. More important, eliminating the car- 
rier increases overall transmitter effi- 
ciency. Transmitter power requirements 
are reduced by 66%, and the remaining 
34% has a light duty cycle. 


Mathematics of AM 


AM can happen at low levels (as in a 
driver or predriver stages of a transmitter) 
or high levels, in the final output stage. The 
numbers are consistent for both methods. 

For example, to 100% modulate a 10 W 
RF carrier, 5 W of clean AF is required 
from the modulator. Good engineering 
calls for a 2596 overdesign; thus 6.25 W of 
AF allows plenty of system headroom. The 
circuitry can then “loaf along” at the 100% 
level. 


Overmodulation 


Overmodulation occurs when more au- 
dio is impressed on a carrier than is needed 
for 100% modulation. It is also known as 
flattopping. Overmodulation causes dis- 
tortion of the information conveyed and 
produces splatter (spurious emissions) on 
adjacent frequencies. Splatter interferes 
with others sharing our already-crowded 
bands: Prevent overmodulation at all times. 

Years ago amateurs used ingenious 
ways to detect and prevent or control 
overmodulation. Nowadays with solid- 
state, large-scale integration (LSI) chips 
and microprocessor control, bullet-proof 
overmodulation prevention can be de- 
signed into transmitters. The most famil- 
iar method is called ALC, for automatic 
level control. 

Although modern use of full-carrier AM 
on the amateur bands is very limited, there 
is acore group of AM aficionados experi- 
menting with pulse duration modulation 
(PDM). This system was pioneered in AM 
broadcast transmitters. 

This form of high-level modulation dif- 
fers from conventional AM in that the 
PDM modulator operates in switching 
mode, with audio information contained 
during on-pulses. The audio amplitude is 
therefore determined by the duty cycle of 
the modulator or switching tube. Those 
interested in further reading on the topic 
should look in William Orr's (W6SAI) 
Radio Handbook (published by Howard 
W. Sams and Co) and the AM Press/ 
Exchange (for contact information, see the 
Address List in the References chapter). 


Balanced Modulators 


The carrier can be suppressed or nearly 
eliminated by using a balanced modulator 
or an extremely sharp filter. Contempo- 
rary amateur transmitters often use both 
methods. 


Table 12.1 


Guidelines for Amateur SSB Signal Quality 


Parameter 

Carrier suppression 

Opposite-sideband suppression 

Hum and noise 

Third-order intermodulation distortion 
Higher-order intermodulation distortion 
Long-term frequency stability 
Short-term frequency stability 


BALANCED 
MODULATOR 


CARRIER 
Osc, 


BALANCED 
MODULATOR 


Suggested Standard 


At least 40-dB below PEP 

At least 40-dB below PEP 

At least 40-dB below PEP 

At least 30-dB below PEP 

At feast 35-dB below PEP 

At most 100-Hz drift per hour 
At most 10-Hz P-P deviation 

in a 2-kHz bandwidth 


HE TERODYNE 
osc. 


CARRIER 


FILTER 


HETERODYNE 
Osc. 


Fig 12.2—Block diagrams of filter-method SSB generators. They differ in the 
manner that the upper and lower sideband are selected. 


The basic principle of any balanced 
modulator is to introduce the carrier in 
such a way that only the sidebands will 
appear in the output. The balanced-modu- 
lator circuit chosen by a builder depends 
on constructional considerations, cost and 
the active devices to be employed. 

In any balanced-modulator circuit, 
there is (theoretically) no output when no 
audio signal is applied. When audio is 
applied, the balance is upset, and one 
branch conducts more than the other. 
Since any modulation process is the same 
as “mixing,” sum and difference frequen- 
cies (sidebands) are generated. The modu- 


lator is not balanced for the sidebands, and 
they appear in the output. 


SINGLE-SIDEBAND (SSB) 


A further improvement in communica- 
tions effectiveness can be obtained by 
transmitting only one of the sidebands. 
When the proper receiver bandwidth is 
used, a single-sideband (SSB) signal will 
show an effective gain of up to 9 dB over 
an AM signal of the same peak power. 
Because the redundant information is 
eliminated, the required bandwidth of an 
SSB signal is half that of a comparable 
AM or DSB emission. Unlike DSB, the 
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phase of the local carrier generated in the 
receiver is unimportant. Table 12.1 shows 
the qualities of a good SSB signal. 


SSB Generation: The Filter Method 


If the DSB signal from the balanced 
modulator is applied to a narrow band-pass 
filter, one of the sidebands can be greatly 
attenuated. Because a filter cannot have 
infinitely steep skirts, the response of the 
filter must begin to roll off within about 
300 Hz of the phantom carrier to obtain 
adequate suppression of the unwanted 
sideband. This effect limits the ability to 
transmit bass frequencies, but those fre- 
quencies have little value in voice com- 
munications. The filter rolloff can be used 
to obtain an additional 20 dB of carrier 
suppression. The bandwidth of an SSB 
filter is selected for the specific applica- 
tion. For voice communications, typical 
values are 1.8 to 3.0 kHz. 

Fig 12.2 illustrates two variations of the 
filter method of SSB generation. In A, the 
heterodyne oscillator is represented as a 
simple VFO, but may be a premixing sys- 
tem or synthesizer. The scheme at B is 
perhaps less expensive than that of A, but 
the heterodyne-oscillator frequency must 
be shifted when changing sidebands in 
order to maintain dial calibration. 

The ultimate sense (erect or inverted) of 
the final output signal is influenced as 
much by the relationship of the heterodyne 
oscillator frequency to the fixed SSB fre- 
quency as by the filter or carrier frequency 
selection. The heterodyne-oscillator fre- 
quency must be chosen to allow the best 
image rejection. This consideration re- 
quires that the heterodyne-oscillator fre- 
quency be above the fixed SSB frequency 
on some bands and below it on others. To 
reduce circuit complexity, early amateur 
filter-method SSB transmitters used a 
9-MHz IF and did not include a sideband 
switch. The result was that the output was 
LSB on 160, 75 and 40 m, and USB on the 
higher bands. This convention persists to- 
day, despite the flexibility of most modern 
amateur SSB equipment. Appropriate fil- 
tering methods and filters for SSB genera- 
tion are discussed in the Filters chapter. 


SSB Generation: The Phasing 
Method 


Fig 12.3 shows another method to ob- 
tain an SSB signal. The audio and carrier 
signals are each split into equal compo- 
nents with a 90° phase difference (called 
quadrature) and applied to balanced 
modulators. When the DSB outputs of the 
modulators are combined, one sideband is 
reinforced and the other is canceled. The 
figure shows sideband selection by means 
of transposing the audio leads, but the 
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PHASE SHIFT 
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BALANCED MODULATOR 


SIDEBAND 
SELECTION 


PHASE SHIFT 
NET WORK 


BALANCED MODULATOR 


Fig 12.3—Block diagram of a phasing SSB generator. 


same result can be achieved by switching 
the carrier leads. 

The phase shift and amplitude balance 
of the two channels must be very accurate 
if the unwanted sideband is to be ad- 
equately attenuated. Table 12.2 shows the 
required phase accuracy of one channel 
(AF or RF) for various levels of opposite 
sideband suppression. The numbers given 
assume perfect amplitude balance and 
phase accuracy in the other channel. 


—ÓÁ—————— 


Table 12.2 


Unwanted Sideband Suppression 
as a Function of Phase Error 


Phase Error Suppression 
(deg.) (dB) 
0.125 59.25 
0.25 53.24 
0.5 47.16 
1.0 41.11 
2.0 35.01 
3.0 31.42 
4.0 28.85 
5.0 26.85 
10.0 20.50 
15.0 16.69 
20.0 13.93 
30.0 9.98 
45.0 6.0 


CARRIER 
INPUT 


fc 


TO BAL MOO 
NO. 1 


Xc*R AT fc 


TO BAL MOD 
NO.2 


The table shows that a phase accuracy 
of +1° is required to satisfy the criteria 
tabulated at the beginning of this chapter. 
It is difficult to achieve this level of accu- 
racy over the entire speech band. Note, 
however, that speech has a complex spec- 
trum with a large gap in the octave from 
700 to 1400 Hz. The phase-accuracy toler- 
ance can be loosened to £2? if the peak 
deviations can be made to occur within 
that spectral gap. 

The major advantage of the phasing 
system is that the SSB signal can be gen- 
erated at the operating frequency without 
the need for heterodyning. Phasing can be 
used to good advantage even in fixed-fre- 
quency systems. A loose-tolerance (t4?) 


CARRIER 
INPUT 


PHASE SHIFT NETWORK 


CARRIER 
OSCILLATOR 


RF COMBINER 


phasing exciter followed by a simple two- 
pole crystal filter can generate a high- 
quality signal at very low cost. 


Audio Phasing Networks 


It would be difficult to design a two-port 
network having a quadrature (90?) phase 
relationship between input and output with 
constant-amplitude response over a decade 
of bandwidth. A practical approach, 
pioneered by Robert Dome, W2WAM, is 
to use two networks having a differential 
phase shift of 90°. This differential can be 
closely maintained in a simple circuit if 
precision components are used. 

Numerous circuits have been developed 
to synthesize the required 90? phase shift 


OIRECTIONAL 
COUPLER 


DOUBLY BALANCED 
MIXER 


DIRECTIONAL 
COUPLER 


PHASE ADJUST 


Fig 12.4—A simple RF phase shifter. 
Make one of the capacitors adjustable 
for precise alignment. 


Fig 12.5—A block diagram of a PLL phase-shifting system that can maintain 
quadrature (90° phase difference) over a wide frequency range. The doubly 
balanced mixer is used as a phase detector. 
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electronically. Active-filter techniques 
are used in many of these systems; use 


TO BALANCED 


9 MODULATOR 1 precision components for good results. 
RF Phasing Networks 
TO BALANCED If the SSB signal is to be generated at a 
MODULATOR 2 fixed frequency, the RF phasing problem 


is trivial; any method that produces the 
proper phase shift can be used. If the sig- 
nal is produced at the operating frequency, 
problems similar to those in the audio net- 
works must be overcome. 

A differential RF phase shifter is shown 
in Fig 12.4. The amplitudes of the quadra- 
ture signals won’t be equal over an entire 
phone band, but this is of little conse- 
ОТО BALANCED quence as long as the signals are strong 

MODULATOR 1 enough to saturate the modulators. 

Where percentage bandwidths are 
small, such as in the 144.1- to 145-MHz 
range, the RF phase shift can be obtained 
conveniently with transmission-line meth- 
ods. If one balanced-modulator feed line 
is made an electrical quarter wavelength 
longer than the other, the two signals will 
be 90° out of phase. (It is important that 
the cables be properly terminated.) 

One method for obtaining a 90° phase 
shift over a wide bandwidth is to generate 


OTO BALANCED 
MODULATOR 2 


Fig 12.6—Digital RF phase-shift networks. Circuit A uses JK flip-flops; B uses D 
flip-flops. The carrier frequency must be quadrupled before processing. 
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Fig 12.7—Independent-sideband generators. A shows a filter system, B a phasing system. The “RF combiner” may be either 
a hybrid combiner or a summing amplifier. 
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the quadrature signals at a fixed frequency 
and heterodyne them individually to any 
desired operating frequency. Quadrature 
hybrids having multioctave bandwidths 
are manufactured commercially, by Mini- 
Circuits Labs and others. 

Another practical approach uses two 
VFOs ina master-slave PLL system. Many 
phase detectors lock the two signals in 
phase quadrature. A doubly balanced 
mixer also has this property. One usually 
thinks of a PLL as having a VCO locked to 
areference signal, but a phase differential 
can be controlled independently of the 
oscillator. The circuit in Fig 12.5 illus- 
trates this principle. Two digital phase 
shifters are sketched in Fig 12.6. If ECL 
ICs are used, this system can work over 
the entire HF spectrum. 


Independent-Sideband (ISB) 


If two SSB exciters, one USB and the 
other LSB, share a common carrier oscil- 
lator, two channels of information can be 
simultaneously transmitted from one an- 
tenna. Methods for ISB generation in fil- 
ter and phasing transmitters are shown in 
Fig 12.7. 

The most obvious amateur application 
for ISB is the transmission of SSTV with 
simultaneous audio commentary. On the 
VHF bands, other combinations are pos- 
sible, such as voice and code or SSTV and 
RTTY. 


Amplitude Compandored Single 
Sideband (ACSSB) 


When SSB was tried in the Land Mobile 
Service, several problems arose. One was 
that users (who are not trained operators) 
couldn’t master the control known as 
CLARIFIER to land-mobile users or receiver 
incremental tuning, RIT, to amateurs. In 
addition, users were annoyed by SSB’s 
fading and noise performance, compared 
to that of FM. 

So, to get the spectrum savings of SSB 
over FM, Land-Mobile Service engineers 
came up with a form of SSB that satisfied 
the users accustomed to FM. 


Pilot Tone 


To overcome problems, manufacturers 
added a pilot tone to the audio. The tone is 
usually located at 3.1 kHz and filtered so 
it does not interfere with the audio. The 
pilot-tone power level is constant at about 
10 dB below the voice peak power. (Thus, 
the transmitter output power is approxi- 
mately 1/10th of maximum even when 
there is no voice modulation.) 

At the receiver, the pilot tone is com- 
pared with an internal reference oscillator 
inaPLL circuit. So, the receiver automati- 
cally tunes in the incoming signal. The 
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pilot tone is also used to control squelch 
and AGC circuits. It can be modulated for 
signaling or telemetry transmission—a 
useful feature in logic-controlled systems. 


Amplitude Compandoring 


Compression of voice signals is com- 
mon in Amateur Radio SSB. Amateurs, 
however, rarely employ an expandor at the 
receiving end. The term “compandor” is а 
fusion of the terms "compressor" and 
*expandor." 

When signal levels are high, ACSSB 
and NBFM produce similar results. As 
distance between stations increases, how- 
ever, both modes suffer, but in different 
ways: In the near fringe area, NBFM 
degrades quickly, followed by a complete 
loss of audio. ACSSB audio tends to 
degrade gradually over much greater 
distances, and fading results in transitory 
distortion. 


ACSSB Potential 


Although ACSSB has some potential in 
earth/space communications, its land- 
based potential is limited by several fac- 
tors: Cochannel interference is signifi- 
cantly higher with ACSSB, and unlike 
NBFM, ACSSB equipment is not 
interoperable with existing FM equip- 
ment. For more information about ACSSB 
see “On SSB Radio Communications," by 
J. S. Belrose, VE2CV, in July 1982 QEX, 


pp 3-4. 


FREQUENCY 
MODULATION (FM) 


When the frequency of the carrier is 
varied in accordance with the variations in 
a modulating signal, the result is fre- 
quency modulation (FM). Varying the 
phase of the carrier current is called phase 
modulation (PM). Frequency and phase 
modulation are not independent, since the 
frequency cannot be varied without also 
varying the phase, and vice versa. This 
section was written by Dean Straw, М6ВУ. 

The primary advantage of FM is its abil- 
ity to produce a high signal-to-noise ratio 
when receiving a signal of only moderate 
strength. This has made FM popular for 
mobile communications services and high- 
quality broadcasting. However, because of 
the wide bandwidth required and the dis- 
tortion suffered in skywave propagation, 
the use of FM has generally been limited to 
frequencies higher than 29 MHz. 

When compared to AM or SSB, FM has 
some impressive advantages for VHF op- 
eration. In an FM transmitter, modulation 
takes place in a low-level stage. Amplifi- 
ers following the modulator can be oper- 


ated Class C for best efficiency, since 
operation need not be linear. The fre- 
quency tolerances needed for channelized 
FM operation are much less severe than 
for SSB, helping to keep cost down. 

The effectiveness of FM and PM for 
communication purposes depends almost 
entirely on the methods used for receiv- 
ing. If the FM receiver responds to fre- 
quency and phase changes but is insensi- 
tive to amplitude changes, it can 
discriminate against many forms of noise. 

Fig 12.8 is a representation of fre- 
quency modulation. When an audio 
modulating signal is applied, the carrier 
frequency is increased during one half 
cycle of the modulating signal and de- 
creased during the half cycle of opposite 
polarity. In this figure RF cycles occupy 
less time (higher frequency) when the 
modulating signal is positive, and more 
time (lower frequency) when the modu- 
lating signal is negative. The change in 
the carrier frequency is called frequency 
deviation and is proportional to the instan- 
taneous amplitude of the modulating sig- 
nal. The deviation is small when the in- 
stantaneous amplitude of the modulating 
signal is small and is greatest when the 
modulating signal reaches its peak, either 
positive or negative. 


Phase Modulation (PM) 


If the phase of the current in a circuit 
shifts there is an instantaneous frequency 
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Fig 12.8—Graphical representation of 
frequency modulation. In the 
unmodulated carrier (A) each RF cycle 
occupies the same amount of time. 
When the modulating signa! (B) is 
applied, the radio frequency is 
increased and decreased according to 
the amplitude and polarity of the 
modulating signal (C). 


change during the time the phase is shift- 
ing. The amount of frequency change is 
directly proportional to how rapidly the 
phase is shifting and to the total amount of 
the phase shift. The rapidity of the phase 
shift is directly proportional to the fre- 
quency of the modulating signal. In a prop- 
erly operating PM system, the amount of 
phase shift is proportional to the instanta- 
neous amplitude of the modulating signal. 
Phase modulators have a built-in pre- 
emphasis, where deviation increases with 
modulating frequency. 


FM AND PM SIDEBANDS 


The-sidebands generated by FM and PM 
occur at integral multiples of the modulat- 
ing frequency on either side of the carrier. 
This is in contrast to AM, where a modu- 
lating frequency will produce a single set 
of sidebands on either side of the carrier 
frequency. An FM or PM signal therefore 
inherently occupies a wider channel than 
AM. The number of additional sidebands 
that occur in FM and PM depend on the 
relationship between the modulating fre- 
quency and the frequency deviation. The 
ratio between the frequency deviation, in 

‘hertz, and the modulating frequency, also 
in hertz, is called the modulation index. 
х= Pao а) 

where 

X = modulation index 

D = peak deviation ('/2 difference 

between maximum and minimum 

. frequency) 

m - modulation frequency in hertz 

= phase deviation in radians (a radian 

= 180°/л or approximately 57.3?). 


For example, the maximum frequency 
deviation in an FM transmitter is 3000 Hz 


either side of the carrier frequency. The 


modulation index when the modulation 
frequency is 1000 Hz is 3000/1000 = 3.0. 
Atthe same deviation with 3000 Hz modu- 
lation, the index would be 1; at 100 Hz it 
would be 30 and so on. 

Given a constant input level to the 
modulator, in PM the modulation index is 
constant regardless of the modulating fre- 
quency. In FM it varies with the modulat- 
ing frequency, as shown above. In an FM 
system the ratio of the maximum carrier- 
frequency deviation to the highest modu- 
lating frequency used is called the devia- 
tion ratio. Thus 


О) 


i”. T D 
deviation ratio = — 
M 


Where 
.D = peak deviation 
M = maximum modulation frequency in 
hertz. 


The deviation ratio used above 29 MHz 


for narrow-band FM is 5000 Hz (maxi- 
mum deviation) divided by 3000 Hz 


(maximum modulating frequency) or: 


1.67. 

Fig 12.9 shows how the amplitudes of 
the carrier and the various sidebands vary 
with the modulation index for single-tone 


modulation. The first pair of sidebands are ` 


displaced from the carrier by an amount 


“equal to the modulating frequency, the 


second by twice the modulating fre- 
quency, and so on. For example, if the 
modulating frequency is 2000 Hz and the 
carrier frequency is 29,500 KHz, the first 
sideband pair is at 29,498 and 29,502 kHz, 


‚ Ше second pair is at 29,496 and 29,504 


kHz, the third at 29,494 and 29,506 kHz, 
and so on. The amplitudes of these side- 
bands depend on the modulation index, not 
on the frequency deviation: 

The carrier strength varies with the 


‘modulation index—at a modulation index 


of 2.405, the carrier disappears entirely. 
As the index is raised further, the carrier 


` level becomes negative, since its phase is 


reversed compared to the phase without 


modulation. In FM and PM the energy ` 


going into the sidebands is táken from the 
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carrier—the total power remains the same 

regardless of the modulation index. Since 

there is no change in amplitude with 

. modulation, an FM or PM signal can be 
amplified without distortion by an ordinary 
Class-C amplifier, either as a straight- 
through amplifier or frequency-multiplier 
stage. - 

If the modulated signal is passed 
through one or more frequency multipli- 
ers, the modulation index is multiplied by 
the same factor as the carrier frequency. 
For example, if modulation is applied on 
3.5 MHz and the final output is on 
28 MHz, the total frequency multiplica- 
tion is eight times. If the frequency devia- 
tion is 500 Hz at 3.5 MHz, it will be 4000 
Hz at 28 MHz. Frequency multiplication 
offers a means for obtaining practically 
any desired amount of frequency devia- 
tion, whether or not the modulator itself is 
capable of giving that much deviation 
without distortion. f 

If the modulation index (with single- 

` tone modulation) does not exceed 0.6 or 
0.7, the most important extra sideband, the 
second, will be at least 20 dB below the 
unmodulated carrier level. This represents 
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Fig 12.9—Amplitude variation of the carrier and sideband pairs with modulation 
index. This is a graphical representation of mathematical functions developed by 
F. W. Bessel. Note that the carrier completely disappears at modulation indexes of 


2.405, 5.52 and 8.654. 
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an effective channel width about equal to 
an AM signal. The energy in speech is 
distributed among many audio frequen- 
cies. On average, the modulation index for 
any one frequency component is smaller 
than that for a single audio tone having the 
same peak amplitude. Thus, the effective 
modulation index for speech can be some- 
what higher while retaining the same av- 
erage bandwidth. The rule-of-thumb for 
determination of bandwidth requirements 
for an FM system using narrow-band 
(5 kHz deviation) modulation is 


B, = 2(M+D) (3) 


where 
B, = necessary bandwidth in hertz 
M = maximum modulation frequency 
in hertz 
D = peak deviation in hertz. 


For narrow-band FM, the bandwidth 
equals 2 x (3000 + 5000) = 16000 Hz. 
Additional bandwidth may be needed to 
compensate for cumulative errors in the 
transmitter and receiver frequencies. 


FM vs Phase Modulation (PM) 


FM cannot be applied to an amplifier 
stage, but phase modulation (PM) can. PM 
is therefore readily adaptable to trans- 
mitters employing oscillators of high sta- 
bility, such as the crystal-controlled oscil- 
lators. The amount of phase shift that 
can be obtained with good linearity 
yields a maximum practicable modulation 
index of about 0.5. Because phase shift is 
proportional to the modulating frequency, 
this index can be used only at the highest 
frequency present in the modulating 
signal, assuming that all frequencies will 
at one time or another have equal ampli- 
tudes. 

The frequency response of the speech- 
amplifier system above 3000 Hz must be 
sharply attenuated to prevent splatter on 
adjacent channels. Due to its inherent 
preemphasis, PM received on an FM re- 
ceiver sounds “tinny.” The audio must be 
processed for PM to have the same modu- 
lation-index characteristic as an FM sig- 
nal. The speech-amplifier frequency-re- 
sponse curve is thus shaped so the output 
voltage is inversely proportional to fre- 
quency over most of the voice range. 
When this is done the maximum modula- 
tion index can only be used below a rela- 
tively low audio frequency, perhaps 300 
to 400 Hz in voice transmission, and must 
decrease in proportion to an increase in 
frequency. The net result is that the maxi- 
mum linear frequency deviation is only 
one or two hundred hertz. In order to in- 
crease the deviation up to narrowband 
level, we must typically multiply the fre- 
quency by eight or more. 
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GENERATING FM 


Direct FM 


A simple circuit for producing direct 
FM in amateur transmitters is the reac- 
tance modulator. An active device is con- 
nected to the RF tank circuit of an oscilla- 
tor to act as a variable inductance or 
capacitance. Fig 12.10A is a representa- 
tive circuit using a MOSFET. This modu- 
lator acts as though an inductance were 
connected across the tank. The frequency 
increases in proportion to the amplitude of 
the current in this modulator. If the modu- 
lated oscillator is free running, it must 
usually be operated on a relatively low 
frequency to maintain good carrier stabil- 
ity. Fig 12.10B shows how a varactor may 
be used to FM a crystal oscillator directly. 
The supply voltage for either modulator 
and oscillator should be regulated to re- 
duce residual FM. The oscillator fre- 
quency is multiplied up to the final output 
frequency. 


MPF121 


In many modern frequency-synthesized 
transceivers, a VCO used in one of the 
phase-locked loops (PLL) is often fre- 
quency modulated directly. A PLL con- 
sists of a phase detector, a filter, a dc am- 
plifier and a voltage-controlled oscillator 
(VCO). See Fig 12.11. The VCO runs ata 
frequency close to that desired when the 
loop is in lock. The phase detector pro- 
duces an error voltage if any frequency 
difference exists between the VCO di- 
vided by the variable divider N and the 
reference signal. The error voltage is ap- 
plied to the VCO to keep it locked on the 
carrier frequency when there is no modu- 
lation present. The loop bandwidth of the 
PLL is made narrow enough so that the 
audio can change the VCO frequency, 
while the PLL still keeps the unmodulated 
carrier frequency on-channel. 


Indirect FM 


The same type of reactance-modulator 
circuit used to vary the tuning of an oscil- 


OSC. TANK 


REACTANCE MODULATOR 


(A) 


VARACTOR REACTANCE MODULATOR 
(8) 


Fig 12.10—At A, reactance modulator using a high-transconductance MOSFET. At 
B, reactance modulator using a varactor diode. 
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Reference 
Frequency 


Fig 12.11—Simple phase-locked loop 
(PLL) where VCO is FMed directly. The 
loop filter is designed to be narrow 
enough so that the loop will lock onto 
the desired channel frequency, while 
audio frequencies will modulate the 
VCO outside the loop bandwidth. 
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Fig 12.12— At A, a phase-shifter type of 
phase modulator. At B, preemphasis 
and at C, deemphasis circuits. 


lator tank in direct FM can be used to vary 
the tuning of an amplifier tank. See Fig 
12.12A. This varies the phase of the tank 
current to create phase modulation. When 
audio shaping is used in the speech ampli- 
fier, an FM-compatible signal will be gen- 
erated by the phase modulator. The phase 
shift that occurs when a circuit is detuned 
from resonance depends on the amount of 
detuning and the Q of the circuit. The 
higher the Q, the smaller the amount of 
detuning needed to secure a given number 
of degrees of phase shift. Since reactance 
modulation of an amplifier stage results in 
simultaneous amplitude modulation, this 
must be eliminated using succeeding 
Class-C limiting stages. 


Speech Processing for FM 


Several forms of speech processing pro- 
duce worthwhile improvements in FM 
system performance. The peak amplitude 
of the audio signal applied to an FM or PM 
modulator should be limited so that trans- 
mitter cannot be driven into overdeviation. 
Peak limiting is often maintained using a 
simple audio clipper between the speech 
amplifier and modulator. An audio low- 
pass filter with a cut-off frequency be- 
tween 2.5 and 3 kHz eliminates harmonics 
produced by the clipper. Since excessive 
clipping can cause severe distortion of a 
voice signal, a more effective audio pro- 
cessor consists of a compressor followed 
by a clipper and low-pass filter. 

An audio shaping network called 
preemphasis is added to an FM transmit- 
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ter to attenuate the lower audio frequen- 
cies, spreading out the energy evenly in 
the audio band. Preemphasis applied to an 
FM transmitter gives the deviation char- 
acteristic of PM. The reverse process, 
called deemphasis, is used at the receiver 
to restore the audio to its original relative 
proportions. See Fig 12.12B and C. 


RECEPTION OF FM SIGNALS 


A block diagram of an FM receiver is 
shown in Fig 12.13B. The FM receiver 
employs a wide-bandwidth filter and an 
FM detector, and has one or more limiter 
stages between the IF amplifier and the 
FM detector. The limiter and discrimina- 
tor stages in an FM set can eliminate a 
good deal of impulse noise, except noise 
that manages to acquire a frequency- 
modulation characteristic. 

FM receivers exhibit a characteristic 
known as the capture effect when QRM is 
present. The loudest signal received, even 
if it is only two or three times stronger 
than other stations on the same frequency, 
will be the only transmission demodu- 
lated. 


Limiters 


The circuit in the FM receiver that has 
the task of chopping noise and amplitude 
modulation from an incoming signal is the 
limiter. Most types of FM detectors re- 
spond to both frequency and amplitude 
variations of the signal. Thus, the limiter 
stages preceding the detector are included 
so only the desired frequency modulation 


SPEAKER 


LIMITER) 


Fig 12.13—At A, block diagram of an AM receiver. At B, an FM receiver. Dark 
borders outline the sections that are different in the FM set. 
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Fig 12.14—At A, input wave form to a 
limiter stage shows AM and noise. At 
B, the same signal, after passing 
through two limiter stages, is devoid of 
AM components. 


FIRST LIMITER 


455 KHz 


will be demodulated. This action can be 
seen in Fig 12.14. 

For an amplifier to act as a limiter, the 
applied voltages are chosen so that the stage 
overloads predictably, even with a small 
amount of signal input. Limiting action in 
an FM receiver should start with an RF 
input of 0.2 pV or less, so a large amount of 
gain is required between the antenna termi- 
nal and the limiter stages. ICs offer simpli- 
fication of the IF system, as they pack a lot 
of gain into a single package. 

When sufficient signal arrives at the 
receiver to start limiting action, the set 
quiets—that is, the background noise dis- 
appears. The sensitivity of an FM receiver 
is rated in terms of the amount of input 
signal required to produce a given amount 
of quieting, usually 20 dB. Modern receiv- 
ers achieve 20 dB quieting with 0.15 to 
0.5 uV of input signal. 

Fig 12.15A shows a two-stage limiter 
using discrete transistors. The base bias 
on either transistor may be varied to pro- 
vide limiting at a desired level. The input- 
signal voltage required to start limiting 


SECOND LIMITER 


action is called the limiting knee. This re- 
fers to the point at which collector current 
ceases to rise with increased input signal. 
Modern ICs have limiting knees of 100 
mV for the circuit shown in Fig 12.15B, 
using the RCA CA3028A or Motorola 
MC1550G, or 200 mV for the MC1590G 


DEVIATION 
LIMITS 


А 


CARRIER ___ 


FREQUENCY 


AMPLITUDE 


4— | o + — 


Fig 12.16—The characteristic of an FM 
discriminator. 
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Fig 12.15—Typical limiter circuits using (A) transistors, (B) a differentia! IC, (C) a high-gain linear IC. 
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Fig 12.17—Typical frequency-discriminator circuit used for FM detection. T1 is a 


Miller 12-C45. 


FROM 
LIMITER 


Fig 12.18—A crystal discriminator, C1 and L1 are resonant at the IF. C2 is equal in 
value to C3. C4 corrects any circuit imbalance so equal amounts of signal are fed. 
to the detector diodes. 


of Fig 12.15C. Because high-gain ICs 
contain many active stages a single IC 
can provide superior limiting perform- 
ance compared to most discrete designs. 


Detectors 


The first FM detector to gain popularity 
was the frequency discriminator. The char- 
acteristic of such a detector is shown in 
Fig 12.16. When the FM signal has no 
modulation, and the carrier is at point 0, the 


detector has no output. When audio input 
to the FM transmitter swings the signal 
higher in frequency, the rectified output 
increases in the positive direction. When 
the frequency swings lower, the output 
amplitude increases in the negative direc- 
tion. Over a range where the discriminator 
is linear (shown as the straight portion of 
the line), the conversion of FM to AM will 
also be linear. A practical discriminator 
circuit is shown in Fig 12.17. 
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Fig 12.19—At A, block diagram of a PLL 
demodulator. At B, complete PLL 
circuit. 


Other Detector Designs 


The difficulties often encountered in 
building and aligning LC discriminators 
have inspired research that has resulted in 
a number of adjustment-free FM detector 
designs. The crystal discriminator utilizes 
a quartz resonator, shunted by an induc- 
tor, in place of the tuned-circuit secondary 
used in a discriminator transformer. A 
typical circuit is shown in Fig 12.18. 


The PLL 


The phase-locked loop (PLL) has made 
a significant impact on transmitter and 
receiver design, both for frequency gen- 
eration and for modulation/demodulation. 
It can act as an FM detector in a process 
similar to that used for direct-frequency 
modulation in a transmitter PLL. As the 
VCO tracks the frequency of an incoming 
signal, the voltage at the phase detector 
output becomes demodulated audio. See 
Fig 12.19. 
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Text (Digital) Modes 


MORSE TELEGRAPHY 
(CW) 


Telegraphy by on-off keying (OOK, or 
amplitude-shift keying ASK) of a carrier 
is the oldest radio modulation system. 
It is also known as CW (for continuous 
wave). While CW is used by amateurs and 
other communicators to mean OOK teleg- 
raphy by Morse code, parts of the elec- 
tronics industry use CW to signify an 
unmodulated carrier. 

This discussion centers on aural recep- 
tion of CW, but computers are used to send 
and receive CW as well. A table of charac- 
ters and their Morse equivalents appears 
in the References chapter. 


TRANSMITTING 


WPM vs Bauds 


The speed of Morse telegraphy is usu- 
ally expressed in WPM, rather than bauds, 
which are the common measure in other 
digital modes. The following formulas 
relate WPM to bauds: 


WPM = 2.4 x dot/s (4) 
WPM = 1.2xB (5) 
where 
WPM = telegraph speed in words per 
minute 


2.4 = a constant calculated by com- 
paring dots per second with plain 
language Morse code sending the 
word "PARIS" 

1.2 =a constant calculated by compar- 
ing the signaling rate in bauds with 
plain-language Morse code sending 
the word “PARIS” 

B = telegraph speed in bauds. 


Thus a keying speed of 25 dot/s or 
50 bauds is equal to 60 WPM. 


Rise Time vs Bandwidth 


Keying a carrier on and off produces 
double (upper and lower) sidebands corre- 
sponding to the period of the keying pulse. 
A string of dits at 50 baud will have side- 
bands at multiples of 50 Hz above and 
below the carrier. The rise time of the 
pulses affects the distribution of power 
among the sidebands. As rise time in- 
creases or pulse rate decreases, the band- 
width of the signal decreases. In addition, 
the rise time affects how our ears hear the 
signal. 

League publications have long pro- 
moted 5-ms rise and fall times for CW 
keying envelopes (see Fig 12.20). This 
shape is based on an assumed necessary 
bandwidth of 150 Hz for a 60-WPM (50- 
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Fig 12.20—Optimum CW keying waveforms. 
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Fig 12.21—Keying speed vs rise and fall times vs bandwidth for fading and 
nonfading communications circuits. For example, to optimize transmitter timing 
for 25 WPM on a nonfading circuit, draw a vertical line from the WPM axis to the 
К = 3 line. From there draw a horizontal line to the rise/fall time axis (approxi- 
mately 15 ms). Draw a vertical line from where the horizontal line crosses the 
bandwidth line and see that the bandwidth will be about 140 Hz. 
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Table 12.3 
Baudot Signaling Rates and Speeds 
Signaling Data ` Stop 
Rate Pulse Pulse Speed Common : 
(bauds) (ms) .(ms) (WPM) Name 
45.45 22.0 22.0 65.00 Western 
И Union : 
22.0 31.0 61.33 "60 speed" 
22.0 33.0 60.61 45 bauds 
50.00 20.0 30.0 66.67 European; 
| 50 bauds 
56.92 17.57 25.00 76.68 “75 speed” 
17.57. 26.36 75.89 57 bauds 
74.20 13.47 19.18 100.00 *100 speed" 
13.47 20.21 98.98 74 bauds 
` 100.0 10.00 15.00 133.33 100 bauds 


baud) pulse train and an equation relating 

necessary CW bandwidth to keying speed 

in Appendix 6 of the CCIR Radio Regula- 

tions and $2.202 of the FCC rules. The 
relationship is shown in Fig 12.21. 

K is part of the bandwidth equation. 

© Low K values produce softer keying, while 


high values sound harder. The CCIR and, 


FCC recommend K = 3 for nonfading cir- 
cuits and K = 5 for fading circuits with 
aural reception. K = 3, is the minimum 
used for comfortable aural reception, but 
K = 1 is useful for machine recognition. 
Given-a 150-Hz bandwidth, how fast 
can we communicate over a fading path? 
With an occupied bandwidth of 150 Hz 
and K - 5, Fig 12.21 yields 36 WPM. 
Therefore, 5-ms rise and^fall times are 
suitable for up to 36 WPM on fading cir- 
cuits and 60 WPM on nonfading circuits. 


RECEIVING 


For aural reception, a Morse-code OOK 
RF signal is not completely demodulated 
to its original dc pulse, because only 
thumping would be heard. Instead, the sig- 
nal is moved (by mixing) down to AF, 
usually near 700 Hz. 

- Proper reception of a Morse-code trans- 
mission requires. that the receiver band- 
width be at least that of the necessary 
bandwidth plus any frequency error. Thus, 


if you have 150-Hz receiver bandwidth, it 


would be necessary for you to carefully 
tune your receiver to receive a 150-Hz- 
bandwidth transmission. In practice, it is 
common to use 500 or 250-Hz IF filters. 
Many operators find that it is easier to 
‘distinguish between multiple signals as 
the frequency of the desired signal is low- 
ered to 500 Hz or less. Some modern trans- 
ceivers provide a CW OFFSET adjustment to 
accommodate this preference. The same 
' result can be achieved by adjusting the RIT 
control, although the audio from incom- 
ing signals will no longer match the 
sidetone with this technique. 


Those who desire a narrower bandwidth 
often use audio filters, either an op-amp 


'audio-peak filter or a low-pass switched- 


capacitor. Such filters may be part of the 
radio or added as accessories. Look in the 
Filters chapter for projects. `- -> 


BAUDOT (ITA2) 
RADIOTELETYPE 


The Baudot Code: ITA2 


One of the first data communications 
codes to receive widespread use had five 
bits (traditionally called “levels”) to 
present the alphabet, numerals, symbols 
and machine functions. In the US, we use 
International Telegraph Alphabet No. 2 
(ITA2), commonly called Baudot, as 
specified in FCC §97.309(a)(1). The code 
is defined in the ITA2 Codes table in the 
References chapter. In Great Britain, the 
almost-identical code is called Murray 
code. There are many variations in five-bit 
coded character sets, principally to accom- 
modate foreign-language alphabets. 

Five-bit codes can directly encode only 


"REST" 
CONDITION 


'MARK 
(CURRENT ON) 


SPACE 


(CURRENT OFF) bo b, b; 
н 4 : (т) (s) its} 


о 4 
(s) (m) (s) 
DATA PULSES FOR "p" 


STOP START 
PULSE PULSE 


TIME 


CHARACTER NO.1 


25 = 32 different symbols. This is insuffi- 
cientto encode 26 letters, 10 numerals and 
punctuation. This problem can be solved 
by using one or more of the codes to select 


. from multiple code-translation tables. 
. ITA2 uses a LTRS code to select a table of 


upper-case letters and a FIGS code to select 
a table of numbers, punctuation and spe- 
cial symbols. Certain symbols, such as 
carriage return, occur in both tables. Un- 
assigned ITA2 Fics codes may be used for 
the remote control of receiving printers. 
This scheme can be expanded, as shown 
by the ASCII-over-AMTOR discussion 
latter in this chapter. 

FCC rules provide that ITA2 transmis- 
sions must be sent using start-stop pulses 
as illustrated in Fig 12.22. The bits in the 
figure are arranged as they would appear 
on an oscilloscope. 


Speeds and Signaling Rates 


The signaling speeds for all forms of 
RTTY are those used by the old TTYs: 60, 
67, 75 or 100 WPM. Table 12.3 relates 
speeds, signaling rates and pulse times. In 
practice, the real speeds do not exactly 
match their names. The names have been 
rounded through years of common usage. 
The Signaling Rates table in the Refer- 
ences chapter lists names, signaling rates 
and data patterns for common RTTY 
speeds. 

There's a problem specifying signaling 
speed of RTTY because the length of the 
start and stop pulses vary from that of the 
data bits. The answer is to base the signal- 
ing speed on the shortest pulses used. The 
baud is a unit of signaling speed equal to 
one pulse (event) per second. The signal- 
ing rate, in bauds, is the reciprocal of the 
shortest pulse length. For example, the 
“Western Union," “60 speed" and “45 
bauds” speeds all signal at 1/0.022 = 45.45 
bauds. 


CHARACTER NO.2 


b3 by bo b 
(m) 


Fig 12.22—A typical Baudot timing sequence for the letter "D." 
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Transmitter Keying 


When TTYs and TUs (terminal units) 
roamed the airwaves, frequency-shift key- 
ing (FSK) was the order of the day. DC 
signals from the TU controlled some form 
of reactance (usually a capacitor or 
varactor) in a transmitter oscillator stage 
that shifted the transmitter frequency. 
Such direct FSK is still an option with 
some new radios. 


AFSK 


Multimode communications processors 
(MCPs), however, generally connect to 
the radio AF input and output, often 
through the speaker and microphone con- 
nectors, sometimes through auxiliary 
connectors. They simply feed AF tones to 
the microphone input of an SSB transmit- 
ter or transceiver. This is called AFSK for 
“audio frequency-shift keying.” When it 
is properly designed and adjusted, this 
method of modulation cannot be distin- 
guished from FSK on the air. 

When using AFSK, make certain that 
audio distortion, carrier and unwanted 
sidebands do not cause interference. 
Particularly when using the low tones dis- 
cussed later, the harmonic distortion of the 
tones should be kept to a few percent. Most 
modern AFSK generators are of the con- 
tinuous-phase (CPFSK) type. Older types 
of noncoherent-FSK (NCFSK) generators 
had no provisions for phase continuity and 
produced sharp switching transients. The 
noise from phase discontinuity caused in- 
terference several kilohertz around the 
RTTY signal. 

Also remember that equipment is with- 
standing a 100% duty cycle for the dura- 
tion of a transmission. For safe operation, 
it is often necessary to reduce the trans- 
mitter power output (25 to 50% of normal) 
from that safe for CW operation. 


What are Low Tones? 


US amateurs customarily use the same 
modems (2125 Hz mark, 2295 Hz space) 
for both VHF AFSK and HF via an SSB 
transmitter. Because of past problems 
(when 850-Hz shift was used), some ama- 
teurs use “low tones” (1275 Hz mark, 1445 
Hz space). Both high and low tones can be 
used interchangeably on the HF bands 
because only the amount of shift is impor- 
tant. The frequency difference is unno- 
ticed on the air because each operator 
tunes for best results. On VHF AFSK, 
however, the high and low tone pairs are 
not compatible. 


Transmit Frequency 


It is normal to use the lower sideband 
mode for RTTY on SSB radio equipment. 
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In order to tune to an exact RTTY fre- 
quency, remember that most SSB radio 
equipment displays the frequency of its 
(suppressed) carrier, not the frequency of 
the mark signal. Review your MCP’s 
manual to determine the tones used and 
calculate an appropriate display frequency. 
For example, to operate on 14,083 kHz with 
a 2125-Hz AFSK mark frequency, the SSB 
radio display (suppressed-carrier) fre- 
quency should be 14,083 kHz + 2.125 kHz 
= 14,085.125 kHz. 


Receiving Baudot 


Surplus Baudot-encoded teletypewrit- 
ers (TTY, sometimes called the “green 
keys”) were the mainstay of amateur 
RTTY from 1946 through around 1977. 
There are still some mechanical-TTY afi- 
cionados, but most operators use com- 
puter-based terminals. 

Some of the first popular home comput- 
ers (VIC-20, Commodore 64, Apple II) 
were adapted to read signals from “termi- 
nal units” or “TUs” required by TTYs. 
TUs translated receiver AF output into 20- 
mA current-loop signals to drive a polar 
relay ina TTY. An interface would trans- 
late the current-loop signals (or sometimes 
the receiver AF) to levels appropriate for 
the computer. Software, unique to each 
computer, would then decode the stream 
of marks and spaces into text. This tech- 
nology was convoluted in that it required 
many different interfaces and software 
packages to suit the computers in use. 
Thankfully, it was soon replaced by multi- 
mode communications processors. 

MCPs accept AF signals from aradio and 
translate them into common ASCII text or 
graphics file formats (see Fig 12.23). Be- 
cause the basic interface is via ASCII, 
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Serial Port 


КЕКЕК ЕКЕ FEE ES 
CCEEFEEFEEEFEE CU EE I GM 
Ree ree ———————t tere 
p———— 


Serial 
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Audio Input 


Ground 


MCPs are compatible with virtually any PC 
running a simple terminal program. There 
may be compatibility problems with graph- 
ics formats, but those are fairly well stan- 
dardized. Many MCPs handle CW, RTTY, 
ASCII, AMTOR, packet, fax and SSTV— 
multimode indeed! 


AFSK Demodulators 


An AFSK demodulator takes the shift- 
ing tones from the audio output of a re- 
ceiver and produces TTY keying pulses. 
FM is a common AFSK demodulation 
method. The signal is first band pass fil- 
tered to remove out-of-band interference 
and noise. It is then limited to remove 
amplitude variations. The signal is de- 
modulated in a discriminator or a PLL. The 
detector output low pass filtered to remove 
noise at frequencies above the keying rate. 
The result is fed to a circuit that deter- 
mines whether it is a mark or a space. 

AM (limiterless) detectors, when prop- 
erly designed, permit continuous copy 
even when the mark or space frequency 
fades out completely. At 170-Hz shift, 
however, the mark and space frequencies 
tend to fade at the same time. For this rea- 
son, FM and AM demodulators are com- 
parable at 170-Hz shift. 

At wider shifts (say 425 Hz and above), 
the independently fading mark and space 
can be used to achieve an in-band fre- 
quency-diversity effect if the demodula- 
toris capable of processing it. To conserve 
spectrum, it is generally desirable to stay 
with 170-Hz shift for 45-baud Baudot and 
forego the possible in-band frequency- 
diversity gain. Keep the in-band fre- 
quency-diversity gain in mind, however, 
for higher signaling rates that would 
justify greater shift. 
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Fig 12.23—A typical MCP station. MCPs can do all available data modes as well as 
SSTV and fax. 


Diversity Reception 


Another -type of diversity can be 
achieved by using two antennas, two re- 
'ceivers and a dual demodulator. This setup 


is not as far fetched as it may sound; some: 


‚ amateurs are using it with excellent re- 
sults. One of the antennas would be the 


normal station antenna for that band. The - 


Second antenna could be either another 
antenna of the same polarization located 

`- at least 3/8-wavelength away, or an an- 
tenna of the opposite polarization located 

` at the first antenna or anywhere nearby. A 
‘problem is to get both receivers on the 
same frequency without carefully tuning 
each one. Some RTTY diversity. enthu- 


siasts have located slaved receivers on 


the surplus market. ICOM produced the 
IC-7072 Transceiver Unit, which slaves 
an IC-720(A) transceiver to an IC-R70 re- 


ceiver. Other methods could include a 
computer controlling: two receivers so o that,” 


“both would track. 


. Two demodulators are needed for this 
type.of diversity. Also, some type of 


. diversity combiner or selector is needed. 


Many commercial or military RTTY 
demodulators are equipped for diversity 
reception. ј : 

The payoff for using diversity is a 
worthwhile improvement in copy. De- 
pending on fading conditions, adding 
diversity may be equivalent to raising 


transmitter power sevenfold (8 dB). : ` ` 


Baudot RTTY Bibliography 
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. named here appears in the References 


chapter Address List. 


Ford, Your RTTY/AMTOR Companion 
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GLOSSARY OF DIGITAL COMMUNICATIONS TERMINOLOGY 


ACK—Acknowledgment, the control sig-- 
nal sent to indicate the correct receipt of 
a transmission block. 

Address—A character or group of char- 

. acters that identifies a source or desti- 

` mation. | 

AFSK—Audio frequency-shift keying. 

ALOHA—A channel-access technique 

. wherein each packet-radio station trans- 
mits without first checking to see if the 
channel is free; named after early 
packet-radio experiments at the Univer- 
sity of Hawaii. 

AMICON—AMSAT International Com- 


: puter Network—Packet-radio operation - 


on SSC L1 of AMSAT-OSCAR 10 to 
. provide networking of ground stations 
' acting as gateways to terrestrial packet- 

. radio networks. 
AMRAD-—Amateur Radio Research and 
Development Corporation, a nonprofit 


. '. organization involved in packet-radio 


development. 
AMTOR—Amateur teleprinting over — 
. radio, an amateur radioteletype trans- 
- mission technique employing error cor- 
` rection as specified in several CCIR 


` documents 476-2 through 476-4 and ` 


. 625. CCIR Rec. 476-3 is reprinted in the 
Proceedings of the Third ARRL Ama-. 
teur Radio Computer Networking Con- 
ference, available from ARRL Hq. 

ANSI—American | National Standards 
Institute 

‚ Answer—The station intended to receive 

: | acall. In modem usage, the called sta- 

. tion or modem tones associated there- 
with. 


'ARQ—Automatic repeat request, an er- 


. ror-sending station, after transmitting a 
: data block, awaits a reply (ACK or 

NAK) to determine whether to repeat 
the last block or proceed to the next. 

ASCII—American National Standard 
Code for Information Interchange, a 
‘code consisting of seven information 
bits. ` 

AX.25—Amateur packet-radio link- layer 
protocol. Copies of protocol specifica- 
tion are available from ARRL Hq. . 

Backwave—An unwanted signal emitted 
between the pulses of an on/off-keyed - 
‘signal. ` 

Balanced—A relationship in which two 
stations communicate with.one another 
as equals; that is, neither is a primary 
(master) or secondary (slave). - 


_Baud—A unit of signaling speed equal to 


the number of discrete conditions or 
events per second. (If the duration of a 


pulse is 20 ms, the signaling rate is 50 ` 


bauds orthe reciprocal of 0.02, abbrevi-. 
'" ated Bd). 

Baudot code—A coded ала; set іп 
which five bits represent one character. · 
Used in the US to refer to ITA2. 

Bell 103—A 300-baud full-duplex modem 
using 200-Hz-shift FSK of tones cen- 
tered at 1170 and 2125 Hz. ` 


Bell 202—A 1200-baud modem standard ` 
with 1200-Hz mark, .2200-Hz.space, . 


used for VHF FM packet radio. 
BER—Bit error rate. 
BERT—Bit-error-rate test.. 


\ 


Bit stuffing—Insertion and deletion of 0$` 
in a frame to preclude accidental occur- | 
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Handbook, Radio Society of Great 
Britain. 

Ingram, RTTY Today, Daiversal Electron- : 
ics, Inc. 

Kretzman, The New RTTY Handbook, 
Cowan Publishing Corp. 

Nagle, “Diversity Reception: an Answer 
ло High Frequency Signal Fading,” Нат 
Radio, Nov 1979, pp 48-55. 

RTTY Journal. 

Schwartz, “An RTTY Primer," CQ maga- 
zine, Aug 1977, Nov 1977, Feb 1978, 
May 1978 and Aug 1978. 

Tucker, RTTY from A to 2, Cowan Pub- 
lishing Corp. , 


rences of flags other than at the begin- ` 
ning and end of frames. 


'Bit—Binary digit, a single symbol, in bi- 


nary terms either a one or zero. 
BLER—Block error rate. 
BLERT—Block-error-rate test. 


‚ Break-in—The ability to hear between el- - 


ements or words of a keyed signal. 


Byte—A group of bits, usually eight. 


Carrier detect (CD)—Formally, re- 
, ceived line signal detector, а physical- 
level interface signal that indicates that 
the receiver section of the modem is re- 
‘ceiving tones from the distant modem. 
CCIR Rec 476-4—The CCIR Recom- 
mendation used as the basis of AMTOR 
and incorporated by reference into the 
ЕСС Rules. 
` CCIR—International Radio Consultative - 
Committee, an International Telecom- 
‘munication Union (ITU) agency. 
CCITT—International Telegraph and 
Telephone Consultative Committee, an 
'ITU agency. CCIR and CCITT recom- 
mendations аге. available from the UN 
Bookstore. | 


"Chirp—Incidental frequency modulation 


of acarrier as aresult of oscillator insta- 
bility during keying. 

Collision—A condition that occurs when’ ` 
-two or more transmissions occur at the 
same time and cause interference to the 
intended receivers. | 

Connection—A logical communication 
channel established between peer lev- 
els of two packet-radio stations. 

Contention—A condition on a communi- 
cations channel that occurs when two or 
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more stations try to transmit at the same 
time. 

Control field—An 8-bit pattern in an 
HDLC frame containing commands or 
responses, and sequence numbers. 

CRC—Cyclic redundancy check, a math- 
ematical operation. The result of the 
CRC is sent with a transmission block. 
The receiving station uses the received 
CRC to check transmitted data integrity. 

CSMA—Carrier sense multiple access, a 
channel access arbitration scheme in 
which packet-radio stations listen on a 
channel for the presence of a carrier be- 
fore transmitting a frame. 

CTS—clear to send, a physical-level in- 
terface circuit generated by the DCE 
that, when on, indicates the DCE is ready 
to receive transmitted data (abbreviated 
CTS). 

Cut numbers—In Morse code, shorten- 
ing of codes sent for numerals. 

DARPA—Defense Advanced Research 
Projects Agency; formerly ARPA, spon- 
sors of ARPANET. 

Data set—Modem. 

Datagram—A mode of packet network- 
ing in which each packet contains com- 
plete addressing and contro! informa- 
tion. (compare virtual circuit). 

DCE—Data circuit-terminating equip- 
ment, the equipment (for example, a mo- 
dem) that provides communication be- 
tween the DTE and the line radio 
equipment. 

Destination—In packet radio, the station 
that is the intended receiver of the frame 
sent over a radio link either directly or 
via a repeater. 

Digipeater—A link-level gateway station 
capable of repeating frames. The term 
"bridge" is used in industry. 

Domain—In packet radio, the combina- 
tion of a frequency and a geographical 
service area. 

DTE—Data terminal equipment, for ex- 
ample a VDU or teleprinter. 

DXE—In AX.25, Data switching equip- 
ment, a peer (neither master nor slave) 
station in balanced mode at the link 
layer. 

EASTNET—A series of digipeaters along 
the US East Coast. 

EIA—Electronic Industries Association. 

EIA-232-C—An EIA standard physical- 
level interface between DTE (terminal) 
and DCE (modem), using 25-pin con- 
nectors. 

Envelope-delay distortion—In a com- 
plex waveform, unequal propagation de- 
lay for different frequency components. 

Equalization—Correction for amplitude- 
frequency and/or phase-frequency dis- 
tortion. 

Eye pattern—An oscilloscope display in 
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the shape of one or more eyes for ob- 
serving the shape of a serial digital 
stream and any impairments. 

FADCA—Florida Amateur Digital Com- 
munications Association. 

FCS—Frame check sequence. (See CRC.) 

FEC-— Forward error correction, an error- 
control technique in which the transmit- 
ted data is sufficiently redundant to per- 
mit the receiving station to correct some 
errors. . 

Field—In packet radio, at the link layer, a 
subdivision of a frame, consisting of one 
or more octets. 

Flag—In packet switching, a link-level 
octet (01111110) used to initiate and ter- 
minate a frame. 

Frame—lIn packet radio, a transmission 
block consisting of opening flag, ad- 
dress, control, information, frame- 
check-sequence and ending flag fields. 

FSK—Frequency-shift keying. 

Gateway—lIn packet radio, an interchange 
point. 

HDLC—High-level data link control pro- 
cedures as specified in ISO 3309. 

Host—As used in packet radio, a computer 
with applications programs accessible 
by remote stations. 

IA5—International Alphabet No. 5, a 7- 
bit coded character set, CCITT version 
of ASCII. 

Information field—Any sequence of bits 
containing the intelligence to be con- 
veyed. 

ISI—Intersymbol interference; slurring of 
one symbol into the next as a result of 
multipath propagation. 

ISO—International Organization for Stan- 
dardization. 

ITA2—International Telegraph Alphabet 
No. 2,a CCITT 5-bit coded character set 
commonly called the Baudot or Murray 
code. 

Jitter—Unwanted variations in amplitude 
or phase in a digital signal. 

Key clicks—Unwanted transients beyond 
the necessary bandwidth of a keyed ra- 
dio signal. 

LAP—Link access procedure, CCITT 
X.25 unbalanced-mode communica- 
tions. 

LAPB—Link access procedure, balanced, 
CCITT X.25 balanced-mode communi- 
cations. 

Layer—In communications protocols, one 
of the strata or levels in a reference 
model. 

Level 1—Physical layer of the OSI refer- 
ence model. 

Level 2—L ink layer of the OSI reference 
model. 

Level 3—Network layer of the OSI refer- 
ence model. 

Level 4—Transport layer of the OSI refer- 


ence model. 

Level 5—Session layer of the OSI refer- 
ence model. 

Level 6—Presentation layer of the OSI 
reference model. 

Level 7—Application layer of the OSI ref- 
erence model. 

Loopback—A test performed by connect- 
ing the output of a modulator to the input 
of a demodulator. 

LSB—Least-significant bit. 

Mode A—In AMTOR, an automatic repeat 
request (ARQ) transmission method. 
Mode B—In AMTOR, a forward error cor- 
rection (FEC) transmission method. 
Modem—Modulator-demodulator, a de- 
vice that connects between a data termi- 
nal and communication line (or radio). 

Also called data set. 

MSB—Most-significant bit. 

MSK—Frequency-shift keying where the 
shift in Hz is equal to half the signaling 
rate in bits per second. 

NAK—Negative acknowledge (opposite 
of ACK). 

NAPLPS—ANSI X3.1 10-1983 Videotex/ 
Teletext Presentation Level protocol 
syntax. 

NBDP—Narrow-band 
telegraphy. 

NEPRA—New England Packet Radio 
Association. 

Node—A point within a network, usually 
where two or more links come together, 
performing switching, routine and con- 
centrating functions. 

NRZI—Nonreturn to zero. A binary 
baseband code in which output transi- 
tions result from data Os but not from 15. 
Formal designation is NRZ-S (non- 
return-to-zero— space). 

Null modem—A device to interconnect 
two devices both wired as DCEs or 
DTEs; in EIA RS-232-C interfacing, 
back-to-back DB25 connectors with 
pin-for-pin connections except that Re- 
ceived Data (pin 3) on one connector is 
wired to Transmitted Data (pin 3) on the 
other. 

Octet—A group of eight bits. 

OOK-——On-off keying. 

Originate—The station initiating a call. 
In modem usage, the calling station or 
modem tones associated therewith. 

OSI-RM—Open Systems Interconnection 
Reference Model specified in ISO 7498 
and CCITT Rec X.200. 

Packet radio—A digital communications 
technique involving radio transmission 
of short bursts (frames) of data contain- 
ing addressing, control and error-check- 
ing information in each transmission. 

PACSAT—AMSAT packet-radio satellite 
with store-and-forward capability. 

PAD—Packet assembler/disassembler, a 


direct-printing 


device that assembles and disassembles 
packets (frames). It is connected be- 
tween a data terminal (or computer) and 
a modem in a packet-radio station (see 
also TNC). 

Parity check—Addition of noninforma- 
tion bits to data, making the number of 
ones ina group of bits always either even 
or odd. | 

PID—Protocol identifier. Used in AX.25 
to specify the network- -layer protocol 
used. 

PPRS—Pacific Packet Radio Society. 

Primary—The master station in a master- 
slave relationship; the master maintains 
control and is able to perform actions 


that the slave cannot. (Compare ѕесопа- · 


агу.) 


Protocol—A formal set of rules and pro- ` 


cedures for the exchange of information 
within a network. 
‘PSK—Phase-shift keying. | 
RAM—Random access memory. 
Router—A network packet switch. In 
packet radio, a network-level relay sta- 
tion capable of routing packets. . 
RS-232-C—See EIA-232-C. `. 
RTS—Request to send, physical-level sig- 
nal used to control the direction of data 
transmission of the local DCE. : 
RTTY—Radioteletype. 


RxD—Received data, physical-level e 


,nals generated by the DCE are sent to 
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ASCII 


The American National Standard Code 
for Information Interchange (ASCII) is a 
coded character set used for information- 
processing systems, communications sys- 


tems and related equipment. Current FCC . 


regulations provide that amateur use of 
ASCII shall conform to ASCII as defined 
in ANSI Standard X3.4-1977. Its interna- 
tional counterparts are ISO 646-1983 and 
International Alphabet No. 5 (IAS) às 
specified in CCITT Rec V.3. ` 
ASCII uses 7 bits to represent letters, 
figures, symbols and control characters. 
Unlike ITA2 (Baudot), ASCH has both 
upper- and lower-case letters. A table of 
ASCII characters is presented as “ASCII 
Character Set" in the References chapter. 
In the international counterpart code, £ 
replaces £, and the international currency 
sign & may replace $ by agreement of the 
sender and recipient. Without such agree- 


the DTE on this circuit. 


-Secondary—tThe slave іп a master-slave | 


relationship. Compare primary. 

SOFTNET—An experimental packet-ra- 
dio network at the ONENEN of 
Linkoping, Sweden. 


Source—lIn packet radio, the station trans- ' 


mitting the frame over a direct radio link 
or via a repeater. - 

SOUTHNET—A series of digipeaters 
along the US Southeast Coast. ` 

SSID—Secondary station identifier. In 

-AX.25 link-layer protocol, a. multi- 
purpose octet to identify several packet- 
radio stations operating under the same 
call sign. 

TAPR—Tucson Amateur Packet Radio 
Corporation, a nonprofit organization 
involved in packet-radio development. 

Teleport—A radio station that acts as a 
relay between terrestrial radio stations 
and a communications satellite. 

TNC—Terminal node controller, a device 
that assembles and disassembles pack- 
ets (frames); sometimes called a PAD. 

TR switch—Transmit-receive switch to 

. allow automatic selection between re- 
ceive and transmitter for one antenna. 

TTY—Teletypewriter. - 

TU—tTerminal unit, а radioteletype mo- 
dem or demodulator. 

Turnaround time—The time required to 
reverse the direction of a half-duplex 

. circuit, required by propagation, modem 


ment, neither £, X nor $ represent the cur- 
rency of any particular country. 


Parity 


. While not strictly a part of the ASCII 
standard, an-eighth bit (P) may be added 
for parity checking. FCC rules permit op- 
tional use of the parity bit. The applicable 
US and international standards (ANSI 
X3.16-1976; CCITT Rec V.4) recommend 


‘an even parity sense for asynchronous and 


odd parity sense for synchronous data 
communications. The standards, however, 
generally are not observed by hams. 


Code Extensions 

. By sacrificing parity, the eighth bit can be 
used to extend the ASCII 128-character 
code to 256 characters. Work is underway to 
produce an international standard that in- 
cludes characters for all written languages. 
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reversal and transmit-receive switching 
time of transceiver. ` 
TxD—Transmitted data, physical-level 
data signals transferred on a circuit from 
the DTE to the DCE. 
UI—Unnumbered information frame. 
V.24—A CCITT standard defining physi- 
cal-level interface circuits between a 
DTE (terminal) and DCE (modem), 
equivalent to EIA RS-232-C. 
V.28—A CCITT standard defining elec- 
trical characteristics for V.24 interface. 
VADCG—Vancouver Amateur Digital 
Communications Group. 
VDT—Video-display terminal. 
VDU—Video display unit, a device used 
to display data, usually provided with a 
keyboard for data entry. 


‚ Videotex—A presentation-layer protocol 


for two-way transmission of graphics. | 
Virtual circuit —A mode of packet net- 
working in which a logical connection 
that emulates a point-to-point circuit is 
established (compare Datagram). 
WESTNET—A series of digipeaters 
along the US West Coast. 
Window—In packet radio at the link layer, 
' the range of frame numbers within the 
control field used to set the maximum 
number of frames that the sender may 
transmit before it receives an acknowl- 
edgment from the receiver. 
X.25—CCITT packet-switching protocol. 


ASCII Serial Transmission 


Serial transmission standards for ASCII 
(ANSI X3.15 and X3.16; CCITT Rec V.4 
and X.4) specify that the bit sequence shall 
beleast-significant bit (LSB) firstto most- 
significant bit (MSB), that is bO through 
b6 (plus the parity bit, P, if used). 

Serial transmission may be either syn- 
chronous or asynchronous. In synchro- 
nous transmissions, only the information 
bits (and optional parity bit) are sent, as 
shown in Fig 12.24A. 

Asynchronous serial transmission adds. 
a start pulse and a stop pulse to each char- 
acter. The start pulse length equals that of 
an information pulse. The stop pulse may 
be one or two bits long. There is some 
variation, but one stop bit is the conven- 
tion, except for 110-baud transmissions 


with mechanical teletypewriters. 
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ASCII-over-AMTOR 


The superior weak signal performance of AMTOR, 
compared to RTTY and HF packet radio, has made it a 
popular mode for HF data networks. AMTOR BBS 
systems are popular for passing long-haul traffic. Traffic 
from VHF and UHF packet networks is converted into 
AMTOR (and more recently PACTOR and CLOVER) by 
specially equipped HF BBS stations. This system 
combines the best attributes of several different data 
transfer modes: The convenience and short-range high 
data rate of VHF/UHF packet is combined with the high 
reliability of AMTOR/PACTOR/CLOVER for long-range 
HF data transfer. 

There was a problem with AMTOR relays, however. 
The CCIR-476 and CCIR-625 AMTOR symbol set has 
no lower-case letters and lacks many punctuation 
symbols common in VHF/UHF packet radio. Therefore, 
messages routed via AMTOR can differ from the original 
in format and appearance. Differences in the header text 
of AMTOR vs packet messages can be particularly 
troublesome to automated data-transfer systems. 

In late 1991, G3PLX (Peter Martinez) and W5SMM 
(Vic Poor) devised an extended AMTOR character set 
that contains all of the printable ASCI! symbols (ASCII 
control characters are not supported). Using this 
scheme, AMTOR-delivered messages are indistinguish- 
able from those delivered via ASCII-based modes (such 
as packet radio). This "ASCII-over-AMTOR" system uses 
the generally unused “blank” character code ("00000" in 
Baudot, *1101010" in AMTOR) to toggle between the 
standard AMTOR character set and the new "Blank 
Code Extension" character set, which includes lower- 
case letters and ASCII punctuation symbols. 

When two ASCII-over-AMTOR equipped stations first 
link, both controllers are set to the standard CCIR-476/ 


CHARACTER NO. 
{CURRENT 7 ASCII BITS 
ON) 
MARK — П 


I [ 
SPACE— ! 
(CURRENT bo b, 
OFF) 


bo bz ba 05 bg p 
TIME ————— ——— —— 


SYNCHRONOUS TRANSMISSION 
(A) 


625 character set; upper-case letters are sent and the 
FIGS code (AMTOR “0110110”) switches between letters 
and numbers. When the first "blank" character is sent, 
both stations switch to the new character set. Any 
following AMTOR letter codes are assumed to be lower- 
case letters and rias codes are translated into the new 
punctuation symbol set. A second instance of the "blank" 
code switches both stations back to the standard 
AMTOR character set. The expanded ASCII-over- 
AMTOR character set is shown in the Table. 

The ASCII-over-AMTOR extended symbol set is 
supported by most commercially available AMTOR 
controllers and popular BBS software, such as APLINK 
and AMTOR MBO. The symbol set is backward compat- 
ible with stations that do not have the extended capabil- 
ity. A station that is not equipped with ASCII-over- 
AMTOR will notice very few differences when receiving 
these signals except that all letters will appear to be 
upper-case and the standard punctuation symbols will be 
printed. 

The ASCII-over-AMTOR extension is remarkably 
efficient. If no nonBaudot characters are sent, there is no 
additional overhead to the transmission. Even if the 
extended set is sent, far fewer bits are transmitted than if 
ASCII were transmitted. 

This technique, however, requires an error-correcting 
code such as AMTOR. The concept would not work with 
standard Baudot RTTY because a noise "hit" on a Blank 
character would result in printing from the wrong symbol 
set. The AMTOR error-correcting code is not infallible, 
but on-the-air use of ASCII-over-AMTOR has demon- 
strated that case-errors are very rare occurances. The 
system works well and is in daily use by AMTOR BBS 
stations throughout the world. 


ONE CHARACTER 
pe 7 ASCII BITS EZ 
MARK- | 
! | 
SPACE - ! 


bg b, ba bz ba bg bg P | 
ЅТОР 
PULSE 


START 
PULSE 


TIME. a= 
ASYNCHRONOUS TRANSMISSION 
(B) 


Fig 12.24—Typical serial synchronous and asynchronous timing for the ASCII character S. 


ASCII Data Rates 
Data-communication signaling rates 
depend largely on the medium and the 
state of the art when the equipment was 
selected. Numerous national and interna- 
tional standards that recommend different 
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data rates, are listed in Table 12.4. The 
most-used rates tend to progress in 2:1 
steps from 300 to 9600 bits/s and in 8 kbits/ 
s increments from 16 kbits/s upward (see 
Table 12.5). For Amateur Radio, serial 
ASCII transmissions data rates of 75, 110, 
150, 300, 600, 1200, 2400, 4800, 9600, 


16000, 19200 and 56000 bits/s are sug- 
gested. 


Bauds vs Bits Per Second 


The “baud” is a unit of signaling speed 
equal to one discrete condition or event 
per second. In single-channel transmis- 


ASCII-over-AMTOR 
Blank- Goge Extension Symbol Set 


Bit 
Code 
1000111 
1110010 
0011101 
1010011 
1010110 
0011011 
0110101 
1101001 
1001101 
: 0010111 
0011110 
' 1100101 
. 0111001 
.1011001 
` . 1110001 
‘0101101 
0101110 
1010101 
1001011 
1110100 
1001110 
, 0111100 
0100111 
0111010 
0101011 
1100011 
1111000 
, 1101100 
771011010 
0110110 
1011100 
1101010 


2 CR = carriage return 
.LF = line feed 

LTRS = shift to letter characters 

FIGS = shift to figure characters 

5Р = Space 


Standard CCIR-476 . 
Ltrs Figs 


eo. 


=: 
UD 
c 


< +оо guo 


N<xS<CHHDOVOZEFAC-ITOMMIOD> 
o-mwiW No 7R—OcOO- 


'"UBLNK — 


EE 


бше 


йу. 


use FIGS-J in the Blank Extension set. 


sion, such as the FCC prescribes for 
Baudot transmissions, the signaling rate 
in bauds equals the data rate in bits per 
second. However, the FCC does not limit — 
ASCII to single-channel transmission. . 
Some digital modulation systems have 
more than two (mark and space) states. In 
dibit (pronounced die-bit) modulation, 
two ASCII bits are sampled at a time. The 
four possible states for a dibit are 00, 01, 
10 and.11. In four-phase modulation, each 
state is assigned an individual phase of 0°, 
90°, 180? and 270? respectively. For dibit 


Blank Code E: ЫЕ р> 
Extension ! ў 
_ Ltrs . 


N*«x£«c—^u"^o0g0os254--x—-so0-ooocm 


BLNK = toggle between CCIR-476 and Blank Code Extension sets. 


The logic state “1” represents the Mark or "Z" condition, the higher radiated radio 


2. Certain Fias-case symbols follow CCIR-476 and соттоп European. usage, : 
differing from the “US TTY” symbols shown in the ITA2 Codes table in the Refer- _ 
ences chapter. These differences are necessary to assure international compatibil; - 


. 8. The signal "BELL" is not supported because it is generally a nuisance to 
operation of otherwise silent automated message relay stations. tf BELL is required, 


Figs 


bauds is half the informatión-transfer rate 
in bits/s. As the FCC specifies the digital 
sending speed in bauds, amateurs may 
transmit ASCII at higher information rates 


` by using digital modulation systems that 


encode more bits per signaling element. 
This technology is open for exploration by 
Amateur Radio experimenter. One such 


‘example is Clover П. 


Amateur ASCII RTTY FIN 
On April 17, 1980 the FCC first permit- 
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ted ASCII in the Amateur Radio Service. 
US amateurs have beer slow to abandon 
Baudot in favor of asynchronous serial 
ASCII. 

One cause for resistance is the reason- 


‚ ing that asynchronous ASCII has two (or 


three with a parity bit added) more bits: 


‘than asynchronous Baudot and is usually 


sent at higher speeds. Thus, it is felt that 
the greater data rates and increased band- 
width needed for ASCII would make its 
reliability less than that of Baudot. This is 
true as far as it goes, but does not exhaust 
the theoretical possibilities, which will be 


- -discusséed below. 


" On the practical side, some amateurs 
tried ASCII on the air and experienced 
poor results. In some cases, this can be 
traced to the use of modems that were 


.. optimized for 45-baud operation. At 110 


or 300 bauds, the 45-baud mark and space 
filters are too narrow. © - 
On the HF bands, speeds above 50 or 75 


7 bauds are subject to intersymbol interfer- 


ence (ISI, slurring one pulse into the next) 
from multipath propagation. Multiple 
paths can be avoided by operating at the 
maximum usable frequency (MUF), where, 
there is only one ray path. The amount of 
multipath delay varies according to oper- 


. ating frequency with respect to the MUF 


and path distance. Paths in the 600- to. 
.5000-mile range are generally less subject 
tó multipath than shorter or longer ones. 
Paths of 250 miles or less are difficult from 
a multipath standpoint. As a result, suc- 
cessful operation at the higher ASCII 
speeds depends on using thé highest fre- 


‚ quency possible as well as having suitable 


modems at both ends of the circuit. 
Returning to the theoretical comparison 


, of Baudot and ASCII, recall that the FCC 


requires asynchronous (start-stop) trans- 
mission of Baudot. This means that the 
five information pulses must be sent with 
a start pulse and à stop pulse, usually of 
1.42 times the length of the information 
pulse. Thus, an asynchronous Baudot 
transmitted character requires 7.42 units. 
In contrast, 7 bits of ASCII plus a parity 


“bit, a start and a. two- unit stop pulse has 11 


` phasé modulation, the signaling speed in - 


units. 


However, it is possible to send only the 
7 ASCII information bits synchronously 
(without start and stop pulses), making the 


number of units that must be transmitted 
(7 vs 7.42) slightly smaller for ASCII than 


for Baudot. Or, it is possible to synchro- 
nously transmit 8 bits (7 ASCII bits plus a 
parity bit) and take advantage of the error- 
detection capability of parity. Also, there 


.is nothing to prevent ASCII from being 
- sent at a lower speed such as 50 or 75 


bauds, to make it as immune to multipath 


as is 45- or 50-baud Baudot RTTY. Soitis - 
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Table 12.4 
Data Transmission Signaling-Rate Standards 
Standard Signaling Rates (bit/s) Tolerance 
CCITT 
V5 600, 1200, 2400, 4800 + 0.01% 
V.6 Preferred: 600, 1200, 2400, 3600, 4800, 7200, 9600 +0.01% 
Supplementary: 1800, 3000, 4200, 5400, 6000, 6600, 
7800, 8400, 9000, 10200, 10800 
V.21 200 = 200 bit/s 
300 (where possible) < 300 bit/s 
V.23 600 «600 bit/s 
1200 51200 bit/s 
75 (backward channel) 575 bit/s 
У.35 Ргеѓеггеа: 48000 +1 bit/s 
When necessary: 40800 +1 bit/s 
V.36 Recommended for international use: 48,000 


Certain applications: 56000, 64000, 72000 
X3 Packet assembly/disassembly speeds: 
50, 75, 100, 110, 134.5, 150, 200, 300, 600, 1200, 
1200/75, 1800, 2400, 4800, 9600, 19200, 48000, 


easy to see that ASCII can be as reliable as 
Baudot RTTY, if care is used in system 


While 45- or 50-baud RTTY circuits can 
provide reliable communications, this 
range of signaling speeds does not make 
full use of the HF medium. Speeds rang- 
ing from 75 to 1200 bauds can be achieved 
on HF with error-detection and error-cor- 
rection techniques similar to those used in 
AMTOR. Reliable transmission at higher 


56000, 64000 
ANSI 
X3.1 Serial: 75, 150, 300, 600, 1200, 2400, 4800, 
7200, 9600 
Parallel: 75, 150, 300, 600, 900, 1200 
X3.36 Above 9600 bit/s, signaling rates shall be in integral 
multiples of 8000 bit/s. 
Selected standard rates: 
16000, 56000, 1344000 and 1544000 
Recognized for international use: 48000 
EIA 
RS-269-B (Same as ANSI X3.1) 
FED STD 
-1001 (Same as ANSI X3.36) For foreign 
communications: 64000 
-1041 2400, 4800, 9600 
а 
Table 12.5 
ASCII Asynchronous Signaling Rates design. 
Bits per Data Stop 
Second Pulse Pulse CPS WPM 
(ms) (ms) 
110 9.091 18.182 10.0 100 
150 6.667 6.667 15.0 150 
300 3.333 3.333 30.0 300 
600 1.667 1.667 60.0 600 
1200 0.8333 0.8333 120 1200 
2400 0.4167 0.4167 240 2400 
4800 0.2083 0.2083 480 4800 
9600 0.1041 0.1041 960 9600 
19200 0.0520 0.0520 1920 19200 


CPS = characters per second 
1 
~ START + 7 (DATA) + PARITY + STOP 


WPM = words per minute = ors 


x 60 


= number of 5-letter-plus-space groups 
per minute 
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speeds can be accomplished by means of 
more sophisticated modes, which are de- 
scribed later in this chapter. 
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AMTOR 


RTTY circuits are plagued with prob- 
lems of fading and noise unless something 
is done to mitigate these effects. Fre- 
quency, polarization and space diversity 
are methods of providing two or more si- 
multaneous versions of the transmission 
to compare at the receiving station. An- 
other method of getting more than one 
opportunity to see a given transmission is 
time diversity. The same signal sent at 
different times will experience different 
fading and noise conditions. Time diver- 
sity is the basis of AMTOR or Amateur 
Teleprinting Over Radio. 

AMTOR always uses two forms of time 
diversity in either Mode A (ARQ, auto- 
matic repeat request) or Mode B (FEC, 
forward error correction). In Mode A, a 
repeat is sent only when requested by the 
receiving station. In Mode B, each charac- 
ter is sent twice. In both Mode A or Mode 
B, the second type of time diversity is sup- 
plied by the redundancy of the code itself. 

Since 1983, AMTOR has been part of 
the US Amateur Radio rules. The rules 
recognize several documents that define 
AMTOR, from 476-2 (1978) to CCIR Rec 
476-4 and Rec 625 (1986). Anyone inter- 
ested in the design aspects of AMTOR 
should refer to these recommendations. 
You may obtain a complete reprint of Rec 


SS ые эзы ишн See 


Table 12.6 
ссн Вес 625 Service Information Signals' 
Bit No. 

Mode A (ARQ) 654321 0 
‚Сопїго! signal 1 (CS1) 1100101 
Control signal 2 (CS2) 1101010: 
‘Control signal.3 (CS3) 1011001 
Control signal 4 (CS4): 0110101 
Control signal 5 (CS5) 1101001 
idle signaal 8 . > 0110011 
Idle signal a 0001111 
Signa! repetition (RQ) 1100110 


B 


Mode B (FEC) 


Idle signal 8 
Phasing signal 1, idle ТЕ а 
Phasing signal 2 : 


11 represents the mark condition (shown as B in CCIR recommendations), which is the 
higher emitted radio frequency for FSK, the lower audio frequency for AFSK. 

. O represents the space condition (shown as Y in CCIR recommendations). Bits are 
numbered 0 (LSB) through 6'(MSB). The order of bit transmission is LSB first, MSB 


last. 


476-3 as part of the Proceedings of the 


Third ARRL Amateur Radio Computer . 


Networking Conference, available from 
ARRL Hq. 


Overview. ' 


AMTOR is based on SITOR, a system 
devised in the Maritime Mobile Service as 
a means of improving communications 
between RTTYs using the ITA2 (Baudot) 
code. The system converts the 5-bit code 

. to a 7-bit code for transmission such that 


'there are 4 mark and 3 space bits in every. 


‘character (see-the ITA2 and AMTOR 
‘Codes table in the References chapter). 

The constant mark/space ratio limits the 

number of usable combinations to 35. 

‚ ITA2 takes up 32 of the combinations; the 

3 remaining are service information sig- 


nals—a, В and RQ in Table 12.6. The 


'table also shows several other service sig- 
nals that are borrowed from the 32 combi- 
nations that equate to ITA2. They are not 


confused with the message characters be- ' . 
cause they are sent only by the receiving. ` 


station. 


Mode B (FEC) 


When transmitting to no particular sta- 
tion (for example calling CQ, net operation 
‚ог bulletin transmissions) there is no (one) 

receiving station to request repeats. Even if 
‚опе station were selected, its ability to re- 


ceive properly may not be representative of . 


others desiring to copy the signal. 
Mode B uses a simple forward-error- 
control (FEC) technique: it sends each 
character twice. Burst errors are virtually 
eliminated by delaying the repetition for a 
. period thought to exceed the duration of 
‘most noise bursts. In AMTOR, groups of 
five characters are sent (DX) and then re- 
peated (RX). At 70 ms per character, there 
is 280 ms between the first and second 
transmissions of a character. - 


` The receiving station tests for the con- 


stant 4/3 mark/space ratio and prints опу: 


unmutilated DX or RX characters. If both 
are mutilated, an error symbol or: space 
prints. 


^. The Information Seins Station (ISS) 
‘transmitter must be capable of 100% duty- 


cycle operation for Mode B. Thus, it may 
be necessary to reduce power level to 2596 


До 50% of full rating. 


Mode A (ARQ) 
This synchronous system, transmits 


blocks of three characters from the Infor- . 


mation Sending Station (ISS) to the Infor- _ 
mation Receiving Station (IRS).- “After 
each block, the IRS either acknowledges 
correct receipt (based on the 4/3 mark/ 


: space ratio), or requests a-repeat. This 


cycle repeats as shown in Fig 12.25. 
The station that initiates the ARQ pro- 
tocol is known as the Master Station (MS). 


.. Complete ARQ Frame 
(450.ms) 


240 ms 


Transmit . 
1st 3 
characters 


^ 


Receive 
$a Window . 
Г Transmitter 
ISS 
L= Receiver 


Propagation 
Delay ` 


Г 9 
L Transmitter - 
i Transmit 
cs 


Control Detay 


Frame #2 Frame #5 
Transmit 
2nd 3 > 
characters Receive Receive 


The MS first sends the selective call of the 
called station in blocks of three charac- 
ters, listening between blocks. Four-letter 
AMTOR calls are normally derived from 
the first character and the last three letters 
of the station call sign. For example, 
W1AW’s AMTOR call would be 


.WWANW. The Slave Station (SS) recog- 


nizes its selective call and answers that it 
is ready. The MS now becomes the ISS 
and will send traffic as soon as the IRS 


` says it is ready. 


When an ISS is done sending, it can 
enable the other station to become the ISS 
by sending the three-character sequence 


` FIGSZB. A station ends the contact by send- 


ing an “end. of communication signal," 
three Idle Signal Alphas: 
‚ On the air, AMTOR Mode A signals 


' have a characteristic “chirp-chirp” sound. 


Because of the 210/240-ms on/off timing, 
Mode А can be used with some transmit- : 


. ters at full power levels. 


W1AW AMTOR Mode B transmissions 
following the Baudot and ASCII bulletins. 
A W1AW schedule appears in the Refer- 
ences chapter. 
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Fig 12.25—Typical AMTOR timing. Dark arrows indicate the signal path from the 
ISS to the IRS and vice versa. Note the propagation delays; they determine the 
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minimum and maximum communcations distances. 
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PACKET RADIO 


Data communications is telecommuni- 
cations between computers. Packet 
switching is a form of data communica- 
tions that transfers data by subdividing it 
into “packets,” and packet radio is packet 
switching using the medium of radio. This 
description was written by Steve Ford, 
WBS8IMY. 

Packet radio has its roots in the Hawai- 
ian Islands, where the University of 
Hawaii began using the mode in 1970 to 
transfer data to its remote sites dispersed 
throughout the islands. Amateur packet 
radio began in Canada after the Canadian 
Department of Communications permitted 
amateurs to use the mode in 1978. (The 
FCC permitted amateur packet radio in the 
US in 1980.) 

In the first half of the 1980s, packet ra- 
dio was the habitat of experimenters and 
those few communicators who did not 
mind communicating with a limited num- 
ber of potential fellow packet communi- 
cators. In the second half of the decade, 
packet radio "took off" as the experiment- 
ers built a network that increased the po- 
tential number of packet stations that 
could intercommunicate and thus attracted 
tens of thousands of communicators who 

` wanted to take advantage of this potential. 
Today, packet radio is one of the most 
popular modes of Amateur Radio commu- 
nications, because it is very effective. 

It provides error-free data transfer. The 
receiving station receives information ex- 
actly as the transmitting station sends it, 
so you do not waste time deciphering com- 
munication errors caused by interference 
or changes in propagation. 

It uses time efficiently, since packet 
bulletin-board systems (PBBSs) permit 
packet operators to store information for 
later retrieval by other amateurs. 

It uses the radio spectrum efficiently, 
since one radio channel may be used for 
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multiple communications simultane- 
ously or one radio channel may be used to 
interconnect a number of packet stations 
to form a "cluster" that provides for the 
distribution of information to all of the 
clustered stations. The popular DX 
PacketClusters are typical examples (see 
Fig 12.26). 

Each local channel may be connected to 
other local channels to form a network that 
affords interstate and international data 
communications. This network can be 
used by interlinked packet bulletin-board 
systems to transfer information, messages 
and third-party traffic via HF, VHF, UHF 
and satellite links. 

It uses other stations efficiently, since 
any packet-radio station can use one or 
more other packet-radio stations to relay 
data to its intended destination. 

It uses current station transmitting and 
receiving equipment efficiently, since the 
same equipment used for voice communi- 
cations may be used for packet communi- 
cations. The outlay for the additional 
equipment necessary to make your voice 
station a packet-radio station may be as 
little as $100. It also allows you to use that 
same equipment as an alternative to costly 


A^ = Individual Amateur Radio Stations 


landline data communications links for 
transferring data between computers. 


The TNC 


The terminal node controller—or 
TNC—is at the heart of every packet sta- 
tion. A TNC is actually a computer unto 
itself. It contains the AX.25 packet proto- 
col firmware along with other enhance- 
ments depending on the manufacturer. The 
TNC communicates with you through 
your computer or data terminal. It also 
allows you to communicate with other 
hams by feeding packet data to your trans- 
ceiver. 

The TNCs accepts data from a computer 
or data terminal and assembles it into 
packets (see Fig 12.27). In addition, it 
translates the digital packet data into au- 
dio tones that can be fed to a transceiver. 
The TNC also functions as a receiving 
device, translating the audio tones into 
digital data a computer or terminal can 
understand. The part of the TNC that per- 
forms this tone-translating function is 
known as a modem (see Fig 12.28) . 

If you're saying to yourself, "These 
TNCs sound a lot like telephone modems," 
you're pretty close to the truth! The first 


Fig 12.26—DX PacketClusters are networks comprised of individual nodes and 
stations with an interest in DXing and contesting. іп this example, N1BKE is 
connected to the KC8PE node. If he finds a DX station on the air, he'll post a 
notice—otherwise known as a spot—which the KC8PE node distributes to all its 
local stations. In addition, KC8PE passes the information along to the W1RM 
node. W1RM distributes the information and then passes it to the KR1S node, 
which does the same. Eventually, WS10—who is connected to the KR1S node— 
sees the spot on his screen. Depending on the size of the network, WS10 will 
receive the information within minutes after it was posted by NTBKE. 
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Fig 12.27—The functional block diagram of.a typical TNC. ' 
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_ Fig 12.28—A block diagram of a typical modem. 


\ 


‘TNCs were based on telephone modem 


designs. If you’re familiar with so-called 
smart modems, you'd find that TNCs are: 


very similar. . . 

You have plenty of TNCs to choose 
from. The amount of money you'll spend 
.depends directly on what you want to ac- 


complish. Most TNCs are designed to op- ` 


erate at 300 and 1200 bit/s, or 1200 bit/s 
‘exclusively (see Fig 12.29). There are also 
`- . TNCs dedicated to 1200 and 9600 bit/s 
‘Operation, or 9600 bit/s exclusively. Many 
of these TNCs include convenient features 
‚ such as personal packet mailboxes where 
friends can leave messages when you’re not 
at home. Some TNCs also include the abil- 
‘ity to easily disconnect the existing mo- 
dem and substitute another. This feature is 
very important if you wish to experiment 
_ at different data rates. For example, a 
1200 bit/s TNC with a modem disconnect 
header. сап be converted to a 9600 bit/s 
TNC by disconnecting the 1200 bit/s mo- 
dem and adding a 9600 bit/s modem. 

If you’re willing to spend more money, 
you can buy a complete multimode com- 
munications processor, or MCP. These 
devices not only offer packet, they also 
provide the capability to operate RTTY, 
CW, AMTOR, PACTOR, FAX and other 
modes. In other words, an MCP gives you 
just about every digital mode in one box. 


TNC Emulation and Internal TNCs 


. In the late 1980s, a software package 
‚ known as DIGICOM>64 was developed 


© x УУ 


by a group of German amateurs. 
DIGICOM>64 was designed to run on 


Commodore computers. It emulated most . 


of the functions of a 1200 bit/s packet TNC 
and a terminal, requiring only a simple 
outboard modem to act as the interface to 


"the transceiver. (The.modem can be built. 


for less than $30.) DIGICOM>64 was a 
boon to amateurs who were interested in 
packet, but who couldn't afford a full-fea- 
tured TNC. Since its introduction, it has 
become very popular among Commodore 
users. While DIGICOM>64 can't compete 
with TNCs when it comes.to features and 


` flexibility, it is more than adequate for, 


general packet operating. 


TNC-emulation systems also exist for 
IBM PCs and compatibles. One is known 


. as BayCom. Like DIGICOM>64, BayCom 


uses the PC to emulate the functions of a 
TNC/terminal while a small external mo- 
dem handles the interfacing. BayCom 


|. packages are available in kit form for 


roughly half the price of a basic TNC. 
PC owners also have the option of buy- 
ing full-featured TNCs that mount inside 
their computers. Several of these TNC 
cards are available from various manufac- 
turers. They are complete TNCs that plug 
into card slots inside the computer cabi- 
net. No TNC-to-computer cables are nec- 
essary. Connectors are provided for cables 


that attach to your transceiver. In many 
- cases, specialized software is also pro- 
" vided for extremely efficient operation. 


Transceiver Requirements 


Packet activity on the HF bands typi- 
cally takes place at 300 bit/s using com- 
mon SSB transceivers. The transmit audio 
is fed from the TNC to the microphone 


„jack or auxiliary audio input. Receive au- 


dio is obtained from the external speaker 
jack or auxiliary audio output. Tuning is 
critical for proper reception; a visual tun- 
ing indicator—available on some TNCs. 
and all MCPs—is recommended. 

These simple connections also work for 
1200 bit/s packet, which is common on the 


|. VHF bands (2 min particular). Almost any 


FM transceiver can be made to work with 
1200 bit/s packet by connecting the trans- 
mit audio to the microphone jack and tak- . 
ing the receive audio from the external 
speaker (or earphone) jack. 

At data rates beyond 1200 bit/s, trans- 
ceiver requirements become more rigid. ` 
At 9600 bit/s (the most popular data rate . 
above 1200 bit/s), the transmit audio must 
be injected at the modulator stage of the ` 
FM transceiver. Receive audio must be 


Fig 12.29—Four popular 1200 bit/s packet TNCs: (clockwise, from left to right) the 
AEA PK-88, MFJ-1270C, DRSI DPK-2 and the Kantronics KPC-3. 
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tapped at the discriminator. Most 9600 bit/ 
s operators use modified Amateur Radio 
transceivers or commercial radios. The 
Motorola Mitrek transceiver is a popular 
choice. 

In the mid '90s amateur transceiver 
manufacturers began incorporating data 
ports on some FM voice rigs. The new 
*data-ready" radios are not without prob- 
lems, however. Their IF filter and dis- 
criminator characteristics leave little room 
for error. If you're off frequency by a small 
amount, you may not be able to pass data. 
In addition, the ceramic discriminator 
coils used in some transceivers have poor 
group delay, making it impossible to tune 
them for wider bandwidths. With this in 
mind, some amateurs prefer to make the 
leap to 9600 bit/s and beyond using dedi- 
cated amateur data radios such as those 
manufactured by Tekk and Kantronics 
(see Address List in References chapter), 
among others. 

Regardless of the transceiver used, set- 
ting the proper deviation level is extremely 
critical. At 9600 bit/s, for example, opti- 
mum performance occurs when the maxi- 
mum deviation is maintained at 3 kHz. 
Deviation adjustments involve monitoring 
the transmitted signal with a deviation 
meter or service monitor. The output level 
of the TNC is adjusted until the proper 
deviation is achieved. 


Packet Networking 
Digipeaters 
A digipeater is a packet-radio station 


capable of recognizing and selectively 
repeating packet frames. An equivalent 
term used in industry is bridge. Virtually 
any TNC can be used as a single-port 
digipeater, because the digipeater function 
is included in the AX.25 Level 2 protocol 
firmware. Although the use of digipeaters 
is waning today as network nodes take 
their place, the digipeater function is 
handy when you need a relay and no node 
is available, or for on-the-air testing. 


NET/ROM 


Ron Raikes, WA8DED, and Mike 
Busch, W6IXU, developed new firmware 
for the TNC 2 (and TNC-2 clones) that 
supports Levels 3 and 4, the Network and 
Transport layers of the packet-radio net- 
work. NET/ROM replaces the TNC-2 
EPROM (that contains the TAPR TNC-2 
firmware) and converts the TNC into a 
network node controller (NNC) for use at 
wide- and medium-coverage digipeater 
sites. Since it is so easy to convert an 
off-the-shelf TNC into an NNC via the 
NET/ROM route, NET/ROM has become 
the most popular network implementa- 
tion in the packet-radio world and has 
been installed at most dedicated digi- 
peater stations, thus propelling the stan- 
dard AX.25 digipeater into packet-radio 
history. 

The NET/ROM network user no longer 
has to be concerned with the digipeater path 
required to get from one point to another. 
All you need to know is the local node of 
the station you wish to contact. NET/ROM 
knows what path is required, and if one path 


919528 
Raleigh 


Charlotte 


North 
Carolina 


Fig 12.30—In this hypothetical example, W4FXO, near Charlotte, North Carolina, 


uses the ROSE network to establish a connection to KC4ZC northwest of Richmond, 


Virginia. All that W4FXO has to do is issue a connect request that includes his local 
ROSE switch (N4APT-3) and the ROSE address of the switch nearest KC4ZC 
(804949). When the request is sent, the network takes over. In this example, the 
connection to KC4ZC is established by using a ROSE switch in Raleigh. 
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is not working or breaks down for some 
reason, NET/ROM will switch to an alter- 
native path, if one exists. You can be as- 
sured that NET/ROM is on top of things, 
because each NET/ROM node automati- 
cally updates its node list periodically, and 
whenever a new node comes on the air, the 
other NET/ROM nodes become aware of 
the new node’s existence. In addition to 
automatic route updating, routing informa- 
tion may also be updated manually by 
means of a terminal keyboard or remotely 
using a packet-radio connection. 

Once you are connected to another sta- 
tion via the NET/ROM network, most of 
your packets get through because node-to- 
node packet acknowledgment is used 
rather than end-to-end acknowledgment. 
Besides offering node-to-node acknowl- 
edgment, NET/ROM also allows you to 
build cross-frequency or cross-band 
multiport nodes. This is done by installing 
NET/ROM in two TNCs and connecting 
their serial ports together. In addition to 
providing these sophisticated NNC func- 
tions, NET/ROM also provides the stan- 
dard AX.25 digipeater function. 


ROSE 


Several years ago, the Radio Amateur 
Telecommunications Society (RATS) de- 
veloped a networking protocol known as 
RATS Open System Environment, or 
ROSE. Like networks based on NET/ROM 
nodes, the objective of ROSE is to let the 
network do the work when you’re trying 
to connect to another station. 

Using a ROSE network is similar to 
using the telephone. ROSE nodes are fre- 
quently referred to as switches, and each 
switch has its own address based on the 
telephone area code and the first 3 digits 
of the local exchange. A ROSE switch in 
one area of Connecticut, for example, may 
have an address of 203555. 203 is the area 
code and 555 is the local telephone ex- 
change. The ROSE network uses this ad- 
dressing system to create reliable routes 
for packets (see Fig 12.30). 

Unless you wish to set up a ROSE 
switch of your own, you won't need spe- 
cial'equipment or software to use the net- 
work. You can access a ROSE network 
today if a switch is available in your area. 
All you need to know is the call sign of 
your local switch and the ROSE address of 
the switch nearest to any stations to want 
to contact. 

ROSE networks are appearing in many 
areas of the country. They are especially 
popular in the southeast and midAtlantic 
states. ROSE addresses and system maps 
are available from RATS (see References 
chapter Address List). Send a business- 
sized SASE with your request. 


TexNet 
TexNet is a high speed, centralized 


packet networking system developed by : 


: the Texas Packet Radio Society (TPRS). 
Designed for local and regional use, 


TexNet provides AX.25-compatible ас- 


cess on the 2-m band at 1200 bit/s. This 
allows packeteers to use TexNet without 


investing in additional equipment or soft- . 


ware. The node-to-node backbones oper- 
ate in the 70-cm band with data moving 
through the network at 9600 bit/s. Tele- 
phone links are also used to bridge some 
gaps in the system. 

The network offers a number of services 
to its users. Two conference levels are 
` available by simply connecting to the 
proper node according to its SSID. By 
connecting to W5YR-2, for example, 
you'll join the first conference level. Con- 
necting to WSYR-3 places you in the sec- 
ond level. When you connect to a confer- 
'ence, you can chat with anyone else on the 
network in roundtable fashion. | 

Every TexNet network is served by a 
single PBBS. By using only one PBBS, 
the network isn’t bogged down with con- 
stant mail forwarding. Even if you’ re some 
distance from the PBBS, with the speed 
and efficiency of TexNet you'll hardly 
notice the delay. 


TCP/IP 


If you're an active packeteer, sooner or . 


later someone will bring up the subject of 

- TCP/IP— Transmission Control Protocol/ 
Internet Protocol. Of а] the packet net- 
working alternatives discussed so far, 
TCP/IP is the most popular. In fact, many 
packeteers believe that TCP/IP may some- 
day become the standard for amateur 
packet radio. 

Despite its name, TCP/IP is more than 
two protocols; it's actually a set of several 
protocols. Together they provide a high 
level of flexible, "intelligent" packet net- 
working. Atthe time of this writing, TCP/ 
IP networks are local and regional in na- 
ture. For long-distance mail handling, ` 
TCP/IP still relies on traditional AX.25 
NET/ROM networks. Even so, TCP/IP 
enthusiasts see a future when the entire 
nation, and perhaps the world, will be 
linked by high-speed TCP/IP systems 
using terrestrial microwave and satellites. 

Maintaining a packet connection on a 
'NET/ROM network can be a difficult 
proposition—especially if the station is: 
distant. You can only hope that all the: 
nodes in the path are ableto relay the pack- 

ets back and forth. If the one of the nodes 
becomes unusually busy, your link to the 
' other station could collapse. Even when 
the path is maintained, your packets are in 
direct competition with all the other pack- 


ets on the network. With randomly calcu- 
lated transmission delays, collisions are 
inevitable. As a result, the network bogs 
down, slowing data throughput for SETS 
one. 

TCP/IP has a unique solution for busy 
networks. Rather than transmitting pack- 
ets at randomly determined intervals, 
TCP/IP stations automatically adapt to 
network delays as they occur. As network 
throughput slows down, active TCP/IP 
stations sense the change and lengthen 
their transmission delays accordingly. As 
the network speeds up, the TCP/IP stations 
shorten their delays to match the pace. 
This kind of intelligent network sharing 
virtually guarantees that all packets will 
reach their destinations with the greatest 
efficiency the network can provide. 

With TCP/IP's adaptive networking 
scheme, you can chat using the telnet pro- 
tocol with a ham in a distant city and rest 
assured that you're not overburdening the 
system. Your packets simply join the con- 
stantly moving "freeway" of data. They 
might slow down in heavy traffic, but they 
will reach their destination eventually. 
(This adaptive system is used for all TCP/ 
IP packets, no matter what they contain.) 

TCP/IP excels when it comes to trans- 
ferring files from one station to another. 
By using the TCP/IP file transfer protocol 


- (ftp), you can connect to another station 


and transfer computer files—including 

software. As you can probably guess, 

transferring large files can take time. With 

TCP/IP, however, you can still send and 

receive mail (using the SMTP protocol) or 

talk to another ham while the transfer i is 
^ taking place. 

When you attempt to contact another 
station using TCP/IP, all network routing 
is performed automatically according to 
.the TCP/IP address of the station you're 
trying to reach. In fact, TCP/IP networks 
are transparent to the average user. 

On conventional NET/ROM networks, ac- 
cess to backbone links is restricted. This isn't 
true on TCP/IP. Not only are you allowed to 
use the backbones, you're actually encour- 
aged to do so. If you have the necessary 
equipment to communicate at the proper fre- 


quencies and data ratés, you can tap into the. 


high-speed TCP/IP backbones directly. By 


doing so, you'll be able to handle data at much | 


higher rates. This benefits you. and everyone 
else on the network. 

To operate TCP/IP, all you need is a 
computer (it must be a computer, not a 
terminal), a 2-m FM transceiver and a 
TNC with KISS capability. As you might 
guess, the heart of your TCP/IP setup is 
software. The TCP/IP software set was 
written by Phil Karn, KA9Q, and i is called 
NOSNET or just NOS. ` 


Modulation Sources (What and How We Communicate) 


There are dozens of NOS derivatives 
available today. All are based on the origi- 
nal NOSNET. The programs are available 
primarily for IBM-PCs and compatibles 
and Macintoshes. You can obtain NOS 
software from on-line sources such as the 
CompuServe HAMNET forum libraries, 
Internet ftp sites, Amateur Radio-oriented 


` BBSs and elsewhere. NOS takes care of all 


TCP/IP functions, using your "KISSable" 
TNC to communicate with the outside 
world. The only other item you need is 
your own IP address. Individual IP 
Address Coordinators assign addresses to 
new TCP/IP users. 


N 


 PACTOR 


PACTOR (PT) is an HF radio transmis- 
sion system developed by German ama- 
teurs Hans-Peter Helfert, DL6MAA, and 
Ulrich Strate, DF4KV. It combines the 
best of AMTOR and packet to make a 
system that is superior to both. This 


description was adapted from PACTOR 


specifications by the Handbook Editor. 
PACTOR is much faster than AMTOR, 
yet improves on AMTOR's error-correc- 
tion scheme. It performs well under both 
weak-signal and high-noise conditions. 
PACTOR/AMTOR BBS stations operat- 
ing in the US and other countries are used 
by amateurs all over the world. The BBSs 
respond automatically to both PACTOR 


and AMTOR calls. PACTOR carries bi- 


nary data, so it can transfer binary files, 
ASCII and other symbol sets. 
Packet-radio style CRCs (two per 


‘packet, 16 bits each) and “ARQ Memory" 


enable the PT system to reconstruct defec- 
tive packets by overlaying good and dam- 
aged data from different transmissions, 
which reduces repeats and transmission 
time. PT’s overhead is much less than that 
of AMTOR. PACTOR uses complete call 
signs for addressing. The mark/space con- 
vention is unnecessary and frequency- 
shift independent. 


Transmission Formats 
Information Blocks 


All packets have the basic structure 
shown in Fig 12.31, and their timing is as 
shown in Table 12.7: 1 

Header: contains a fixed bit pattern to 
simplify repeat requests, synchronization 
and monitoring. The header is also impor- 
tant for the Memory ARQ function. In 
each packet carrying new information the 
bit pattern is inverted. 

Data: any binary information. The for- 
mat is specified in the status word. Cur- 
rent choices are 8-bit ASCH or 7-bit ASCII 
(with Huffman encoding). Characters are 
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Н: Header 
S: Status 


Fig 12.31—PACTOR data packet format. 


21 
С: CRC 


Information 


ee 


Table 12.7 
PACTOR Timing 
Object 

Packet 

CS receive time 


Control signals 
Propagation delay 


Length (seconds) 


0.29 


0.17 


0.96 (200 bd: 192 bits; 100 bd: 96 bits) 


0.12 (12 bits at 10 ms each) 


PREMIUM... o A. || d 


Cycle 1.25 
Table 12.8 

PACTOR Status Word 
Bit Meaning 

0 Packet count (LSB) 
1 Packet count (MSB) 
2 Data format (LSB) 
3 Data format (MSB) 
4 Not defined 

5 Not defined 

6 Break-in request 

7 QRT request 


Data Format Bits 


Format bit 3 bit 2 
ASCII 8 bit 0 0 
Huffman code 0 1 
Not defined 1 0 
Not defined 1 1 


Bits 0 and 1 are used as a packet count; 
successive packets with the same value are 
identified by the receiver as repeat packets. 
A modulus-4 count helps with unrecognized 
control signals, which are unlikely in 
practice. 


not broken across packets. ASCII RS (hex 
1E) is used as an IDLE character in both 
formats. 

Status word: see Table 12.8 

CRC: The CRC is calculated according 
to the CCITT standard, for the data, status 
and CRC. 


Acknowledgment Signals 


The PACTOR acknowledgment signals 
are similar to those used in AMTOR, ex- 
cept for CS4 (see Table 12.9). Each of the 
signals is 12 bits long. The characters dif- 
fer in pairs in 8 bits (Hamming offset) so 
that the chance of confusion is reduced. 
(One of the most common causes of errors 
in AMTOR is the small CS Hamming off- 
set of 4 bits.) 

If the CS is not correctly received, the 
TX reacts by repeating the last packet. The 
request status can be uniquely recognized 
by the 2-bit packet number so that wasteful 
transmissions of pure RQ blocks are 
unnecessary. 


———M———————————————7 


Break-in (forms header of first packet from RX to TX) 


Table 12.9 
PACTOR Control Signals 
Code Chars Function 
(hex) 
CS1 4D5 Normal acknowledge 
CS2 AB2 Normal acknowledge 
CS3 34B 
CS4 D2C Speed change request 


All control signals are sent only from RX to TX. 


ЕЕЕ 
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Table 12.10 
PACTOR Initial Contact 
Master Initiating Contact 


Size (bytes) 1 8 8 

Content /Header/SLAVECAL/SLAVECAL/ 

Speed 100 100 200 
(bauds) 


Slave Response 

The receiving station detects a call, 
determines mark/space polarity, decodes 
100-bd and 200-bd call signs. It uses the 
two call signs to determine if it is being 
called and the quality of the communica- 
tion path. The possible responses are: 


First call sign does not match slave’s 


(Master not calling this slave) none 
Only first call sign matches slave’s 
(Master calling this slave, poor 
communications) С51 


First and second call signs both match 
the slaves (good circuit, request speed 
change to 200 bd) CS4 


Timing 

The receiver pause between two blocks 
is 0.29 s. After deducting the CS lengths, 
0.17 s remain (just as in AMTOR) for 
switching and propagation delays so that 
there is adequate reserve for DX operation. 


Contact Flow 


Listening 


In the listen mode, the receiver scans any 
received packets for a CRC match. This 
method uses a lot of computer processing 
resources, but it's flexible. 


со 

А station seeking contacts transmits CQ 
packets in a FEC mode, without pauses for 
acknowledgment between packets. The 
transmit time length number of repetitions 
and speed are the transmit operator’s 
choice. (This mode is also suitable for 
bulletins and other group traffic.) Once a 
listening station has copied the call, the 
listener assumes the TX station role and 
initiates a contact. Thus, the station send- 
ing CQ initially takes the RX station role. 
The contact begins as shown in Table 
12.10 


Speed Changes 


With good conditions, PT’s normal sig- 
naling rate is 200 baud (for a 600-Hz band- 
width), but the system automatically 
changes from 200 to 100 baud and back, as 
conditions demand. In addition, Huffman 
coding can further increase the throughput 
by a factor of 1.7. There is no loss of syn- 
chronization speed changes; only one 


packet is repeated. 

When the RX receives a bad 200-baud 
packet, it can acknowledge with CS4. TX 
immediately assembles the previous packet 
in 100-baud format and sends it. Thus, one 
packet is repeated in a change from 200 to 
100 baud. 

The RX can acknowledge a good 
100-baud packet with CS4. TX immedi- 
ately switches to 200 baud and sends the 


PACTOR II 


This new protocol is a significant 
improvement over PACTOR; yet it is fully 
compatible with the older mode. Invented 
in Germany, PACTOR uses 16PSK to 
transfer up to 800 bits/s at a 100-baud rate. 
This keeps the bandwidth less than 500 
Hz. Users believe that PACTOR II is faster 
and more robust than CLOVER. 

PACTOR II uses a DSP with Nyquist 
waveforms, Huffman and Markov com- 
pression, and powerful Viterbi decoding 
to increase transfer rate and'sensitivity 
into the noise level: The effective transfer 
rate of text is over 1200 bits/s. Features of 
PACTOR II include: 

* Frequency agility—It can automati- 
cally adjust orlock two signalstogether 

-over a +100-Hz window. 


G-TOR 

This brief description has been adapted 
from “A Hybrid ARQ Protocol for Narrow 
Bandwidth HF Data Communication” by 
Glenn Prescott, WB@SKX, Phil Anderson, 


WØXI, Mike Huslig, KBONYK, and Karl. 
Medcalf, WK5M (May 1994 QEX, pp 12- . 


19). 

G-TOR is short for Golay-TOR, an in- 
novation of Kantronics, Inc. It's a new HF 
digital-communication mode for the Ama- 
teur Service. G-TOR was inspired by HF 
Automatic Link Establishment (ALE) 
concepts and is structured to be compat- 
ible with ALE systems when they become 
available. 

The purpose of the G-TOR protocol is 
to provide an improved digital radio com- 
munication capability for the HF bands. 
The key features of G- TOR are: 

• Standard FSK tone. pairs (mark and 
space) 

* Link-quality-based signaling rate: 300, 
200 or 100 baud 

e 2.4-s transmission cycle 

* Low overhead within data frames 

* Huffman data compression—two 
types, on demand 

* Embedded run-length data compres- 
sion 

* Golay.forward-error-correction coding 


next packet. There is no packet repeat in an 
upward speed change. 


Change of Direction 


The RX station can become the TX 


station by sending a special change-over 
packet in response to a valid packet. RX 
sends CS3 as the first section of the 
changeover packet. This. immediately 
changes the TX station to RX mode to read 


* Powerful data reconstruction based 
.upon computer power—with over 
2 MB of available memory. 

* Cross coirelation—applies analog 
Memory ARQ to acknowledgment 
frames and headers. 

* Soft decision making—Uses artificial 
intelligence (AI) as well as digital in- 


formation received to determine frame. 


validity. 
* Extendéd data block length—When 
transferring large files under good con- 
` ditions, the data length is doubled to 
increase the transfer rate. 


` e Automatic recognition of PACTOR I, 


PACTOR II and so on, With automatic 
mode switching. 


ʻe Full-frame data interleaving 


* CRCerror detection with hybrid ARQ 
* Error-tolerant “Fuzzy” acknowledg- 
ments 

The primary benefit of these innova- 
tions is increased throughput—that is, 
more bits communicated in less time. This 
is achieved because the advanced process- 
ing features of G- TOR provide increased 
resistance to interference and noise and 
greatly.reduce multipath-induced data er- 
rors. 

The G-TOR protocol is straightfor- 
ward and relatively easy to implement on 
existing multimode TNCs. (In early 
1995, G-TOR is available in the 


. Kantronics KAM Plus only. G-TOR 
equipped MFJ 1278s should Be available 


later in 1995.) 


Propagation Problems 

The miserable propagation conditions 
characteristic of the HF bands make effec- 
tive data communication a nightmare. 
Received signals are often weak and sub- 
ject to multipath ‘fading; ever-present 
interference can impair reception. With 
digital communication, the human brain 
cannothelp interpret the signal. Therefore, 
we need to incorporate great ingenuity into 
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z 


the data in that packet and responds with 
CS1 and CS3 (acknowledge) or CS2 eN: 


End of Contact 


PACTOR provides a sure end-of-contact 
procedure. TX initiates the end of contact by 
sending a special packet with the QRT bit set 
in the status word and the call of the RX 
station in byte-reverse order at 100 baud. 
The RX station responds with a final CS. 


e Intermodulation products are canceled 
by the coding system. 

* Two long-path modes extend frame 
timing for long-path terrestrial and 
satellite propagation paths. 

This is a fast, robust mode—possibly the 
most powerful in the ham bands. It has 
excellent coding gain as well. It can also 
communicate with all earlier PACTOR I 
systems. Like packet and AMTOR sta- 
tions, PACTOR II stations acknowledge 
each received data block. Unlike those 
modes, PACTOR JI employs computer 
logic as well as received data to reassemble 
defective data blocks into good frames. 
This reduces the number of transmissions 
and increases the throughput of the data. 


the receiving system. G-TOR uses mod- 
ern communication signal processing to 
help us transmit error-free data via the 
inherently poor HF communication 
medium: 

Worldwide HF communication. may 
experience interference, multipath fading, 
random and burst noise. For data commu- 
nication over the HF bands, three factors 
dominate: available bandwidth, signaling 


‘rate and the dynamic time behavior of the 


channel. 


.. and Answers . 


. Transmission bandwidths of 500 Hz or 
less minimize the effects of multipath 
propagation and man-made interference. 
G-TOR transmits at 300 baud or less, with 
maximum separation of 200 Hz, for a 
bandwidth just slightly greater than 
500 Hz. 

The FCC does not currently permit sym- 


bol rates greater than 300 symbols per `` 


second (baud) on most HF bands. This is a . 
reasonable limit because multipath propa- 
gation can become a serious problem with 
faster rates. 

The HF channel has a characteristic 
dynamic time behavior: Conditions can 
change significantly in a few seconds. This 
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indicates an optimum data-transmission 
length (usually 1 s or less). G-TOR trans- 
missions are nearly 2 s long because the 
signal-processing techniques can over- 
come some propagation change. 


The G-TOR Protocol 


Since one of the objectives of this pro- 
tocol is ease of implementation in existing 
TNCs, the modulation format consists of 
standard tone pairs (FSK), operating at 
300, 200 or 100 baud, depending upon 
channel conditions. (G-TOR initiates con- 
tacts and sends ACKs only at 100 baud.) 
FSK was chosen for economy and simplic- 
ity, but primarily because many hams al- 
ready have FSK equipment. 

The G-TOR waveform consists of two 
phase-continuous tones (BFSK) spaced 
200 Hz apart (mark = 1600 Hz, space = 
1800 Hz); however, the system can still 
operate at the familiar 170-Hz shift (mark 
= 2125 Hz, space = 2295 Hz), or with any 
other convenient tone pairs. The optimum 
spacing for 300-baud transmission is 
300 Hz, but we trade some performance 
for a narrower bandwidth. 

Each transmission consists of a syn- 
chronous ARQ 1.92-s frame and a 0.48-s 
interval for propagation and ACK trans- 
missions (2.4 s cycle). All advanced pro- 
tocol features are implemented in the sig- 
nal-processing software. 

Synchronous operation increases the 
system throughput during multipath fad- 
ing and keeps overhead to a minimum. 
Synchronization is performed using the 
received data and precise timing. 


Frame Structures 


Data Frames—The basic G- TOR frame 
structure (see Fig 12.32) uses multiple 
24-bit (triple-byte) words for compatibil- 
ity with the Golay encoder. Data frames 
are composed of 72 (300 baud), 48 (200 
baud) or 24 (100 baud) data bytes, depend- 
ing upon channel conditions. 
A Single byte before the CRC carries 
command and status information: 
status bits 7 and 6: Command 
00 - data 
01 - turnaround request 
10 - disconnect 
11 - connect 

status bits 5 and 4: Unused 
00 - reserved 

status bits 3 and 2: Compression 
00 - none 
01 - Huffman (A) 
10 - Huffman (B) 
11 - reserved 

status bits 1 and 0: Frame no. ID 

The error-detection code transmitted 
with each frame is a 2-byte cyclic redun- 
dancy check (CRC) code—the same used 
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in AX.25. A CRC calculation determines 
if error correction is needed, and another 
tests the result. 

The connect and disconnect frames are 
essentially identical in structure to the data 
frame and contain the call signs of both 
stations. 

ACK Frames—G-TOR ACK frames 
are not interleaved and do not contain 
error-correction (parity) bits. There are 
five different ACK frames: 

* Frame received correctly (send next 
data frame) 

Frame error detected (please repeat) 
Speed-up 

Speed-down 

Changeover 

The ACK codes are composed of mul- 
tiple cyclic shifts of a single 15-bit pseu- 
dorandom noise (PN) sequence (plus an 
extra 0 bit to fill 16 bits). PN sequences 
have powerful properties that facilitate 
identification of the appropriate ACK 
code, even in the presence of noise and 
interference. We refer to this concept as a 
"fuzzy" ACK, in that it tolerates 3 bit er- 
rors within a received ACK frame. 

Change-over frames are essentially 
data frames in which the first 16 bits of 
data is the ACK changeover PN code. 


Data Compression 


Data compression is used to remove 
redundancy from source data. Therefore, 
fewer bits are needed to convey any given 
message. This increases data throughput 
and decreases transmission time—-valu- 
able features for HF. G-TOR uses run- 
length coding and two types of Huffman 
coding during normal text transmissions. 
Run-length coding is used when more than 
two repetitions of an 8-bit character are 
sent. It provides an especially large sav- 
ings in total transmission time when re- 
peated characters are being transferred. 

The Huffman code works best when the 
statistics of the data are known. G-TOR 
applies Huffman A coding with the upper- 


and lower-case character set, and Huffman 
B coding with upper-case-only text. 
Either type of Huffman code reduces the 
average number of bits sent per character. 
In some situations, however, there is no 
benefit from Huffman coding. The encod- 
ing process is then disabled. This decision 
is made on a frame-by-frame basis by the 
information-sending station. 


Golay Coding 


The real power of G-TOR resides in the 
properties of the (24,12) extended Golay 
error-correcting code, which permits cor- 
rection of up to three random errors in 
three received bytes. The (24,12) extended 
Golay code is a half-rate error-correcting 
code: Each 12 data bits are translated into 
an additional 12 parity bits (24 bits total). 
Further, the code can be implemented to 
produce separate input-data and parity-bit 
frames. 

The extended Golay code is used for 
G-TOR because the encoder and decoder 
are simple to implement in software. Also, 
Golay code has mathematical properties 
that make it an ideal choice for short-cycle 
synchronous communication: 

* Therare property of self-duality makes 
the code “invertible”; that is, the origi- 
nal data can be recovered by simply 
recoding the parity bits. 

* Because of the linear block code struc- 
ture of the Golay code, the encoder and 
decoder can be implemented using a 
simple table look-up procedure. An al- 
ternative decoder implementation uses 
the well-known Kasami decoding al- 
gorithm, which requires far less 
memory than the look-up table. 

Error-correction coding inserts some re- 
dundancy into each (triple-byte) word so that 
errors occurring in the receiving process can 
be corrected. However, most error-correct- 
ing codes are effective at correcting only 
random errors. Burst errors from lightning 
or interference exceed the capabilities of 
most error-correcting codes. 


Next Frame 


Status (8-bits) 


Ack (16-bits) 
CRC (16-bits) 


Fig 12.32—G-TOR ARQ system timing and frame structure before interleaving. 
The data portion may be 69 (300 baud), 45 (200 baud) or 21 (100 baud) bytes 


depending on the channel quality. 


_ Interleaving 


The conventional solution is called “in- 
terleaving.” Interleaving (the very last 
Operation performed before transmission 
and first performed upon reception) re- 
arranges the bit order to randomize the 
effects of long error bursts. — 

The interleaving process reads 12-bit 


words into registers by columns and reads . 


48-bit words out by rows; see Fig 12.33. The 
deinterleaver simply performs the inverse, 
reading the received data bits into the regis- 
ters by row and extracting the original data 
sequence by reading the columns. If a long 
‘burst of errors occurs—say, 12 bits in 
length—the errors will be distributed into 


48 separate 12-bit words before error cor- ` 


rection is applied, thus effectively nullify- 
ing the long burst. Both data and parity 
frames are completely interleaved. 


Hybrid ARQ 


G-TOR combines error detection and 
forward error correction with ARQ. Hy- 
brid-ARQ uses a CRC to check for errors 
' in every frame. Only when errors are 
found; does G-TOR use forward error cor- 
rection (a relatively slow process) to re- 
cover the data. | 

The half-rate invertible Golay code pro- 
vides an interesting dimension to the hy- 
brid-ARQ procedure. With separate data 
and parity frames, both of which can sup- 


.ply the complete data, G-TOR frames al- . 


CLOVER-II 


The desire to send data via HF radio at 
high data rates and the problems encoun-, 
tered when using AX.25 packet radio on 
HF radio led Ray Petit, W7GHM, to de- 
velop a unique modulation waveform and 
data transfer protocol that is now called 
“CLOVER-II.” Bill Henry, KOGWT, sup- 
plied this description of the Clover-II sys- 
tem. CLOVER modulation is character- 
ized by the following key parameters: : 
* Very low base symbol rate: 31.25 sym- 

bols/second (all modes). ' 

* Time-sequence of amplitude-shaped 
pulses to provide a very narrow fre- 
quency spectra. Occupied bandwidth = 
500 Hz at 50 dB below peak output 
level. А : 

* Differential modulation between pulses. 


ternate between data and parity frames. . 

When the receiver detects an error and 
requests a retransmission, the sending sta- 
tion sends the complementary portion of 
the frame (data or parity). 

When the complementary frame arrives, 
it is processed and checked for errors. If it 
checks, the data is accepted and a new 
frame is requested. If it fails the CRC 
check, the two frames are combined, cor- 
rected and checked. ae 

Using this scheme, two transmissions 
provide three independent chances to cor- 
rect any errors. If this process still fails, a 
retransmission is requested. 


G-TOR Performance _ | 
Initial testing with G-TOR was con- 
ducted during January 1994, between 
Lawrence, Kansas, and Laguna Niguel, 
California. During these tests, TRACE 
was sèt ON at each station, enabling the 
raw data display of frames received with 
and without the aid of forward error cor- 
rection and interleaving. The results were 
somewhat surprising. While PACTOR of- 
ten dropped in transmission speed from 
200 to 100 bauds, G-TOR nearly always 
operated at 300 bauds. Enough frames 
were corrected to keep the system running 
at maximum speed, regardless of man- 
made interference and mild multipath con- 
ditions. Transfer duration for the entire 
test files varied from 12 to 27 minutes for 
PACTOR, bit only 5.5 to 7.5 minutes for 


* Multilevel modulation. À 

The low base symbol rate is very resis- 
tant to multipath distortion because the 
time between modulation transitions is 
much longer than even the worst-case 
time-smearing caused by summing of 
multipath signals. By using a time- 
sequence of tone pulses, ` Dolph- 
Chebychev “windowing” of the modulat- 
ing signal and differential modulation, the’ 


total occupied bandwidth of a. CLOVER- ` 


II signal is held to 500 Hz. 


The CLOVER Waveform | 

Multilevel tone, phase and amplitude 
modulation give CLOVER a large selec- 
tion of data modes that may be used (see 


Table 12.11). The adaptive ARQ mode of - 
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48-bit Register 


Read out 48-bit interleaved words 


Fig 12.33—Interleaving the bits to be 
transmitted. 


all but one G-TOR transfer. G-TOR sim- 
ply maintained its highest pace better than 
PACTOR, resulting in a substantial in- 
crease in average throughput. 

On-air tests have shown G-TOR to have 
the ability to “hang in there” when chan- 
nel conditions get tough. The time re- 
quired to send a given binary file tends to 
be much less for G-TOR than for 
PACTOR. 

This protocol should continue to be 
valuable when DSP-based TNCs become 
widely available. G-TOR has the essential 
characteristics to be a useful protocol for 
years to come. | 


CLOVER senses current ionosphere 
conditions and automatically adjusts the 
modulation mode to produce maximum 


‚ data throughput. When using the “Fast” 


bias setting, ARQ throughput automati- 
cally varies from 11.6 bytes/s (1.7 times 


. AMTOR) to 70 bytes/s (10.5 times 


AMTOR). Ged 

The CLOVER-II waveform uses four 
tone pulses that are spaced in frequency by 
125 Hz. The time and frequency domain 
characteristics of CLOVER modulation 
are shown in Figs 12.34, 12.35 and 12.36. 
The time-domain shape of each tone pulse 
is intentionally shaped to produce a very 
compact frequency spectra. The four tone 
pulses are spaced in time and then com- 
bined to produce the composite output 
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Table 12.11 
CLOVER-II Modulation Modes 


As presently implemented, CLOVER-II supports a total of 7 different modulation formats: 
5 using PSM and 2 using a combination of PSM and ASM (Amplitude Shift Modulation). 


Name Description 

16P4A 16 PSM, 4-ASM 

16PSM 16 PSM 

8P2A 8 PSM, 2-ASM 

8PSM 8 PSM 

QPSM 4 PSM 

BPSM Binary PSM 

2DPSM 2-Channel Diversity BPSM 


Pulse 2 
2187.5 Hz 
Clover 
Tone- Pulse 
Sequence 
Fc = 2250 Hz Pulse 3 
2312.5 Hz 


Composite 
Amplitude 
vs Time 


In-Block 
Data Rate 
750 bps 
500 bps 
500 bps 
375 bps 
250 bps 
125 bps 
62.5 bps 


Tone- Pulse 


shown. Unlike other modulation schemes, 
the CLOVER modulation spectra is the 
same for all modulation modes. 


Modulation 


Datais modulated on a CLOVER-II sig- 
nal by varying the phase and/or amplitude 
of the tone pulses. Further, all data modu- 
lation is differential on the same tone 
pulse; data is represented by the phase (or 
amplitude) difference from one pulse to 
the next. For example, when binary phase 
modulation is used, a data change from 
“0” to “1” may be represented by a change 
in the phase of tone pulse 1 by 180° be- 
tween the first and second occurrence of 
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Fig 12.34—Ampitude vs time plots for CLOVER-II’s four-tone waveform. 


that pulse. Further, the phase state is 
changed only while the pulse amplitude is 
zero. Therefore, the wide frequency spec- 
tra normally associated with PSK of a con- 
tinuous carrier is avoided. This is true for 
all CLOVER-II modulation formats. The 
term “phase-shift modulation” (PSM) is 
used when describing CLOVER modes to 
emphasize this distinction. 


Coder Efficiency Choices 


CLOVER-II has four “coder efficiency" 
options: 60%, 75%, 90% and 100% (“effi- 
ciency” being the approximate ratio of real 
data bytes to total bytes sent). “60% effi- 
ciency” corrects the most errors but has 
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Fig 12.35—A frequency-domain plot of 
a CLOVER-II waveform. 


Table 12.12 
Data Bytes Transmitted Per Block 
Block Reed-Solomon Encoder Efficiency 


Size 60% 75% 90% 100% 
17 8 10 12 14 
51 28 36 42 48 
85 48 60 74 82 

255 150 188 226 252 

Table 12.13 


Correctable Byte Errors Per Block 
Block Reed-Solomon Encoder Efficiency 


Size 60% 75% 90% 100% 
17 1 1 0 0 
51 9 5 2 0 
85 16 10 3 0 

255 50 31 12 0 


the lowest net data throughput. “100% 
efficiency” turns the encoder off and has 
the highest throughput but fixes no errors. 
There is therefore a tradeoff between raw 
data throughput vs the number of errors 
that can be corrected without resorting to 
retransmission of the entire data block. 

Note that while the “In Block Data 
Rate” numbers listed in the table go as high 
as 750 bps, overhead reduces the net 
throughput or overall efficiency of a 
CLOVER transmission. The FEC coder 
efficiency setting and protocol require- 
ments of FEC and ARQ modes add over- 
head and reduce the net efficiency. 

Table 12.12 and Table 12.13 detail the 
relationships between block size, coder 
efficiency, data bytes per block and cor- 
rectable byte errors per block. 


Multilevel Digital Modulation Waveforms 


Digital waveforms discussed so far have all used either 
on/off keying (OOK, that is Morse code, or CW) or fre- 
quency-shift keying (FSK, RTTY, AMTOR, PACTOR and 
packet radio). Both OOK and FSK are "simple" digital 
| modulation waveforms; they have only two binary states 
| that are represented by two radio-frequency states. In 
Morse code, the states are key-down - logical *1" and key- 
up = logical “0.” In RTTY, AMTOR, PACTOR and packet ' 
radio, one frequency is "1" state, another is the “0” state. · 
More efficient use may be made of the spectrum by 
using multilevel modulation, in which one change in the 
transmitted signal may represent two or more bits of data. 
| A simple example of multilevel modulation is quadrature 
phase-shift keying, known as QPSK. The simplest QPSK 
signal transmits a continuous carrier at a single fre- 
quency. Digital information is modulated on this carrier by 
changing the phase shift in 90° increments. Since there 
are four possible 90°-increment states (0°, 90°, 180° and 
‘| 270°), four different modulation states’may be.signaled. 
Put another way, each phase state may be used to 
represent two bits of binary data. Examples of four 
common PSK modes are shown in Fig A. 
Note that the phase of the transmitter carrier may be 

: changed from any given state to any other state. Thus when 
using QPSK, if two bits of data change from "00" to “11,” 
only one change to the transmitter carrier phase is re- 
quired—from 0° to 270°. This observation illustrates the very 
important difference between modulation symbol rate 

| (bauds) and data throughput rate (in bits-per-second, bits/s). 

In QPSK, bauds = 0.5 x bits/s (100 baud = 200 bits/s). This: 


that represent 3 bits of data (bits/s = 3 x bauds). Carried 


bits of binary data and the throughput is 4 times the base. 
symbol rate (bit/s = 4 x bauds). | | 
Higher-level phase shift modulation schemes have been 


require much more complex demodulator design. In 
particular, demodulator sensitivity to noise and distortion 
increases greatly as the number of possible phase states 
is increased. Consider the relatively simple QPSK ex- 
ample. The design-center phase states of 0°, 90°, 180°, 
and 270? represent the four possible modulation condi- 
tions. lonosphere propagation, multipath signal reflections, 
and transmission distortion all conspire to insert phase 
“jitter” or uncertainty in the received signal. In QPSK, 
signals with a phase shift between 45? and 135? can be 
assumed to represent the 90? state, 135? to 225? for the 
180? state and so on. The margin for error or “phase 
margin" for QPSK is +45°. A similar calculation for 16PSK. 
shows that its phase margin is just +12.25°. If we consider 
use of a 10.000 MHz carrier with 16PSK, the period of the 
carrier sine wave is 0.100 microsecond and the allowable 
| phase jitter corresponds to a time uncertainty of only 
+0.003403 ms, or +3.403 ns. Obviously, very stable phase 
references must be used in à 16PSK system and it does 
not take very much distortion or noise to make correct data 
detection impossible. However, such systems are com- 
monly used in telephone-line modems. ` 
Telephone modems carry the multilevel concept one 
step further and use amplitude-level modulation (ampli- 
tude-shift keying, ASK) in addition to PSK modulation. If 
. two-level ASK is used with 16PSK, a total of 32 states 
may be sent. Similarly, use of 4ASK and 16PSK gives 64 
‚ unique states for each modulation change. This is 
commonly called "QAM" for Quadrature Amplitude 
Modulation and is the modulation used by most 9600- 
baud telephone modems. Each modulation change can 
represent the state of 6 bits of binary data; the data 
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concept сап be extended to 8PSK which has 8 phase states . 


further, each phase state іп 16PSK modulation represents 4 __ 


, demodulators that are very susceptible to noise and distor- 
| used (32PSK and 64PSK for example), but these systems ` 


' environment are generally not optimum for use оп HF data 


: protocol used for AX.25 packet radio lead to serious prob- · 
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throughput is 6 times the base modulation symbol rate 
(bits/s = 6 x bauds). As noted above, complex multilevel 
modulation schemes require very.complex and expensive 


tion. Fortunately, modern telephone lines are relatively 
noise-free and stable. By use of error correction and line 
distortion equalization, high “speed” data transmission via  - 
telephone line is now in common use. 

"Unfortunately, these same techniques cannot be directly 
applied to radio data transmission, particularly to HF signals. 
Long-range HF signals are propagated via the ionosphere, 
which is not stable or well defined from instant to instant. 
lonosphere reflection height and signal attenuation varies 
widely with time of day, geographic location, and solar 
activity. Moreover, noise levels on HF vary considerably with 
location as well as time of day. "n 

With multipath propagation, multiple copies of an original 
Signal áre summed at the receiving antenna. Since each signal 
travels via a different path, the propagation delays are differ- 
ent. Multiple signals therefore arrive at the receiver at slightly : . 
different times and the "mark-to-space" transition time is 
different for each signal. This causes "smearing" of the exact 
transition times. Multipath distortion occurs commonly on HF 
when both single-hop and multiple-hop signals arrive at the 
receiving antenna with similar strengths. Multipath distortion is 
also common on VHF and UHF signals in highly populated 
areas where large buildings provide reflecting surfaces. 

The HF environment is therefore complicated and hostile 
to data transmission. Modulation techniques that work well' 
on stable and predictable telephone lines may also be usable 
for VHF and UHF radio systems, but they may seldom be 
directly applied to HF data radio systems. Further, data 
format protocols that were devised for the stable phone-line 


radio. For example, both the FSK modulation and the 


léms when used on HF signals. . 
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Fig 12.37—ARQ-mode data throughput vs receiver S/N ratio for AMTOR and three 


different CLOVER-II configurations. 


CLOVER FEC 


All modes of CLOVER-II use Reed- 
Solomon forward error correction (FEC) 
data encoding which allows the receiving 
station to correct errors without requiring 
a repeat transmission. This is a very pow- 
erful error correction technique that is not 
available in other common HF data modes 
such as AX.25 packet radio or AMTOR 
ARQ mode. 


CLOVER ARQ 

Reed-Solomon data coding is the pri- 
mary means by which errors are corrected 
in CLOVER “FEC” mode (also called 
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“broadcast mode") In ARQ mode, 
CLOVER-II employs a three-step strategy 
to combat errors. First, channel parameters 
are measured and the modulation format is 
adjusted to minimize errors and maximize 
data throughput. This is called the “Adap- 
tive ARQ Mode" of CLOVER-II. Second, 
Reed-Solomon encoding is used to correct 
a limited number of byte errors per trans- 
mitted block. Finally, only those data 
blocks in which errors exceed the capacity 
of the Reed-Solomon decoder are repeated 
(selective block repeat). Unlike AX.25 
packet radio, CLOVER-II does not repeat 
blocks which have been received correctly. 

With seven different modulation formats, 


four data block lengths (17, 51, 85 or 255 
bytes) and four Reed-Solomon coder effi- 
ciencies (60%, 75%, 90% and 100%), there 
are 112 (7 x4x4) different waveform modes 
thatcould be used to send data via CLOVER. 
Once all of the determining factors are 
considered, however, there are 8 different 
waveform combinations which are actually 
used for FEC and/or ARQ modes. 


CLOVER vs AMTOR vs Packet 


Fig 12.36 shows the modulator output 
spectra of CLOVER-II, AMTOR and HF 
packet radio. Nearly all of the CLOVER- 
II signal energy is concentrated within 
+250 Hz of the center frequency. There- 
fore, CLOVER-II signals can be spaced as 
closely as 500 Hz from any data-mode sig- 
nal with very little cochannel interference. 
Tests show that “cross-talk” between two 
500-Hz spaced CLOVER-II signals is less 
than 50 dB. This is much better than the 
common spacing of AMTOR (1000 Hz) or 
HF packet signals (2000 Hz). 

Fig 12.37 shows throughput vs S/N 
for AMTOR and various modes of 
CLOVER-II. For all values of S/N and all 
modes of CLOVER, the data throughput 
obtainable using CLOVER-II is higher 
than that achievable when using AMTOR. 
In addition, CLOVER may be used to 

send full 8-bit computer data whereas 

AMTOR is restricted to either the Baudot 
RTTY characters set (CCIR-476/625) or 
the printable subset of ASCII (ASCII- 
over-AMTOR). 

Table 12.14 shows a subjective 
comparison of data modes typically 
used for HF data communications. 
Morse code is the simplest to imple- 
ment—a key and good knowledge of 
CW are all that are required. However, 
Morse code does not include error correc- 
tion, has low data throughput, and is best 
manually received and decoded. Auto- 
matic Morse decoding systems exist, but 
rarely perform as well as a "good CW op- 
erator." 

RTTY has better automatic receive de- 
coding performance than Morse code and 
is relatively inexpensive, but offers no 
automatic error correction. AMTOR in- 
cludes error correction, has good perfor- 
mance under weak signal conditions and 
is relatively inexpensive. However, its 
maximum data throughput rate is low and 
it cannot support transmission of 8-bit data 
files. 

AX.25 packet radio is inexpensive but 
its performance on HF is typically very 
poor. This is due both to the popular choice 
of modulation (200 Hz shift, 300 baud 
FSK) and the AX.25 protocol which was 
not designed to handle the burst-type er- 
rors that are common to HF propagation. 


Table 12.14 
HF Data Mode Comparisons 
Noise & | 

Modem Typical HF Data Error Interference Occupied Cost Occupied BW 
Waveform Cost Throughput Format Correction Tolerance BW (Hz) ($/baud) (Hz/baud) 
Morse Code $300- 5-60 wpm character none poor 250- 6 10 
(On/Off keying) $1000 4-50 bd (auto RX) 500 250 
Teletype $500- 60-100 wpm baudot none fair 500- 5 10 
(FSK, 170-Hz shift) $3500 45-110 bd 1000 35 
AMTOR/SITOR $500- 3.0-6.7 c/s baudot ARQ good 1000 5 10 
(FSK, 170-Hz shift) $3500 100 bd repeat 35 
HF Packet $500 4-10 b/s ASCII ARQ very 2000 2 7 
(FSK, 200-Hz shift) $1000 75-300 bd repeat poor 15 35 
MIL188-110A $8000 75- binary FEC good 3000 3.33 1.25 
(PSK serial) & Up 2400 bd broadcast 100 40 
CLOVER-II $1000 2-100 b/s binary simultaneous very 500 1.33 0.67 
(FSK/PSK/ASk) 31-750 bd FEC + ARQ good 33 16.7 
WPM = words per minute 
c/s = characters per second 
bd = baud 
b/s = bytes per second 
The MIL-188/110A (now proposed Federal HAL Communications, РСІ-4000 ARRL, Newington, CT. 


Standard pFS-1052) “Serial, Single-Tone” 
waveform works well on HF and can pass 
error-corrected 8-bit data with a through- 
put of up to 2400 baud. However, modems 
for this mode are presently very expensive, 
the occupied bandwidth of 3000 Hz is very 
wide, and ARQ or adaptive ARQ modes 
are still under development. 

In comparison, CLOVER-II modems 
are moderately expensive but will 
adaptively match existing signal condi- 
tions and provide high data throughput 
rates when conditions permit. CLOVER- 
II will pass full 8-bit data and a CLOVER 
signal is the most bandwidth efficient of 
all modes considered. 


What About PACTOR and G-TOR? 


Data for these modes were not available 
for this comparison. In the 200-baud 
mode, the spectra should be somewhere 
between that of AMTOR and packet. In 
the 100-baud mode it should be close to 
110-baud ASCII. Throughput should be 
much better than that of AMTOR, but 
probably not as good as CLOVER-II. 
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Image Modes 


FACSIMILE 


This section, by Ralph E. Taggart, 
WB8DOQT, covers the facsimile systems 
in most common Amateur Radio use to- 
day. The subject of weather fax is covered 
in greater detail in The Weather Satellite 
Handbook.! 

Image transmission using voice band- 
width is a trade-off between resolution and 
time. In the section on slow-scan televi- 
sion, standards are described that permit 
240-line black-and-white images to be 
transmitted in about 36 seconds while 
color images of similar resolution require 
anywhere from 72 to 188 seconds, depend- 
ing on the color format. In terms of reso- 
lution, 240-line SSTV images are roughly 
equivalent to what you would obtain with 
a standard broadcast TV signal recorded 
on a home VCR. This is more than ad- 
equate for routine video communication, 
but there are many situations that demand 
images of higher resolution. 

Facsimile (fax) encompasses a number 
of standards involving the transmission of 
images ranging from around 500 to up to 
several thousand image lines. The trade- 
off with fax is similar to that involved with 
SSTV—you are restricted to still images 


'!Taggart, R. E., The Weather Satellite Hand- 
book, 5th Ed. (Newington: ARRL, 1994). 
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and image transmission times can range 
from 2.25 to 15 minutes or more. 


FACSIMILE FORMATS 
Line Rate 


The line rate (expressed in lines/minute 
or lpm) is one of the more significant stan- 
dards in defining a fax format. If the trans- 
mitter and recorder do not operate at the 
same rate, there is no possibility of repro- 
ducing the original image. Fax recorders 
available on the surplus market were typi- 
cally designed for one or more modes. 
Single-mode systems are the most com- 
mon, although a number of systems are 
available that, through a combination of 
electronic switching and/or mechanical 
changes in the drive system, will operate 
on more than one mode. The following are 
some of the more common line rates that 
will be encountered in surplus fax equip- 
ment: 


e 60 Ipm: A standard speed many years 
ago for wirephoto and weather chart 
transmissions. Worked well over voice 
circuits with limited bandwidth or audio 
fidelity. Almost no operational fax sys- 
tems use this rate today. 

e 90 or 100 lpm: Used for many years in 
wirephoto service and surplus machines. 
No longer in operational service, since 
image transmissions are too long for 
practical use on the amateur HF bands. 

e 120 lpm: The standard speed for weather 
charts and many wirephoto services. Can 
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Fig 12.38—A simplified block diagram of the major circuit elements in the weather 
satellite/HF fax computer interface from the 5th Edition of The Weather Satellite 
Handbook. This is an external unit designed to interface to the computer's 
parallel printer port. The software supports display of all APT and WEFAX satellite 
modes as well as HF weather chart and satellite image transmissions. 
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be used for polar orbit satellite images. 
Transmission of pictures with a reason- 
able aspect ratio requires 10-15 minutes, 
so this standard is incompatible with 
amateur regulations that require station 
identification at intervals of no more 
than 10 minutes. 

240 Ipm: Used for weather satellite im- 
age transmission and some wirephoto 
and chart services. Transmission of an 
800-line picture (a square image) typi- 
cally requires about 3.5 minutes, allow- 
ing for additional overhead for start and 
phasing signals. This is the most practi- 
cal standard line rate for amateur HF use, 
although the bandwidth of the baseband 
signal is a bit wide. 

480 Ipm: Used in advanced wirephoto 
and other image links using high-grade 
voice circuits. While the image trans- 
mission time is short, the video band- 
width is too wide for use on HF. 


Modulation 


All fax modes of interest to radio ama- 
teurs convey video data by modulation of 
an audio tone or subcarrier. Two quite dif- 
ferent approaches to modulation of this 
subcarrier are employed to accommodate 
the operational problems associated with 
different fax modes. 


Amplitude Modulation 


One of the most simplest approaches to 
fax modulation is to convey luminance 
(brightness) information by variations in 
the amplitude of the audio subcarrier. Such 
AM subcarrier modulation is universally 
employed in the transmission of weather 
satellite images using the following stan- 
dards: 

Subcarrier frequency: 2400 Hz 

White level: 100% amplitude 

Black level: 4% amplitude 

Since the image signal is simply an AM 
tone within the normal audio range, stan- 
dard AM or FM modulation techniques for 
the RF signal may be used. In the case of 
image transmissions from spacecraft, the 
radio frequency carrier is FM modulated 
by the audio subcarrier with a deviation of 
+15 kHz. The downlink signal is demodu- 
lated by an FM receiver of standard de- 
sign, with due allowance for the fact that 
the deviation is greater than that typically 
employed in amateur voice work, repro- 
ducing the 2400-Hz subcarrier with its AM 
modulation envelope. 

The subcarrier signal is processed for 
computer display using an external signal 
demodulator, either a standalone unit or a 
plug-in interface card. Typical circuits 
involve bandpass filtering of the sub- 
carrier, gain/level control, full-wave de- 
tection, post-detection filtering and an 


analog to digital (A/D) converter to con- - 


vert the interface output (typically rang- 
ing from 0 V for black to +5 V for white) 
to digital values for computer storage and 
display (Fig 12.38). 


Subcarrier Frequency Modulation 
Amplitude modulation of the subcarrier 


works well with satellite transmissions ` 
since the limiting employed in the FM RF. 
receiver Circuits essentially eliminates. 


signal amplitude variations once the re- 
ceived signal has reached “full-quieting.” 
In contrast, fax systems designed for use 
on HF must use amplitude modulation of 


the RF carrier (typically single sideband). ` 


Signal level variations caused by fading 
and other path variables are inevitable on 
HF and cannot be eliminated in the pro- 
cess of RF signal demodulation in the re- 


ceiver. If amplitude modulation of the- 


subcarrier weré used, the result would be 


variable changes in grayscale display. 


This can be avoided by using frequency 
modulation of the subcarrier. Such a fax 
signal is thus an audio tone that varies in 

. frequency according to the luminance 
value of the portion of the image being 
transmitted. 

. Most HF fax services are standardized 
to the extent that black is transmitted us- 
ing a subcarrier frequency of 1500 Hz with 
2300 Hz being the white subcarrier limit. 
Intermediate grayscale values are repre- 
‘sented by subcarrier frequencies between 
the 1500 Hz (black) and 2300 Hz (white). 
limits. You will note the similarity with 
the SSTV modulation format discussed in 
that section. The standards for SSTV 
modulation were derived from existing 
HF fax standards. The major difference 
between most fax formats and SSTV is that 
there is no provision in fax for line or 
frame sync pulses (such as the 1200-Hz 
SSTV luminance sync pulse). Fax systems 
rely on the extreme accuracy of external 
time bases at both the transmitting and 
receiving ends of the circuit to maintain 
precise synchronization. 

Since the FM fax signal is a tone of 
constant amplitude that varies between 
1500 and 2300 Hz, it is completely com- 
patible with HF voice transmitters and can 
be routed to the audio input with nothing 
more elaborate than a gain control network 
to control the peak audio level. Standard 
HF receiving equipment will recover the 
fax signal (just as in SSTV) for further 
processing by an external or internal inter- 
face in the computer. SSTV interfaces are 
entirely suitable for demodulating HF fax 
signals. 


THE COMPUTER CONNECTION 
Fax recorders are fascinating to tinker 


with if you enjoy working with mechanical 


devices, but relatively few people are mak- 
ing the effort these days. The reason is the 


‘rapid increase in the graphics capabilities - 
_of even the-most basic entry-level comput- 


ers. Today, the computer you purchase for 
use in the ham shack (on packet, AMTOR, 
CW, slow scan or even contest logging) 


will probably have more than adequate 


graphics capabilities to handle fax. 
Computer-based fax systems have many 
advantages over mechanical recorders. 


First, the electronic interfaces are quite | 


simple, consisting of AM and/or FM 


subcarrier demodulator circuits, an A/D . 


converter, and a crystal-locked clock cir- 
cuit (see Fig 12.38). Most available inter- 


faces are for IBM compatible computers. - 


(using VGA graphics) and take the form of 
internal bus cards or external units that 


` connect computer's serial or parallel port. 


Second, simple changes in software can add 
new modes to a computer-based system. .. 

Computer-display systems post the im- 
age to the screen, so no supplies are used 
for routine image evaluation. If hard-copy 
of a specific image is desired, laser print- 
ers can provide one quickly. Mechanical 
fax systems let you print an image once, as 


‘itis being transmitted. You cannot redo an 


image with different contrast or level set- 
tings, and image processing options are 


‚ very limited. In contrast, computer images 
can be stored to disk and/or subject to a, 


very wide range of image-enhancement 
techniques. The most basic VGA display 
will yield images that were state-of-the- 
art only a few years ago, and advanced 
VGA displays have approached or sur- 
passed the theoretical resolution limits of 
many fax modes. 

Finally, if you are interested i in trans- 
mitting fax, you will find that with just a 
few bits of additional hardware, a com- 
puter-based system can transmit fax as 
effectively as it can display images. Con- 
sidering all these factors, it is little wonder 
that most amateurs are bypassing bulky 
mechanical fax systems and opting for 
computer-based operation. 


HF FAX SERVICES 


The primary HF fax services of interest 
to amateurs are wirephotos and weather 
data. НЕ wirephoto traffic has declined 
markedly in recent years as many press 
services have been moved to digital satel- 


‘lite links. Operating frequencies can be 


found in some short-wave publications, 
but the pictures are protected by interna- 


tional copyright laws and’ other regula-^ 


tions. In general, it would be illegal, bar- 
ring permission from the news agency in 
question, to retransmit or otherwise repro- 
duce pictures that are copied. 


i 
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HF weather services include weather 
charts and data and transmissions of satel- 
lite images (Fig 12.39). The Weather Sat- 
ellite Handbook contains a comprehensive 
list of worldwide chart and satellite trans- 
mission frequencies, organized by region. 

Since modulation standards for HF fax 
are identical to SSTV, any SSTV interface 
could be used for fax reception or trans- 
mission, with suitable software. The 
FAX480 program (see the next section) 
for the ViewPort and Pasokon SSTV in- 
terfaces supports display of 120-Ipm НЕ. 
weather charts and satellite images. Most 


ofthe multi-mode data controllers used for 
„packet, AMTOR, CW and ASCII/RTTY 


communications will support 120-1pm fax 

reception and other modes as well. Almost 

all of these will do a nice job with binary 

chart display, but the various units vary ` 
greatly in their ability to handle grayscale | 
imagery. One of the most comprehensive 
HF fax systems is marketed by Software 
Systems Consulting in the form of their 
PC-Fax hardware and software. This pack- 
age is very reasonably priced and will 


` handle both reception and transmission of 
‘virtually all HF fax formats. 


AMATEUR TWO-WAY FACSIMILE 


Two-way amateur fax operation has gen- - 
erally been quite limited. In part this has 
been due to a lack of a single coherent stan- 
dard that could serve as a focus for on-the- , 
air activity. Of the various commercial 
modes, 240 lpm is the only really viable 
option for amateur HF use. Using this 
mode, 800-line pictures can be transmitted 
in slightly under 3.5 minutes. The biggest 


` practical problem with this mode is finding 


Fig 12.39—An example of a 120-Ipm 
transmission of a geostationary 
weather satellite image by the US Navy 
station NAM on 8080 kHz. The image 
was displayed using a Pasokon SSTV 
interface, operating with the FAX480 
program. 
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IZET ZUM HAMM WILLIAMS GRAUE ST 


Fig 12.40—Local scenic attractions 
make excellent subjects for fax 
transmissions. This Fax-480 picture of 
the Hank Williams grave site was 
transmitted by K4ZET (Alabama) on 20 
m and received by WB8DQT (Michigan) 
using the ViewPort SSTV interface and 
FAX480 software. 


other active stations. With the wider use of 
computer-based systems, there is the po- 
tential for increased activity. 

Since computers are now almost univer- 
sally used for most other fax services, it 
was inevitable that some experimenters 
would break away from the mechanically 
based modes and look at options tied to the 
VGA display capabilities of computers. 


Fax-480 Format 


The Fax-480 image standard was pro- 
posed by WB8DQT? and has rapidly be- 
come the most widely used standard for 
two-way amateur fax. The mode uses the 
640x480x16 grayscale display format that 
is universally available in VGA-equipped 
personal computers. The Fax-480 image 
consists of 480 image lines, each com- 
prised of 512 pixels, in a square image 
format. This allows menu options or other 
data to be posted on one side of the image 
when displayed in the 640x480 VGA 
mode. The images have approximately 
four times the resolution of standard SSTV 
pictures and greatly expand the range of 
pictures suitable for exchange over the air. 
Fig 12.40 demonstrates the quality of a 
fax picture received with Fax-480 soft- 
ware. 


WEATHER SATELLITES 


The most consistent and productive in- 
volvement of amateurs in facsimile has 
been in the reception and display of im- 
ages transmitted by weather satellites. 


2Taggart, R. E., “A New Standard for Ama- 
teur Radio Analog Facsimile,” QST, Feb- 
ruary 1993, pp 31-36. 
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Fig 12.41—Schematic representation of polar-orbiting and geostationary weather 


satellite orbital tracks. 


This involvement began with Anderson’s 
pioneering presentation in QST.? Back 
then, almost every component in the ama- 
teur satellite station had to be constructed 
from scratch. Today, it is a straightforward 
task to set up a weather satellite ground sta- 
tion using economical components from a 
wide range of commercial vendors. This 
state of affairs is almost entirely the result 
of amateur experimentation and innovation. 

ARRL publishes a comprehensive intro- 
duction to the subject, The Weather Satel- 
lite Handbook. This publication covers the 
various operational satellites, the funda- 
mentals of antennas, receivers and satellite 
tracking, a simple but effective computer 
interface for display of both satellite and 
HF images, and a whole chapter on soft- 
ware development. It also covers reception 
of weather charts and satellite images on 
HF, and contains a chapter on high-resolu- 
tion satellite digital image formats. 

There are a number of electronic bulle- 
tin-board systems devoted in whole or in 
part to weather satellites. The WSH BBS is 
maintained to support projects and related 
subjects from The Weather Satellite Hand- 
book as well as the Fax-480 mode. The most 
comprehensive BBS devoted to satellites 
and remote imaging is the DRIG BBS, 
maintained by the Dallas Remote Imaging 
Group. This BBS is by far your best choice 


3Anderson, W., “Amateur Reception of 
Weather Satellite Images,” QST, Novem- 
ber 1965, pp 11-17. 


for the latest satellite orbital elements, bul- 
letins on the status and schedules of opera- 
tional satellites, and state-of-the-art 
projects and experimentation in this area. 
(See the Address List in the References 
chapter for contact information.) 


Operational Weather Satellites 


Operational weather satellites fall into 
two broad categories—those that operate 
in near-polar orbits at altitudes around 850 
km (530 miles) and those in geostationary 
orbit over the equator at altitudes of 35,600 
km (22,300 mi). The basic geometry of 
these orbits is shown in Fig 12.41. 


Polar Orbit Spacecraft 


Spacecraft in near-polar, relatively low 
orbits, can image almost any part of the 
earth's surface twice each day, once in 
daylight and again at night. Representa- 
tive spacecraft in this category include the 
TIROS/NOAA satellites operated by the 
US, several categories of METEOR space- 
craft operated by Russia and the Common- 
wealth of Independent States, and the Feng 
Yun spacecraft operated by the People's 
Republic of China. All incorporate a vari- 
ety of sensors to acquire data on the near- 
space environment and the earth below, as 
well as their onboard imaging systems. All 
of these spacecraft are powered by solar 
panels with onboard battery systems to 
continue operations when the spacecraft 
is on the night side of the planet. 


Scanning radiometers, consisting of a 
system of lenses and motor-driven mirrors 
that provide high-resolution scanning, are 
multi-spectral instruments; image data is 
obtained from at least one sensor for vis- 
ible light and several other sensors opti- 
mized for different portions of the infrared 
or IR spectrum. IR radiance (“brightness”) 
is a function of temperature differences, so 
images may be obtained at IR wavelengths 
on the night side of the orbit and at both 
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IR and visible light wavelengths in day- 
light. The primary imaging system is de- 
signed to encode both visible and IR image 
data into a wide-bandwidth digital data 
format (known as HRPT) for transmission 
to ground stations on 1698 or 1707 MHz. 
Advances in microwave and digital tech- 
nology and alot of experimentation by pio- 
neering amateurs now make it practical to 
construct a station to receive and display 
НАРТ images.!.4 Fig 12.42 illustrates the 
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Fig 12.42—Meteorological satellites view the Earth through rotating mirrors to 


produce APT and HRPT images. 
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Fig 12.43—HRPT image of the Northeast US taken by NOAA 10. 


Fig 12.44—Visual and IR imagery of Northern Europe 


taken by NOAA 9. 
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process by which rotating mirrors aboard a 
satellite produce HRPT-format images. 
Fig 12.43 shows an example of visible- 
light HRPT imagery obtained by an ama- 
teur station. 

Although the primary mission of the 
TIROS/NOAA is the acquisition of the 
HRPT imagery, onboard computers 
sample the high-resolution image data and 
transmit it to earth in a simple analog im- 
age format (known as APT). APT images 
are sent at a 120-Ipm rate using AM fax 
modulation. If displayed on a 120-Ipm 
display system, visible-light and IR ver- 
sions of the image will be displayed side 
by side (Fig 12.44). At night, another IR 
channel is substituted for the visible light 
channel. The curving edge of the image in 
the figure is the result of Doppler shift. 
The display system uses a fixed-frequency 
timing reference, while the timing of the 
spacecraft signals appears slightly high as 
the spacecraft approaches the ground sta- 
tion and low as it moves away. NOAA 
images can also be displayed at 240 lpm, 
with circuits designed to display just the 
visible light or IR data, if desired (Fig 
12.45). APT format signals are transmit- 
ted to earth in the 137-MHz range, making 
them easy to receive. 

The Chinese Feng Yun spacecraft is 
similar to the US TIROS/NOAA series. 
The Russian METEOR spacecraft, 
slightly different in terms of orbital 
parameters, transmit visible light images 
(120 Ipm) during the day (Fig 12.46) and 
IR images (120 Ipm) at night, using AM 
subcarrier modulation. 


^DuBois, J. and E. Murashie, "Building an 
HRPT station." Journal of the Environmen- 
tal Satellite Users Group, April 1990. 
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Fig 12.45—By displaying NOAA image 
data at 240 Ipm and blanking the 
unwanted data format, either visible 
light or IR data can be displayed. This 
is an example of contrast-enhanced IR 
imagery from NOAA 12. 


Fig 12.47—A sample of the NE 
quadrant of the earth disc as 
transmitted from a GOES geostationary 
spacecraft in the WEFAX mode. This is 
a sample of visible light GOES imagery, 
displayed using the WSH interface and 
WSHFAX software. 


Geostationary Spacecraft 


The US GOES series, the European 
METEOSAT and the Japanese GMS 
spacecraft are all examples of geostation- 
ary satellites. Each of these spacecraft 
scan the entire earth disc from their per- 
manent stations above the equator. The 
imaging systems of these spacecraft are 
also multi-spectral scanning radiometers. 
The high-resolution image data are com- 
puter-processed and then retransmitted, 
in analog form, in a format known as 
WEFAX. This is a 240-Ipm format using 
AM subcarrier modulation. WEFAX im- 
ages are transmitted on a frequency of 
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Fig 12.46—Visible light image of 
Eastern Canada, transmitted by 
METEOR 2-18 and displayed using the 


WSH interface and WSHFAX software. 


Fig 12.48—With suitable software, the 
four WEFAX quadrants that make up 
the earth disc can be merged to 
reconstruct the entire hemisphere as 
viewed (in this case, in visible light) by 
the GOES spacecraft (WSH interface 
and WSHFAX software). 


1691 MHz for GOES and 1691 and 
1694.5 MHz for the European Meteosat 
and Japanese GMS spacecraft. In the case 
of GOES WEFAX, the entire earth disk is 
formatted a four quadrants, one of which 
is shown in Fig 12.47. When a computer is 
used for display, it is an easy matter to 
stitch the four quadrants together to create 
a full-disk image (Fig 12.48). 


Receiving Hardware 


Polar orbit signals are the easiest to re- 
ceive, since transmissions are made in the 
137-138 MHz frequency range. Antennas 
should be circularly polarized (RHC) for 
best results. Gain antennas, operated by 


an elevation/azimuth rotor system, are 
usually crossed-Yagis or helix designs. 
Given the effectiveness of GaAsFET 
preamplifiers in this frequency range, 
many stations utilize simple omnidirec- 
tional antennas (turnstile and quadrifilar 
helix designs are popular), eliminating the 
need to track the spacecraft. With such an 
antenna system, a computer-based display 
can capture and store images during the 
day when the station operator is at work or 
otherwise occupied. 

The downlink modulation of APT sig- 
nals from all operational polar orbiters 
is FM. A basic FM receiver with a low- 
noise front end (often a preamplifier, 
remotely located at the antenna) is ad- 
equate for reception. Primary opera- 
tional frequencies include 137.50 and 
137.62 MHz (US TIROS/NOAA space- 
craft), and 137.30, 137.40 and 137.85 
MHz for Russian METEORs. Both crys- 
tal-control and synthesized receivers 
are widely used. Required IF bandwidth 
is 30-40 kHz to accommodate both sig- 
nal deviation and Doppler shift. A num- 
ber of vendors supply moderately- 
priced receivers designed specifically 
for satellite service (see Chapter 3 of 
The Weather Satellite Handbook) and 
modification of scanners or amateur 
2-m receivers is feasible if it is possible 
to widen the IF response. Stock receiv- 
ers have too narrow a response (typi- 
cally 15 kHz) for effective use. 

Reception of GOES and other WEFAX 
signals in the 1691 MHz-range requires 
the use of a suitable microwave antenna. 
While some stations use loop Yagis, dish 
antennas in the 1.2-m (4 ft) range will pro- 
vide a more useful gain margin. GaAsFET 
preamplifiers at the dish feed are utilized 
to set the system noise figure.? Converters 
are then used to shift the signal down in 
frequency (typically to 137.50 MHz), 
where the polar-orbit FM receiver is used 
for demodulation. Commercial down- 
converters are available at reasonable cost 
from a number of vendors. 

The Weather Satellite Handbook contains 
extensive coverage of polar-orbit and geo- 
stationary antenna systems, receivers and 
downconverters, and a sample link analysis 
for WEFAX reception. WEFAX images are 
also transmitted several times daily by many 
HF fax stations (see Fig 12.39). Since most 
modern HF transceivers incorporate gen- 
eral-coverage receivers, reception of satel- 
lite images on HF can provide a convenient 
introduction to satellite imagery. 


5Shuch, H. P., “A Low-Noise Preamp for 
Weather Satellite VISSR Reception,” QEX, 
February 1989, pp 3-9. Feedback, QEX, 
June 1989, p 11. 


Display Hardware 


Most satellite activity is conducted us- 
ing signal-processing hardware interfaced 
to personal computers. The widest range 
of systems is available for use with IBM- 
compatible computers using VGA graph- 
ics adapters. 

There are two common approaches. In- 
corporating the circuits onto a bus-com- 
patible plug-in circuit card is a very popu- 
lar approach.® Some commercial systems 
even integrate the APT VHF receiver into 
the card. A second approach is to construct 


8Shuch, H. P., “A Weather Facsimile Display 
Board for the IBM PC," QEX, September 
1988, pp 3-7, 15. 


an external interface that connects to the 
computer through a serial or parallel port. 
Fig 12.38 is a block diagram of the WSH 
Satellite Interface, which connects to a 
PC-compatible parallel port. In addition 
to both AM (satellite) and FM (HF fax) 
signal processing, the unitis easily moved 
between computers and can be used with 
machines that do not have PC/AT bus slots 
or where all available slots are occupied 
with cards for other applications. The par- 
allel port interfacing scheme also provides 
maximum flexibility for those who might 
wish to adapt the interface to other com- 
puter families. 

All the commercially available inter- 
face systems (and the WSH unit) have 


SLOW-SCAN TELEVISION (SSTV) 


An ancient Chinese proverb states: ^A 
picture is worth a thousand words." It's 
still true today. Sight is our highest band- 
width sense and the primary source of in- 
formation about the world around us. What 
would you think about a TV news program 
without pictures about the stories? Would 
you enjoy reading the comics if there were 
no drawings with the text? Do you close 
your eyes when talking to someone in per- 
son? Many hams feel the same way about 
conversing with Amateur Radio: sending 
images is a wonderful way to enhance 
communication. This material was writ- 
ten by John Langner, WB20SZ. 

For decades only a dedicated few kept 
SSTV alive. The little commercial equip- 
ment was very expensive and home brew- 
ing was much too complicated for most 
people. Early attempts at computer-based 
systems were rather crude and frustrating 
to use. 

The situation has changed dramatically 
in recent years. There is now a wide vari- 
ety of commercial products and home- 
brew projects to fit every budget, and 
SSTV activity is experiencing rapid 
growth. There is even software that uses 
the popular Sound Blaster computer sound 
card for SSTV. 

The early SSTV 8-second transmission 
standard is illustrated in Fig 12.49. Audio 
tones in the 1500 to 2300-Hz range repre- 
sent black, white, and shades of gray. A 
short 1200-Hz burst separates the scan 
lines, and a longer 1200-Hz tone signals 
the beginning of a new picture. 


Color SSTV Evolution 


The early experimenters weren't con- 
tent with only black and white (B&W) 
images and soon devised a clever way to 
send color pictures with B&W equipment. 
The transmitting station sends the same 


image three times, one each with red, 
green and blue filters in front of the TV 
camera lens. The receiving operator took 
three long-exposure photographs of the 
screen, placing red, green and blue filters 
in front of the film camera's lens at the 
appropriate times. This was known as the 
"frame sequential" method. 

In the 1970s, it became feasible to save 
these three images in solid-state memory 
and simultaneously display them on an 
ordinary color TV. But, the frame-sequen- 
tial method had some drawbacks. As the 
first frame was received you'd see a red 
and black image. During the second frame, 
green and yellow would appear. Blue, 
white, and other colors wouldn't show up 
until the final frame. Any noise (QRM or 
QRN) could ruin the image registration 
(the overlay of the frames) and spoil the 
picture. 

The next step forward was the "line 
sequential" method. Each line is scanned 
3 times: once each for the red, green, and 
blue picture components. Pictures could 
be seen in full color as they were received 
and registration problems were reduced. 
The Wraase SC-1 modes are examples of 
early line-sequential color transmission. 
They have a horizontal sync pulse for each 
of the color component scans. The major 
weakness here is that if the receiving end 
gets out of step, it won't know which scan 
represents which color. 

Rather than sending color images with 
the usual RGB (red, green, blue) compo- 
nents, Robot Research used luminance and 
chrominance signals for their 1200C 
modes. The first half or two thirds of each 
scan line contains the luminance informa- 
tion which is a weighted average of the R, 
G and B components. The remainder of 
each line contains the chrominance sig- 
nals with the color information. Existing 
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comprehensive software packages 
available that handle image display 
functions in the various modes along 
with image-processing options. Addi- 
tional features may include satellite 
tracking, hard-copy printing, file-man- 
agement functions, image labeling, im- 
age gridding, temperature readout from 
IR data and conversion of image to vari- 
ous standard graphics formats. The 
Weather Satellite Handbook contains 
information and advertisements for 
most popular systems. In addition, an 
entire chapter is devoted to software 
manipulation of the WSH Interface for 
those who would like to experiment with 
software development. 


B&W equipment could display the B& W- 
compatible image on the first part of each 
scan line and the rest would go off the edge 
of the screen. This compatibility was very 
beneficial when most people still had only 
B&W equipment. 

The luminance-chrominance encoding 
made more efficient use of the transmis- 
sion time. A 120-line color image could be 
sent in 12 s, rather than the usual 24 s. Our 
eyes are more sensitive to details in 
changes of brightness than color, so the 
time could be used more efficiently by. 
devoting more time to luminance than 
chrominance. The NTSC and PAL broad- 
cast standards also take advantage of this 
vision characteristic and use less band- 
width for the color part of the signal. 


Peak 
White Level 
2300 Hz 


Black 
Level 
1500 Hz 


Sync 
Tip -«&—— Horizontal Sync Pulse 


1200 Hz 


Fig 12.49—Early SSTV operators 
developed a basic 8-second black and 
white transmission format. The sync 
pulses are often called “blacker than 
black." A complete picture would have 
120 lines (8 seconds at 15 ms per line). 
Horizontal sync pulses occur at the 
beginning of every line; a 30 ms 
vertical sync pulse precedes each 
frame. 
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The 1200C introduced another innova- 
tion: it encodes the transmission mode in the 
vertical sync signal. By using narrow FSK 
encoding around the sync frequency, com- 
patibility was maintained. This new signal 
just looked like an extra-long vertical sync 
to older equipment. (See the sidebar “Exam- 
ining Robot’s Vertical-Interval-Signaling 
(VIS) Code” for more details.) 

The luminance-chrominance encoding 
offers some benefits but image quality suf- 
fers. It is acceptable for most natural im- 
ages but looks bad for sharp, high-contrast 
edges, which are more and more common 
as images are altered via computer graph- 
ics. As a result, all newer modes have re- 
turned to RGB encoding. 

The Martin and Scottie modes are es- 


Examining Robot's Verti- 
cal-Interval-Signaling 
(VIS) Code 


The original 8-second black-and- 
white SSTV-image standard used a 
30-millisecond, 1200-Hz pulse to 
signal the beginning of a new 
frame. In the Robot 1200C, Robot 
Research increased the vertical 
sync period by a factor of 10, 
encoded 8 bits of digital data into it 
and called it vertical-interval 
signaling (VIS). VIS is composed of 
a start bit, 7 data bits, an even 
parity bit, and a stop bit, each 30 
milliseconds long. (See Fig A). 

Since then, inventors of new 
SSTV modes (Martin, Scottie, AVT, 
etc) have adopted Robot’s scheme 
and assigned codes to their 
particular mode that are unused by 
the Robot modes. So, each of the 
SSTV transmission modes has a 
unique VIS code. This allows new 
equipment to automatically select 
any of the new SSTV modes while 
maintaining compatibility with the 
older equipment.—WB20SZ 
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Fig A—Composition of the vertical 
interval signaling (VIS) code. 
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sentially the same except for the timings. 
They have a single horizontal sync pulse 
for each set of RGB scans. Therefore, the 
receiving end can easily get back in step if 
synchronization is temporarily lost. Al- 
though they have horizontal sync, some 
implementations ignore them on receive. 
Instead, they rely on very accurate time 
bases at the transmitting and receiving sta- 
tions to keep in step. The advantage of this 
“synchronous” strategy is that missing or 
corrupted sync pulses won’t disturb the 
received image. The disadvantage is that 
even slight timing inaccuracies produce 
slanted pictures. 

In the late 1980s, yet another incompat- 
ible mode was introduced. The AVT mode 
is different from all the rest in that it has 
no horizontal sync. It relies on very 


accurate oscillators at the sending and re- 
ceiving stations to maintain synchroniza- 
tion. If the beginning-of-frame sync is 
missed, it’s all over. There is no way to 
determine where a scan line begins. How- 
ever, it’s much harder to miss the 5-s 
header than the 300-ms VIS code. Redun- 
dant information is encoded 32 times and 
amore powerful error-detection scheme is 
used. It’s only necessary to receive a small 
part of the AVT header in order to achieve 
synchronization. After this, noise can 
wipe out parts of the image, but image 
alignment and colors remain correct. 
Table 12.15 lists characteristics of com- 
mon modes. 


Scan Converters 
A scan converter is a device that con- 
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Table 12.15 
Popular SSTV Modes 
Family Name Type  Time(Sec) Lines Notes 
Robot 8 B&W 8 120 A,E 
12 B&W 12 120 E 
24 B&W 24 240 E 
36 B&W 36 240 E 
12 Y&C 12 120 
24 Y&C 24 120 
36 Y&C 36 240 
72 Y&C 72 240 
Wraase SC-1 24 RGB 24 128 С 
48 RGB 48 256 B 
96 RGB 96 256 B 
Martin M1 RGB 114 256 B 
M2 RGB 58 256 B 
M3 RGB 57 128 С 
M4 RGB 29 128 C 
Scottie S1 RGB 110 256 B 
S2 RGB 71 256 B 
S3 RGB 55 128 C 
S4 RGB 36 128 C 
DX RGB 269 256 C 
AVT 24 RGB 24 120 D 
90 RGB 90 240 D 
94 RGB 94 200 D 
188 RGB 188 400 D 
125 B&W 125 400 D 
Types: B&W = Black and white. 
Y&C =Color as luminance and chrominance. 
RGB =Color as red, green and blue components. 
Notes: 


A—Very similar to the original 8-second SSTV standard. 

B—The top 16 lines are always sent as gray scale, so 240 lines are usable. 

C—The top 8 lines are always sent as gray scale, so 120 lines are usable. 

D—AVT modes have a 5-second digital header and don't use horizontal sync. 

E—The Robot 1200C doesn't actually have monochrome modes to send the luminance 
(Y) component of an RGB image in memory. Instead, it sends any one of the R, G,or B 


components. 


Note that the number of pixels per scan line is not listed. That's because the demodu- 
lated slow-scan video is a continuously varying signal that can be sampled at different 
pixel rates depending on the implementation. Hardware-based equipment (such as, the 
Robot 400) used powers of two (such as 256) because they're easy to implement with 
hard-wired logic. Using software, it's just as easy to use any other number. Pasokon 
TV uses 320 pixels per line to get the proper aspect ratio with a VGA display. 


—WB20SZ 
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| SSTV Glossary 
| ATV—Amateur Television. Sending 


pictures by Amateur Radio. You'd : 


expect this abbreviation to apply 
equally to fast-scan television 
(FSTV), slow-scan television 

` (SSTV) and facsimile (fax), but it’ s 
generally applied only to FSTV. 


AVT—Amiga Video Transceiver. 

1) Interface and software for use 
with an Amiga computer, devel- 
oped by Ben Blish-Williams, 
AA7AS, and manufactured by 


Advanced Electronic Applications ' 


(АЕА); . 

2) a family of transmission 
modes first introduced with the. 
AVT product. 


| Back porch—The blank part of a ` 


scan line immediately following the 


horizontal sync pulse. 


Chrominance—The.color compo- 
nent of a video signal. NTSC and 
PAL transmit color images as а. 
black-and-white compatible 


_luminance signal along with a color 


subcarrier. The subcarrier phase 
represents the hue and the 
subcarrier’s amplitude is the 
saturation. Robot color modes 


transmit pixel values as luminance 


(Y) and chrominance (R-Y [red 
minus luminance] and B-Y [biue 
minus luminance]) rather than 
RGB (red, green, blue). 


| Demodulator—For SSTV, a device 
that extracts image and sync 
information from an audio signal. 


Field—Collection of top to bottom 


scan lines. When interlaced, a field 


does not contain adjacent scan 
lines and there is more than one 
field per frame. 


Frame—One complete scanned 


image. The Robot 36-second color 


mode has 240 lines per frame. 


NTSC has 525 lines per frame with 


about 483 usable after subtracting 


vertical sync and a few lines at the 
top containing various information. 


x 


werts signals from one TV standard to an- 
other. In this particular case we are inter- 
-ested in converting between SSTV, which 
can be sent through audio channels, and 
fast scan (broadcast or ATV), so we can 
use ordinary camcorders and color televi- 
sions to generate and display pictures. 

‘From about 1985 to 1992, the Robot 
1200C was king. 

. Fig 12.50 shows atypical SSTV station 
built around a scan converter such as the 


' Frame Sequential—A method of 


color SSTV transmission which 
sent complete, sequential frames 
of red, then green and blue. Now 
obsolete. 


Front porch—The blank part ofa 
scan line just before the horizontal 


sync. 


д FSTV—Fast-Scan TV. Same as 


common, full-color, motion com- . 
mercial broadcast TV. 


Interlace—Scan line ordering other 
than the usual sequential top to 

* bottom. For example, NTSC sends 
a field with just the even lines in 
во second, then a field with just 
the odd lines in '/eo second. This 
results in a complete frame 30 


times a second. AVT “ОВМ” mode | 


is the only SSTV mode that uses 
interlacing. 


Line Sequential—A method of color |. 


SSTV transmission that sends red, 
green, and blue information for 
each sequential scan line. This 
approach allows full-color images 
to be viewed during reception. 


`. Luminance—The brightness, 


component of a video signal. 
Usually computed as Y (the 
luminance signal) = 0.59 G (green) 
+ 0.30 R (red) + 0.11 B (blue). 

Martin—A family of amateur SSTV. 
transmission modes developed by 
Martin Emmerson, G3OQD, in 
England. 

NTSC—National Television System 
Committee. Television standard. 
used in North America and Japan. 

PAL—Phase alteration line. Televi- 
sion standard used in Germany 
and many other parts of Europe. 

Pixel—Picture element. The dots . 
that make up images ona 
computer's monitor. 

P7 monitor—SSTV display using a . 
CRT having a very-long-persis- - 
tence phosphor. 


Robot 1200C or a SUPERSCAN 2001. 

The scan converter has circuitry to accept 
a TV signal from a camera and store it in 
memory. It also generates a display signal 
for an ordinary television set. The inter- 
face to the radio is simply audio in, audio 
out and a push-to-talk (PTT) line. In the 
early days, pictures were stored on audio 
tape, but now’ computers store them on 


‘disks. Once a picture is in a computer, it 


can be enhanced with paint programs. . 
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-..RGB— Red, Green, Blue. One of the 


models used to represent colors. 
Due to the characteristics of the 
" human eye, most colors can be 
simulated by various blends of red, 
: green, and blue light. 


. Robot—(1) Abbreviation for Robot 


1200C scan converter; (2) a family 
of SSTV transmission modes 
introduced with the 1200C. 


Scan converter—A device that 
converts one TV standard to 
another. For example, the Robot 

`1200С converts SSTV to and from 
FSTV. - 


Scottie—A family of amateur SSTV 
transmission modes developed by 
Eddie Murphy, GM3SBC, in 
Scotland. 


SECAM-—Sequential color and 
memory. Television standard used 
in France and the Commonwealth 
of Independent States. 


SSTV—Slow Scan Television. 
Sending still images by means of 
audio tones on the MF/HF bands 
using transmission times of a few 

. seconds to a few minutes. 


Sync—That part of a TV signal that 
indicates the beginning of a frame 
(vertical sync) or the beginning of ` 
a scan line (horizontal sync). 


VIS— Vertical Interval Signaling. 
Digital encoding of the transmis- 
sion mode in the vertical sync 
portion of an SSTV image. This 

. allows the receiver of a picture to 
‘automatically select the proper 

" mode. This was introduced as part 
‘of the Robot modes and is now 
used by all SSTV аы деѕідп- 
ers. 


^: Wraase—A family of amateur SSTV 


transmission modes first intro- 
duced with the Wraase SC-1 scan 
converter developed by Volker ' 
Wraase, DL2RZ, of Wraase 
Electronik, Germany. 


. Thisis the easiest approach. Just plug in 


` the cables, turn on the power and it works. 


Many people prefer special dedicated 
hardware, but most of the recent growth of 
SSTV has been from these lower cost PC- 


- based systems. 


SSTV with a Computer 


Theré were many attempts to use early 
home computers for SSTV. Those efforts 


were hampered by very small computer 
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Courteous SSTV 

Operating 

* Recommended frequencies: 
Although 14.230 MHz is the 
primary recommended 20-m 
frequency, it is often over- 
crowded, and 14.233 is often 
pretty busy too. Some people are 
also using 14.236 and 14.239 
when the others are busy. 

* Make contact by voice before 
sending SSTV. 

* Not all systems recognize the VIS 
code, so it is good manners to 
announce the mode before 
transmitting. 


Scan 
Converter 


Color TV Camera 
(Camcorder) 


Color TV Audio Tape Computer 
or Monitor Recorder 


memories, poor graphics capabilities and 
Fig 12.50—Diagram of an SSTV station based on a scan converter. poor software development tools. 

The first comprehensive computer- 
based SSTV system was the AVT Master 
for the Commodore Amiga computer. At 
the time, the Amiga had graphics capabili- 
ties far beyond those common in the IBM 
PC community. 

The AVT Master used a simple micro- 
processor based interface to demodulate 
the received audio. The Amiga's built-in 
sound generation capability provided 
tones for transmission. The comprehen- 
sive software supported all the transmis- 
sion modes in use. 

Surprisingly, nothing comparable was 
available for the ubiquitous IBM PC until 
around 1992, when several systems ap- 
peared in quick succession. By this time, 
all new computers had a VGA display, 
which is required for this application. 


Camcorder Frame Computer | SSTV Transceiver 
Grabber Interface 


Fig 12.51—A modern, PC-based SSTV station. 


1000—Hz 1000—Hz Most new SSTV stations look like 

Low—Pass Filter Low—Pass Filter Fig 12.51. Some sort of interface is used 

to get audio in and out of the computer. 

These can be external interfaces connected 


to a serial or printer port, an internal card 

2500- Hz to specifically for SSTV oreven a peripheral 
High—Pass Filter Computer audio card. Most of the SSTV work is 
done in software. System updates are per- 
formed by reading a floppy disk instead of 
changing EPROMs or other components. 

None of the current systems have an 
integral frame grabber to capture a TV- 
camera signal; this must be purchased 
separately. Even without a camera and 
frame grabber, you can still send images 
that you have created or received and 
modified with a paint program. 
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How It Works 

Transmitting SSTV images with a com- 
puter is quite simple. All you need to do is 
generate fairly accurate tones and change 


Input Frequency (Hz) them at the proper pixel rate. Tones in the 
range of 1500 to 2300 Hz correspond to 
Fig 12.52—Block diagram of an analog SSTV demodulator. the pixel intensities, and most modes use 


12.42 Chapter 12 


1200-Hz syne pulses. A very low-cost 
system could even use the computer's 
built-in tone generator for transmitting, 
but the tones must be pure with little dis- 


tortion in order to produce an acceptable . 


RF signal via AFSK (see "AFSK" under 
Baudot section of this chapter). 

SSTV reception is a little more diffi- 
cult. First you must somehow measure the 
frequency of the incoming tone. You can't 
simply count the number of cycles in a 
second, or even 0.01 second, because the 


' frequency is changing thousands of times . 


each second. Fig 12.52 illustrates one way 
of rapidly measuring the incoming tone's 


frequency. Two filters are designed to ` 


have maximum outputs a little beyond the 
ends of the frequency range of interest. 
The output of one filter is rectified to be- 
come a positive voltage; the output of the 
other is rectified to become a negative 
voltage; then the voltages are summed. A 
low-pass filter, with a 1-kHz cutoff, re- 
moves the audio carrier ripple while pass- 
ing the slower video signal. With careful 
design, the result is a voltage that is fairly 
proportional to the input frequency. Fi- 
nally, an analog to digital (A/D) converter 
processes the signal for the computer. . 

Another frequency-measuring  ap- 
proach uses digital circuitry to measure 
the period of each audio cycle (see 
: Fig 12.53). When the signal amplitude 
crosses zero, a counter is reset. It then 
proceeds to count pulses from a crystal 
controlled oscillator. At the. end of the 


audio cycle, the counter content is ' 


snatched, the counter is reset and the pro- 
cess starts all over again. . 

The digital approach offers a few advan- 
tages over the analog approach.:A single 
chip can contain the counter and handle 
several other functions as well. The analog 
approach requires a handful of op amps, 
resistors, capacitors, diodes and an analog 
tó digital (A/D) converter. The digital ap- 

' proach has crystal controlled accuracy and 
no adjustments are required. The fre- 
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Slanted Pictures 


| SSTV demodulator. 


Audio In 
Frequency F 


poe | 
pope 


Frequency X 


Audio Period 
Length T 


Output is a ‘function of 
the input frequency, T= X/F° - 


Exarmiples: for Х = 250 kHz: F (Hz) | T (ms) 
pus 1000 | 250 
2500 100 


Fig 12.53—Block diagram of a digital - 


Й 


quency-to-voltage transfer function of the 
analog version isn’t exactly linear and can 
change with temperature, power-supply 
variations and component aging. 


Digital Signal Processing (DSP) is an 


exciting possibility for SSTV demodula- 


. tors. With DSP, a high speed A/D con- 


verter is used to sample the audio input. 
After that, it's all software. DSP can be 
used to construct filters that are more flex- 
ible, accurate, stable and reproducible 
than their analog counterparts. 

Once you have the tone-frequency in- 
formation, the real work begins. The next 
step is to separate the composite signal 


into the sync and video components. To 


reduce the effects of noise, the sync pulses 
‘are cleaned up with a low pass filter and 
Schmitt trigger. Then, sync is used to con- 
trol the timing of pixel sampling. Fig 
12.54 contains a high level outline of a 


As mentioned in the text, the synchronous modes, such as AVT, require 
very accurate timing to avoid slanted pictures. Let's quickly calculate the 


accuracy required. 


One of the most popular SSTV modes is the AVT 94-second, which has 
320 x 200 pixels using three color components per pixel. Multiply all of that 
together and the result is 192,000 samples. Suppose the maximum accept- 


able slant was an offset of 4 pixels at the bottom of the screen. This requires 


an accuracy of 4 + 192,000 = 0.002% = 


20 ppm. Actually, if the transmitting 


station was off this much in one direction, and the receiving station was off the 
same amount in the opposite direction. the bottom of the picture would shift 8 
pixels. Rather shabby, but it’s the worst case. There’s no need for a micro- 
computer time-of-day clock to have this accuracy: so many PCs probably 
won't. Be suspicious of any SSTV interface that doesn’t have its own crystal- 
controlled oscillator that you can tweak to avoid slanted pictures! —WB2OSZ 
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Set line number, L, to 1 
Repeat: 
Wait for sync 
` Wait for end of sync 
If it was vertical sync, set L = 1 


Gather 128 pixels 
Display pixels on line L 
Increment L 

If L> 120, set L = 1 


Fig 12.54—An outline of typical 
software written to display an SSTV 
frame from received digital picture 
information. 
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Fig 12.55—An воо SSTV image. 


program used to receive an 8-s B&W pic- 
ture. Receiving colors isn’t much more 
difficult. For nonRobot modes; gather the 
R, G, and B scans for each line, combine 
them and display a line in color. Robot 
modes require considerably more calcula- 
tion to undo their encoding. 


AN INEXPENSIVE SSTV SYSTEM 


Here is a color SSTV/FAX480/ 
weatherfax (Fig 12.55) system for IBM 
PCs and compatibles that is essentially 
99% software! (It originally appeared in 
Jan 1994 QST, pp 27-29.) And this system 
transmits, too! The software is on the disk 
that accompanies this book. 

Ben Vester' s, K3BC, work is aimed at the 
experimentally inclined, so if you're not 
familiar with BASIC programming, be pre- 


` pared to learn a little about it if you want to 


maximize the utility of this system. 


‘Hardware | 


Fig 12.56 shows a simple circuit used for 
recéiving and transmitting. Connect the out- 
put of T2 to the phone patch input (often 
labeled LINE INPUT) of your transceiver. If 
you already have a phone patch, you can 
eliminate T2, and connect the line directly to ` 
the patch's phone-line terminals. Nearly all 
patches employ transformer isolation, but a 
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though the guts of the program are contained 
in assembly language code (.ASM files), this 
code is available to the program (and you) 
through BASIC. All of the modifications to 
the core programs (.ASM files) that adapt 
them to the multitude of SSTV/FAX modes 
are accomplished using BASIC POKEs. 
This allows experimenters with even a limi- 
ted knowledge of BASIC programming to 
make modifications that add other modes, 
and so on. In deference to a few friends who 
complained about learning any BASIC, the 
programs include a system configuration 
list.The program uses this list to determine 
which POKEs to make. This system is 
strictly keyboard controlled. The software 
uses a unique technique to get wider color 
definition than is normally available with a 
256-color video card. 


Green 


Ti 
| Black 


1kQ 
center— 
tapped 


510 
Blue 


T2 


to XMTR Ж Red 
Audio Line 80 
Input 


White 


Nonpolarized 


1kQ 
center—tapped 


Blue 


Except as indicated, decimal values of 
capacitance are in microfarods ( gF ); 

others are in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


ж" Some Program Details 


Fig 12.56—Schematic of the simple SSTV receive and transmit circuit. This circuit 
is based on one that appears in the September 1991 Technical Correspondence 
column. T1 and T2 are Radio Shack 273-1380 audio-output transformers; the 
20-Е, 50-V capacitor is a parallel combination of two Radio Shack 272-999 10-uF, 
50-V nonpolarized capacitors; equivalent parts can be substituted. See text for 
value of RX. Unless otherwise specified, resistors are '/4-W, 5%-tolerance carbon 
composition or film units. An optional low-pass filter can be used between the 
output of the computer and the transmitter's audio-input line (see text). At J1, 
numbers in parentheses are for 25-pin connectors; other numbers are for 9-pin 


connectors. 


simple ohmmeter check will verify that is 
true of your patch. (Avoid using the 
transceiver's mike input because of possible 
RF feedback problems.) RX is chosen to set 
the proper level for the audio going to the 
transmitter. SSTV has a 10096 duty cycle 
signal, so you must set the audio signal to the 
transceiver at a level it can handle without 
overheating. Ben wired his transceiver di- 
rectly to the phone patch with an RX value 
of 43 kQ. 

There is no low-pass filtering in the 
audio line between the computer output 
and transmitter audio input. On-the-air 
checks with many stations reveal that no 
additional external filtering is required 
when using SSB transmitters equipped 
with mechanical or crystal filters. If you 
intend to use this circuit with an AM or 
phasing-type SSB rig (or with VHF/UHF 
FM transmitters), add audio filtering to 
provide the required spectral purity. An 
elliptical low-pass filter such as described 
by Campbell! should be adequate for most 
cases. 

Circuit component values aren't criti- 
cal nor is the circuit's physical construc- 
tion. Do use a socket for the IC. A PC board 


1 В. Campbell, “High-Performance, Single- 
Signal Direct-Conversion Receivers,” 
QST, Jan 1993, pp 32-40. See also Feed- 
back, QST, Apr 1993, p 75. 
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is available from FAR Circuits," but perf- 
board construction employing short leads 
works fine. 


The Computer 


The most important piece of hardware is 
the computer, which should have an 80286 
(or better) microprocessor; a '386 machine 
running at 16 or 33 MHz definitely gives 
better results. You need a VGA color moni- 
tor that can provide a 640x480, 256-color 
noninterlaced display and a VGA (usually 
identified as SVGA) video adapter card that 
offers a 640x480x256-color mode.’ The 
software directly addresses six of the most 
common SVGA chip types and also includes 
a VESA standard choice. If your video 
adapter card doesn't match one of the six, 
you'll need a VESA driver for your specific 
card. If you have trouble finding a driver, try 
some computer BBSs; I’m told that the Steve 
Rimmer BBS (tel 416-729-4609) has many 
video drivers. 


Software 
GWBASIC is the programming tool. Al- 


2 FAR Circuits (see Address List in Refer- 
ences chapter). The PC board is $4.50, 
plus $1.50 shipping. 

3 Picture quality is degraded with an inter- 
laced display. Few, if any, newer displays 
are interlaced at 640x480. 


One of the common SSTV practices is 
to retransmit a picture you just received so 
other SSTVers not copying the originat- 
ing station can see the image. This capa- 
bility is included. 

RT.BAS is the receive and retransmit 
program. On receive, you simply choose 
the mode from a menu, and wait for the 
picture transmission to complete. As of 
this writing, Robot 36 and 72 modes are 
available in either a synchronous or a line- 
synced mode. Other modes (all synchro- 
nous) are Scottie 1 and 2, Martin | and 2, 
AVT90, AVT94, Wraase 96, FAX480 and 
weatherfax. 

When receiving, if you fail to get the mode 
selection made in time to catch the frame 
sync, you can go directly to copying by 
pressing the keyboard’s spacebar. On all but 
the AVT modes, the next line sync is picked 
up and starts the picture. The AVT modes 
copy out of sync. Because the program al- 
lows you to scroll horizontally across the 
RGB color frames, you can resync after the 
picture has been received. A few images 
have nonstandard color registration, so the 
program can adjust color registration after 
the picture is received. You also can save the 
picture—usually after you have scrolled the 
picture so the CRT screen frames just the 
part you want to keep. 

TX.BAS is used for transmitting any 
picture file. When queried, you provide 
the mode and the file name, and after a 
brief pause while the picture loads, press 
G(o) to transmit. To avoid additional 
switching complexity, VOX transmitter 
switching is used. 

VU.BAS allows you to view a picture. 
It has the same adjustments available as 
RT.BAS. One feature (applicable only to 
the Robot modes) is the ability to “retune” 
the picture (in 10-Hz increments) as you 
view its color balance. 


Commercial SSTV Products 


All software and computer interfaces are for IBM PC with 
VGA display unless otherwise noted. Contact information for 
each of these sources appears in the Address List in the 
References chapter. 


Scan Converters 
DFM 1200 USA—PC Boards and instructions to build a Robot 
1200C clone. The builder must collect EPROM and other parts. 
Muneki also supplies some of the hard-to-find parts. 
Donald P. Lucarell, KBSQL 
Felipe Rojas 
Muneki Yamafuzi, JF3GOH 
SUPERSCAN 2001—Similar to 1200C but with many new 
features such as: four image memories, built-in mouse 
interface, on-screen help messages, and battery back up of 
CMOS memory to save system parameters when power is 
turned off. EPROMs developed by Martin Emmerson. 
Available assembled and in various semi-kit options. 
Jad Bashour 
Replacement EPROMs—A brand new 1200C was capable 
of only the "Robot" modes. Martin supplies replacement 
EPROMs which add the Martin, Scottie, AVT, Wraase, and fax 
modes and other interesting features such as an “oscillo- 
scope” tuning indicator. Product Reviews: Jul 1991 73 
Amateur Radio Today, p 46 (version 4.0); IVCA Newsletter 
Fall 1991 (version 4.1); IVCA Newsletter Spring 1993 
(version 4.2) : 
Martin H. Emmerson MSc, G3OQD 


Computer-based SSTV Systems 
BMK-MULTY—Software for transmitting and receiving 
AMTOR, RTTY, CW, PACTOR, Audio Spectrum Analyzer, HF 
WEFAX, and SSTV. : 
Schnedler Systems, ACAIW 
MFJ-1278B—MCP for packet radio, RTTY, AMTOR, CW 
and so on. It is also capable of sending and receiving most 
popular SSTV modes with the MultiCom software. 
MFJ Enterprises Inc 
Pasokon TV—Interface to send and receive SSTV fits 
inside expansion slot of computer. Software supports all 
popular modes, automatic receive mode selection from VIS 
code, up to 32k simultaneous colors on screen, graphical user 
interface with mouse support. Article: Jan 1993 QST, p 20. A 
free demo version, called EZSSTV, is available in many of the 
ham radio software depositories. 
Absolute Value Systems 
PC SSTV 5—Compact separate send and receive interfaces 
plug into a serial port. Software supports the most popular 
modes, reads/writes popular image file formats, built-in text 
generating capability. 
Software Systems Consulting 
Slow Scan II —Software to send and receive SSTV using 
the popular Sound Blaster (or compatible) sound card instead 


of interface dedicated to SSTV. Details: May 1993 QEX. A 
free demo version of the software is available on 
CompuServe: Go HAMNET, Library 6, search for "SSTV", 
"SLOWSC.ZIP". 
Harlan Technologies 
SSTV Explorer—Low cost, receive-only system for most 
popular modes. Compact interface plugs into serial port. Has 
graphical user interface with mouse support, automatic 
receive mode selection, super VGA support with up to 32768 
colors. Product Review: April 1994 QST, p 80. 
Radioware 
Viewport VGA—External interface to send and receive 
plugs into printer port. Software (shareware by KA2PYJ) 
supports most popular modes. Construction article: 73 Aug 
1992. 
A&A Engineering 


Accessories and Related Software 
ART (Amiga Robot Terminal)—Hardware interface and 
Software to control Robot 1200C from Amiga computer. 
Contains paint program, multifont text, and many image 
processing functions. Supports Martin and Scottie EPROMs. 
Thomas M. Hibben, KB9MC 
Audio Analyzer—Software for use with the Sound Blaster. 
Produces frequency vs time plots of audio signals. Useful for 
studying SSTVsignals. 
Harlan Technologies 
DFM SSTV Bandpass Filter—A bandpass filter especially 
designed for SSTV. 
Donald Lucarell 
GEST-—"all-in-one" SSTV utility package for the Robot 
1200C. Includes paint program, text generation, special 
effects and image processing tools. Graphical user interface 
supports CGA, EGA, VGA and mouse. Controls the 1200C 
through parallel port. 
Torontel 
Royal Electronics (Canada) 
HiRes—Paint program for use with the Robot 1200C. Has 
many impressive special effects and character fonts. 
Tom Jenkins, МАМЕ 
HiRes 32—New version of HiRes designed specifically for 
use with PC-based SSTV systems. Requires VGA display 
adapter capable of 32768 simultaneous colors. 
Tom Jenkins, МАМА 
Robot Helper—Robot 1200C control program for Microsoft 
Windows and OS/2 environments. Some features include: 
thumbnail previews of images on disk, dual image preview 
windows, fast image load and save to Robot, support for 
Robot or Martin EPROMs. 
William Montgomery, VESEC 
SCAN—Software for use with Robot 1200C. 
Bert Beyt, W5ZR 


SLIDESHO.BAS gives you the vehicle 
to display a bunch of pictures as a slide 
show. Place SLIDESHO.BAS in a direc- 
tory contained in your PATH statement so 
it can be called up from anywhere. 

TIFCONV.BAS converts 640x480, 
24-bit color, TIFF pictures into a format 
that can be transmitted by any of the sup- 
ported SSTV modes except Robot. TIFF is 
a common format used to transfer higher- 
resolution pictures between programs. 
This program works with the Computer 
Eyes/RT and Software Systems Consult- 


4 ComputerEyes R/T by Digital Vision (see 
Address List in References chapter). 


in g frame grabbers. The picture output 
from this program can be viewed with 
VU.BAS and, of course, is bound by 
320x240 with 18-bit color. 

LABEL.BAS allows you to add call signs 
and other text to the SSTV pictures. It takes 
any black-and-white TIFF (that is, 1-bit) file 
and creates a mask cutout where the black is. 
You can superimpose the cutout over an 
SSTV picture either in any color you want, or 
transfer a cutout of any background file you 
find interesting. The letters will then look like 
they were cut out of the background picture. 


5 Software Systems Consulting (see Address 
List in References chapter). 
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Obviously, you can use squares or circles in 
addition to fonts to transfer a piece of one file 
onto another one. Use a cheap hand scanner 
to capture interesting fonts you find. You can 
get a three-dimensional effect by painting a 
color through the mask, then moving the 
mask a few pixels and rerunning the data 
through LABEL with a background file or 
another color. Or, run several different masks 
through LABEL in sequence to obtain differ- 
ent colors or patterns on different letters. 

Work with Ben Vester's system contin- 
ues. Look at articles by Vesterinthe SSTV 
Bibliography and watch QST for more dis- 
cussion. 
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SUMMARY 


For decades there was a convenient ex- 
cuse for not trying SSTV: it cost kilobucks 
to buy a specialized piece of equipment. But 
you can’t use that excuse anymore. There 
are several free programs that only require 
trivial interfaces to receive pictures. Once 
you get hooked, there are plenty of other 
home-brew projects and commercial prod- 
ucts available at affordable prices. You need 
not be a computer wizard to install and use 
these systems. 

SSTV is a rapidly changing area of Ama- 
teur Radio. In the year that this was written, 
the popular Robot 1200C and AEA AVT 
Master have been discontinued. Many new 
products have been introduced. For up-to- 
date information, look in the ARRL BBS 
and other Amateur Radio software archives 
for a file named something like “sstv_info” 
or “SSTVINFO.DOC”. 
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FAST-SCAN TELEVISION 


Fast-scan amateur television (FSTV or 
just ATV) is a wide-band mode that uses 
standard broadcast, or NTSC, television 
scan rates. It is called “fast scan” only to 
differentiate it from slow-scan TV. In 
fact, no scan conversions or encoder/de- 
coders are necessary with FSTV. Any stan- 
dard TV set can display the amateur video 
and audio. Standard (1 V P-P into 75 О) 
composite video from home camcorders, 
cameras, VCRs or computers is fed directly 


Fig 12.57—ATV used to communicate 
between students in science and 
computer classes peaks their interest 
in this video age. 
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For More Information 


Contact information for each of these 
sources appears in the Address List in 
the References chapter. 


Weekly nets: 

Saturdays, 1500 UTC 14.230 MHz. 
Saturdays, 1800 UTC 14.230 MHz. 
SSTV Newsletter: 


VISION from International Visual 
Communications Association (IVCA) 


Magazines specializing in ATV: 
Amateur Television Quarterly 


System,” 73 Amateur Radio, Jul 1989, 
p 29. 

Goodman, D., WA3USG, “SSTV with the 
Robot 1200C Scan Converter and the 
Martin Emmerson EPROM Version 4.0,” 
73 Amateur Radio Today, Jul 1991, p 46. 

Langner, J., WB2OSZ, “Color SSTV for the 
Atari ST,” 73 Amateur Radio, Dec 1989, 
p 38; Jan 1990, p 41. 

Langner, J., WB2OSZ, “SSTV—The AVT 
System Secrets Revealed,” CQ-TV 149 
(Feb 1990), p 79. 

Langner, J. WB2OSZ, “Slow Scan Televi- 
sion—It isn’t expensive anymore,” QST, 
Jan 1993, p 20. 


into an AM ATV transmitter. The audio has 
a separate connector and goes through a 
4.5 MHz FM subcarrier generator which is 
mixed with the video. This section was 
written by Tom O'Hara, W6ORG. 
Amateurs regularly show themselves in 
the shack, zoom in on projects, show home 
video tapes, computer programs and just 
about anything that can be shown live or by 
tape (see Figs 12.57 and 12.58). Whatever 
the camera "sees" and "hears" is faithfully 
transmitted, including color and sound in- 
formation. Picture quality is about equiva- 


Fig 12.58—The ATV view shows the aft 
end of the Space Shuttle cargo bay 
during mission STS-9. 


ATV Today! 

CQ-TV from British Amateur 
Television Club 

The SPEC-COM Journal 


Old A5 magazine reprints: 
ESF copy services 


Handbook: 

Slow Scan Television Explained, by 
Mike Wooding, G6IQM (available 
from British Amateur Television Club 
and Amateur Television Quarterly). 


Montalbano, J., KA2PYJ, “The ViewPort 
VGA Color SSTV System,” 73, Aug 
1992, p 8. 

Schick, M., KA4IWG, “Color SSTV and the 
Atari Computer," QST, Aug 1985, p 13. 
Taggart, R., WB8DQT, “The Romscanner," 

QST, Mar 1986, p 21. 

Taggart, R., WB8DQT, “A New Standard 
for Amateur Radio Facsimile,” QST, Feb 
1993, p 31. 

Vester, B., K3BC "Vester SSTV/FAX80/ 
Fax System Upgrades," Technical Cor- 
respondence, QST, Jun 1994, pp 77-78. 

Vester, B., K3BC, "SSTV: An Inexpensive 
System Continues to Grow," Dec 1994 
QST, pp 22-24. 


lent to that of a VCR, depending on video 
signal level and any interfering carriers. All 
ofthe sync and signal-composition informa- 
tionis present in the composite-video output 
of modern cameras and camcorders. Most 
camcorders have an accessory cable or jacks 
that provide separate video and audio out- 
puts. Audio output may vary from one cam- 
erato the next, but usually it has been ampli- 
fied fromthe built-in microphone to between 
0.1 to 1 V P-P (into a 10-kQ load). 

ATV transmitters have been carried by 
helium balloons to above 100,000 ft, to 
the edge of space. The result is fantastic 
video transmissions, showing the curva- 
ture of the Earth, that have been received 
as far as 500 miles from the balloon. Small 
cameras have been put into the cockpits of 
R/C model airplanes to transmit a pilot's- 
eye view. Many ATV repeaters retransmit 
Space Shuttle video and audio from NASA 
during missions. This is especially excit- 
ing for schools involved with SAREX. 
ATV is used for public service events such 
as parades, races, Civil Air Patrol searches 
and remote damage assessment. 

Emergency service coordinators have 
found that live video from a site gives a bet- 
ter understanding of a situation than is pos- 


Table 12.16 


Line-of-Sight Snow-Free 70-cm ATV Communication Distances 


This table relates transmit and receive station antenna gains to communication 
distances in miles for 1/10/100 W PEP at 440 MHz. To find the possible snow-free 
distance under line-of-sight conditions, select the column that corresponds to transmit 
antenna gain and the row for the receive antenna gain. Read the distance where the row 
and column intersect. Multiply the result by 0.5 for 902 MHz and 0.33 for 1240 MHz. 

The table assumes 2 dB of feed-line loss, a 3 dB system noise figure at both ends and 
snow-free is greater than 40 dB picture:noise ratio (most home cameras give 40 to 45 
dB picture:noise; this is used as the limiting factor to define snow-free ATV pictures). 
The P unit picture rating system goes down about 6 dB per unit. For instance, P4 
pictures would be possible at double the distances in the table. 


TX Antenna 
0 dBd 4 dBd 9 dBd 15.8 dBd 
RX Antenna : 
0 dBd 0.8/2.5/8 1/3.5/11 2/7/22 5/15/47 
4 dBd 1/3.5/11 2/6/19 3.5/11/34 7.5/23/75 
9 dBd 2/7/22 3.5/11/34 6/19/60 13/42/130 
15.8 dBd 5/15/47 7.5/23/75 13/42/130 29/91/290 


sible from voice descriptions alone. 
Weather-radar video, WEFAX, or other 
computer generated video has also been car- 
ried by ATV transmitters for RACES groups 
during significant storms. This use enables 
better allocation of resources by presenting 
real-time information about the storm track. 
Computer graphics and video special effects 
are often transmitted to dazzle the viewers. 


How Far Does ATV Go? 


The theoretical snow-free line-of-sight 
distance for 10 W, given 15.8-dBd antennas 
and 2-dB feed-line loss at both ends, is 91 
miles. (See Table 12.16.) However, except 
for temperature-inversion skip conditions, 
reflections, or through high hilltop repeat- 
ers, direct line-of-sight ATV contacts sel- 
dom exceed 25 miles. The RF horizon over 
flat terrain with a 50-fttoweris 10 miles. For 
best DX use low loss feed line and a broad- 
band high-gain antenna, up as high as pos- 
sible. The antenna system is the most impor- 
tantpart of an ATV system because it affects 
both receive and transmit signal strength. 

A snow-free, or "P5," picture rating 
(see Fig 12.59) requires at least 200 ру 
(-61 dBm) of signal at the input of the ATV 
receiver, depending on the system noise fig- 
ure and bandwidth. The noise floor increases 
with bandwidth. Once the receiver system 
gain and noise figure reaches this floor, no 
additional gain will increase sensitivity. At 
3-MHz bandwidth the noise floor is 0.8 uV 
(109 dBm) at standard temperature. If you 
compare this to an FM voice receiver with 
15 kHz bandwidth; there is a 23 dB differ- 
ence in the noise floor. However the eye, 
much like the ear of experienced CW opera- 
tors, can pick out sync bars in the noise be- 
low the noise floor. Sync lock and large well 
contrasted objects or lettering can be seen 
between | and 2 pV. Color and subcarrier 


sound come out of the noise between 2 and 
8 uV depending on their injection level at 
the transmitter and TV-set differences. 

Two-meter FM is usedto coordinate ATV 
contacts. Operators must take turns trans- 
mitting on the few available channels and 
the 2-m link allows full-duplex audio from 
many receiving stations to the ATV trans- 
mitting station, whois speaking on the sound 
subcarrier. This is great for interactive show 
and tell. Also it is much easier to monitor a 
squelched 2-m channel using an omni an- 
tenna rather than searching out each station 
with a beam. Depending on the third-har- 
monic relationship to the video on 70 cm, 
144.34 MHz and 146.43 MHz (simplex) are 
the most popular frequencies; they are often 
mixed with the subcarrier sound on ATV 
repeater outputs. 


Getting the Picture 


Since the 70-cm band corresponds to 
cable channels 57 through 61, seeing your 
first ATV picture may be as simple as con- 
necting a good outside 70-cm antenna 
(aligned for the customary local polariza- 
tion) to acable-ready TV set’s antenna input 
jack. Cable channel 57 is 421.25 MHz, and 
each channel is progressively 6 MHz higher. 
(Note that cable and broadcast UHF channel 
frequencies are different.) Check the ARRL 
Repeater Directoryfor alocal ATV repeater 
output that falls on one of these cable chan- 
nels. Cable-ready TVs may not be as sensi- 
tive as a low-noise downconverter designed 
justfor ATV, but this technique is well worth 
a try. 

Most stations use a variable tuned 
downconverter specifically designed to con- 
vert the whole amateur band down to a VHF 
TV channel. Generally the 400 and 900 MHz 
bands are converted to TV channel 3 or 4, 
whichever is not used in the area. For 
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1200 MHz converters, channels 7 through 
10 are used to get more image rejection. The 
downconverter consists of a low-noise 
preamp, mixer and tunable or crystal con- 
trolled local oscillator. Any RF at the input 
comes out at the lower frequencies. All sig- 
nal processing is done in the TV set. A com- 
plete receiver with video and audio output 
would require all the TV sets circuitry, less 
the sweep and CRT components. There is no 
picture-quality gain by going direct from a 
receiver to a video monitor (as compared 
with a TV set) because IF and detector band- 
width are still the limiting factors. 

A good low-noise amateur down- 
converter with 15 dB gain ahead of a TV set 
will give sensitivity close to the noise floor. 
A preamp located in the shack will not sig- 
nificantly increase sensitivity, but rather will 
reduce dynamic range and increase the prob- 
ability of intermod interference. Sensitivity 
can be increased by increasing antenna- 
system gain: reducing feed-line loss, in- 
creasing antenna gain or adding an antenna 
mounted preamp (which will eliminate the 
coax loss plus any loss through transmit lin- 
ear amplifier TR relays). Remember that 
each 6 dB increase in combination of trans- 
mitted power, reduced coax loss, antenna 
gain or receiver sensitivity can doublé the 
line-of-sight distance. 

Foliage greatly attenuates the signal at 
UHF, so place antennas above the tree tops 
for the best results. Beams made for 
432-MHz weak-signal work or 440-MHz 
FM may not have enough SWR bandwidth 
to cover all the ATV frequencies for 
transmiting, but they are okay for reception. 
А number of manufacturers now make ATV 
beam antennas to cover the whole band from 
420 to 450 MHz. Use low-loss coax (such as 
Belden 9913: 2.5 dB/100 ft at 400 MHz) or 
Hardline for runs over 100 ft. All outside 
connectors must be weatherproofed with 
tape or coax sealer; any water that gets in- 
side the coax will greatly increase the at- 
tenuation. Almost all ATV antennas use N 
connectors, which are more resistant to 
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Fig 12.60—A 6-MHz video channel with 
the video carrier 1.25 MHz up from the 
lower edge. The color subcarrier is at 
3.58 MHz and the sound subcarrier at 
4.5 MHz above the video carrier. 
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moisture contamination than other types. 

Antenna polarization varies from area to 
area. Technically, the polarization should be 
chosen to give additional isolation (up to 20 
dB) from other users near the channel. It is 
more common to find that the polarity was 
determined by the first local ATV operators 
(which antennas they had in place for other 
modes). Generally, those on 432 MHz SSB 
and weak-signal DX have horizontally po- 
larized antennas, and those into FM, public 
service or repeaters will have vertical anten- 
nas. Check with local ATV operators before 
permanently locking down the antenna-mast 
clamps. Circularly polarized antennas let 
you work all modes, including satellites, 
with only 3 dB sacrificed when working a 
fixed polarity. 


ATV Frequencies 


Standard broadcast TV channels are 6 
MHz wide to accommodate the composite 
video, 3.58 MHz color and 4.5 MHz sound 
subcarriers. (See Fig 12.60.) Given the 
NTSC 525 horizontal line and 30 frames 
per second scan rates, the resulting hori- 
zontal resolution bandwidth is 80 lines per 
MHz. Therefore, with the typical TV set’s 
3-dB rolloff at 3 MHz (primarily in the IF 
filter), up to 240 vertical black lines can be 
seen. Color bandwidth in a TV set is less 
than this, resulting in up to 100 color lines. 
Lines of resolution are often confused with 
the number of horizontal scan lines per 
frame. The video quality should be every 
bit as good as on a home video recorder. 

The lowest frequency amateur band wide 
enough to support a TV channel is 
70 cm (420 - 450 MHz), and it is the most 
popular. With transmit power, antenna gains 
and coax losses equal, decreasing frequency 
increases communication range. The 33-cm 
band goes half the distance that 70 cm does, 
but this can be made up to some extent with 
high-gain antennas, which are physically 
smaller at the higher frequency. A Techni- 
cian class or higher license is required to 
transmit ATV on this band, and Novices can 
transmit ATV only in the 1270 to 1295 MHz 
segment of the 23-cm band. 

Depending on local bandplan options, 
there is room for no more than two simul- 
taneous ATV channels in the 33- and 70- 
cm bands without interference. Unlike 
cable channels, broadcast TV signals must 
skip a channel to keep a strong adjacent 
channel signal from interfering with a 
weaker on-channel signal. Cable compa- 
nies greatly filter and equalize the signal 
amplitudes in order to use every channel. 

Generally, because only two channels are 
available in the 70-cm band, an ATV re- 
peater input on 439.25 or 434.0 MHz is 
shared with simplex. 421.25 MHz is the most 
popular in-band repeater output frequency. 


At least 12 MHz of separation is necessary 
for in-band repeaters because of filter-slope 
attenuation characteristics and TV-set adja- 
cent-channel rejection. Some repeaters have 
their output on the 33-cm or 23-cm (the 
923.25 and 1253.25 MHz output frequen- 
cies are most popular) bands which frees up 
a channel оп 70 cm for simplex. Such cross- 
band repeaters also make it easier for the 
transmitting operator to monitor the repeated 
video with only proper antenna separation 
to prevent receiver desensitization. 
426.25 MHz is used for simplex, public ser- 
vice and R/C models in areas with cross- 
band repeaters, or as a alternative to the main 
ATV activities on 434.0 or 439.25 MHz. 
Before transmitting, check with local ATV 
operators, repeater owners and frequency 
coordinators listed in the ARRL Repeater Di- 
rectory for the coordinated frequencies used 
in your area. 

Since a TV set receives a 6-MHz band- 
width, ATV is more susceptible to interfer- 
ence from many other sources than are nar- 
rower modes. Interference 40 dB below the 
desired signal can be seen in video. Many of 
our UHF (and above) amateur bands are 
shared with radar and other government ra- 
dio positioning services. These show up as 
horizontal bars in the picture. Interference 
from amateurs who are unaware of the pres- 
ence of the ATV signal (or in the absence of 
a technically sound and publicized local 
band plan) can wipe out the sound or color or 
put diagonal lines in the picture. 


DSB and VSB Transmission 


While most ATV is double sideband 
(DSB) with the widest component being 
the sound subcarrier out plus and minus 
4.5 MHz, over 90% of the spectrum power 
is in the first 1 MHz on both sides of the 
carrier for DSB or VSB (vestigial side- 
band). As can be seen in Fig 12.61, the 
video power density is down more than 30 
dB at frequencies greater than 1 MHz from 


Fig 12.61—A spectrum-analyzer photo 
of a color ATV signal. Each vertical 
division represents 10 dB; horizontal 
divisions are 1 MHz. Spectrum power 
density varies with picture content, but 
typically 90% of the sideband power is 
within the first 1 MHz. 


Ed 


the carrier. DSB and VSB are both com- 
patible with standard TV receivers, but the 
lower sound and color subcarriers are re- 
jected in the TV IF filter as unnecessary. 
In the case of VSB, less than 5% of the 
' Jower sideband energy is attenuated. The 
other significant energy frequencies are 
the sound (setin the ATV transmitter at 15 
dB below the.peak sync) and the color at 
3.58 MHz (greater than 22 dB down). 
Narrow-band modes operating greater 
than 1 MHz above or below the video car- 
rier are rarely interfered with or know that 
the ATV transmitter is on unless the nar- 
row-band signal is on one of the subcarrier 


` frequencies or the stations are too near one. 
another. If the band is full and the lower 


sideband color and sound subcarrier fre- 
‘quencies need tó be used by a dedicated 
link or repeater, a VSB filter in the an- 


| tenna line can attenuate them another 20. 


to 30 dB, or the opposite antenna polariza- 
tion can be used for more efficient pack- 
ing of the spectrum. Since all amateur lin- 
‘ear amplifiers re-insert the lower sideband 
to within 10 dB of DSB, a VSB filter in the 
antenna line is the only cost-effective way 
to reduce the unnecessary lower sideband 
: subcarrier energy if more than 1 W is used: 
Та the more populated areas, 2-m calling 


or coordination frequencies are often used: 


to work out operating time shifts, and so 
on, between all users sharing or overlap- 
ping the same segment of the band. 


ATV Identification 


АТУ identification can be on video or the . 
sound subcarrier. A large high-contrast call- . 


letter sign on the wall behind the operating 
table in view of the camera is the easiest way 
to fulfill the requirement. Transmitting sta- 
tions fishing for DX during band openings 
‘often make up call-ID signs using fat black 
letters, on a white background to show up 


Fig 12.62—-A photo of an ATV image of 
the Space Shuttle interior with 
K6KMN’s repeater ID overlaid. _ 
Automatic video overlay in the picture 
easily solves the 10-minute ID 
requirement for Space Shuttle 
retransmissions and other long s 
transmissions. 
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best in the snow. Their city and.2-m moni- 
toring frequency are included at the bottom 
of the sign to make beam alignment and 
contact confirmation easier. _ 

Quite often the transmission time exceeds 
10 minutes, especially when transmitting 
demonstrations, 
space-shuttle video, balloon flights or a vid- 
eotape. A company called High Technology 
Flight makes the GVID video-overlay board 
that automatically superimposes white call 
letters over the camera video every nine 


(B) 
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(Color or B&W) 


VHF 
Antenna 
Input 


Converter 


“(Color of B&W) ` 


public-service events, 


minutes to meet the FCC identification re- 
quirement (see Fig 12.62). They even have 
versions that accept data from GPS receiv- 


. ers, altitude апа temperature sensors and 


other devices that are overlaid on the camera 
video. The PC Electronics VOR-2 board has 
an automatic nine-minute timer, but it also 
has an end-of-transmission hang timer that 
switches to another video source for ID. ` 
While this module is normally used to switch 
in an Elktronics VDG-1 video ID generator 
at ATV repeaters, it can also be used at the 


` home station with any other video source, 


such as a color computer or second camera, 
for automatic video ID. 


A 10-W ATV Transceiver 


Many newcomers to ATV start out by 
buying an inexpensive downconverter 
board just to check out the local simplex 
or repeater activity. Once they see a pic- 
ture it isn’t long before they want to trans- 


| mit. The downconverter board can be kept. · 


separate or put in a larger chassis with 


Fig 12.63—A is the front view of a 
complete ATV transceiver and B is the 
inside view. This complete 10-W 70-cm 
ATV transceiver is assembled from 
readily available built and tested 
modules and mounted in a Hammond 
1590F die-cast aluminum enclosure. On 
the box floor, left to right: TVC-2G ` 
downconverter, FMA5-F 4.5-MHz sound 


. . subcarrier generator and TXA5-70 80- 


mW exciter/video modulator. On the. _ 
back (top left) is the downconverter-to- 
TV F connector and a 4-pin mic jack 
(which serves as the +13.8 V dc input). 
To the right is the DMTR TR relay board 
mounted to a flanged N connector. On 
the inside in front of the heatsink is the 
РА5 10-W power-amplifier module 
using a Toshiba SAUA. 


Fig 12.64—Block diagram of a complete ATV station using the 10-W transceiver. | 
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Fig 12.65—An ATV waveform. Camera and corresponding transmitter RF output 
power levels during one horizontal line scan for black-and-white TV. (A color 
camera would generate a "burst"of 8 cycles at 3.58 MHz on the back porch of the 
blanking pedestal.) Note that “black” corresponds to a higher transmitter output 
power than does "white." For the purposes of blanking pedestal setup with a RF 
power meter rather than an oscilloscope, the 75% PEV corresponds to slightly 


less than 60% power. 


transmitter boards to make one convenient 
package, as shown in Fig 12.63. All the 
modules shown here are available wired 
and tested from PC Electronics and are 
also functionally representative of what is 
available from other suppliers. Fig 12.64 
shows a block diagram of this transceiver. 

The complete 10-W ATV transceiver 
consists of the 


* TVC-2G downconverter (420 - 450 MHz 
in, TV channel 2, 3 or 4 out) 

* TXA5-70 80 mW exciter/modulator 

* FMAS-F 4.5-MHz sound subcarrier gen- 
erator 

e PA5-70 10-W brick linear amplifier 

* DMTR video detector, video monitor 
driver and TR relay modules. 


The modules must be mounted in an alu- 
minum enclosure for RF shielding and 
heat sinking. A 2.5x7x7-inch or larger alu- 
minum chassis and bottom cover will 
make a nice transceiver. The Hammond 
1590F diecast aluminum box makes a 
more rugged and RF tight enclosure. Lay 
all the modules in the selected chassis to 
position for best fit before drilling the 
mounting holes. Board wiring and mount- 
ing layouts come with each module. 

Mount the PA5-70 amplifier and DMTR 
TR relay on the back panel, with the 
Toshiba SAU4 RF power module as low as 
possible for best air flow. Unscrew the 
power module and its board from the 
heatsink and poke through the four mount- 
ing holes and a piece of paper with a pencil. 
Use this as a template to center punch the 
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drill locations on the chassis from the out- 
side. Make sure the heatsink will mount at 
least '/s" above the bottom edge of the chas- 
sis. Drill the */1«-diam holes and carefully 
debur each side. The SAU4 must be on a 
perfectly flat surface or the ceramic sub- 
strate could crack when its mounting bolts 
are tightened. Use a thin layer of heatsink 
compound under both the SAU4 and the 
heatsink. Mount the SAUA and its board 
inside the chassis, and the heatsink outside 
by running the four screws from the SAU4 
side through the chassis into the heatsink. 

The DMTR TR relay board mounts di- 
rectly on a flange N UG58 chassis connec- 
tor. Use RG-174 (small 50-Q coax) for the 
RF leads to the amplifier and downcon- 
verter modules. To minimize RF coupling 
inside the chassis, carefully dress the coax 
braid back over its outer insulation (no 
more than '/s inch) and solder the shield 
directly to the board ground planes. When 
soldering, make sure there are no bends or 
stress on the coax. Do not twist the braid 
into a "pig tail" at UHF. 

A four-pin mic jack is used for the +13.8 
V dc power connector. It is wired through a 
4 A fast-acting fuse to the SPST POWER 
switch. The two unused pins can be used to 
control or power external devices such as a 
camera. A 1N4745A 16-V, 1-W Zener di- 
ode is connected from the transceiver side of 
the fuse to ground to help protect the circuits 
in case of accidental or reverse voltage. The 
downconverter, exciter and subcarrier gen- 
eratorcan be mounted inside the chassis with 
#4-40x'/ screws with double nuts for spac- 


ers (see module board mounting detail). 
Again, keep the exposed length of the inter- 
connecting RG-174 center conductor less 
than !/4 inch. Solder the coax carefully and 
check with an ohmmeter for shorts. Use #18 
wire for the amplifier power leads and #22 
solid wire for all of the other wiring. Dress 
all dc leads away from the RF coaxes and the 
power module. The video and audio leads, 
and the panel-pot connections, can be #22 
twisted pair (up to 6 inches long). Use RG- 
174 for longer runs. 

You may want to remove and change 


‘some of the board mounted trimpots to 


panel mounted potentiometers to make ad- 
justments easier. (For example, the video 
gain on the exciter, the mic and line gain on 
the sound subcarrier board, and the down- 
converter frequency tuning may be 
changed.) Remove the trimpots and run 
three wires from the mounting holes to their 
respective carbon (no wire wounds as they 
are inductive at video frequencies) panel 
potentiometers. 100-Q carbon panel con- 
trols for the video gain are difficult to find, 
but they are available from PC Electronics. 

For RF purposes, bypass each video 
input connector (100-pF ceramic disc 
capacitor) and each audio connector 
(220-pF disc) directly at the connector 
with short leads. 

Most camcorders use phono jacks for the 
composite-video and line-audio connec- 
tions. A low-impedance mic with push-to- 
talk can be used in parallel with the camera 
or VCR audio, which is mixed in the sound 
subcarrier board and the transmit receive 
toggle switch. An F connector on the back 
panel supplies downconverter output to the 
TV set antenna input. Use 75-Q coax for the 
line to the TV. (300-Q twin lead picks up too 
much interference from strong adjacent- 
channel broadcast TV stations.) Do not put 
any other boards inside the chassis that might 
be RF susceptible. 


Transceiver Checkout 


Use an ohmmeter to verify that there are 
no short circuits in the coax or +13.8 V dc 
leads. (The antenna input will show a short 
because of the stripline tuned circuit.) Con- 
nect a good resonant 70-cm antenna, do not 
run a piece of wire or other band antenna just 
to try it out. With the transceiver off, con- 
nect the downconverter output coax to the 
TV set antenna jack. Switch the TV set on 
and select a channel that is not used in your 
area, usually 3 or 4. Adjust the fine tuning 
for minimum adjacent-channel interference. 
Then turn on the transceiver and adjust the 
downconverter tuning for a known nearby 
ATV station that you have contacted on 2 m. 
Peak the input trimmer cap on the TR relay 
board for minimum snow. 

Next, with no video connected, switch the 


‘transmitter on for no more than 10 seconds 


‚at a time while verifying that you have less _ 


than 1 W of reflected power (as shown by an 
RF power meter in the antenna line). Contin- 
ued transmission into an SWR of more than 
2:1 can damage the SAU4 power module. If 
the SWR is low, peak the trimmer cap on the 
DMTR board for maximum output, then 


proceed to set the blanking pedestal pot оп `` 


the TXA5-70 exciter. 

ATV is acomplex waveform that requires 
that the video to sync ratio remains constant 
throughout all of the linear amplifiers and 
with camera contrast changes (see Fig 
12.65). The modulator contains a blanking 


clamp circuit that also acts as a sync stretcher 


to compensate for amplifier gain compres- 
sion. To set this level, the pedestal control is 


set to maximum power output and Шеп. 


‘backed off to 60% of that value. The sync 

‚йр, which is the peak power, is constant at 
the maximum power read and the blanking 
level is the 60% point. This procedure must 
be repeated anytime a different power am- 
plifier is added or applied voltage is changed 
by more than 0.5 V. Any other RF power 
measurements with an averaging power 
meter under video modulation are meaning- 

: less. 

The camera video can now be connected, 


‘and the video gain set for best picture as : 


described by the receiving station (or by 
_ observing a video monitor connected to the 
‘Output jack on the DMTR board). Be careful 


not to overmodulate. Overmodulation is in- 


dicated by white smearing in the picture and 
sync buzz in the audio. 
. .Connect a low-impedance (150 Q to 
600 О) dynamic mic (Radio Shack has 
. Some tape recorder replacements with a 
push-to-talk switch) into the mic jack and 
adjust the audio gain to a comfortable level 
„as described by the receiving station. Elec- 
"tret mics are not good for this application 
because they are more susceptible to RF 
pickup (symptom: sync buzz in the audio). 


iFig 12.66—An oscilloscope used to 
observe a video waveform. The lower 
trace is the video signal as it comes 
‘out of the sync stretcher. The upper 
‘trace is the signal from the Mirage 
D1010- N amplingr: 


RF pickup may also be a problem with 
-inadequately shielded mic cords. For ex- 
- ample, it may be. necessary to replace a 


cord having a spiral wrapped shield with 
one that has a braided shield, in order to 


improve shielding at UHF. The FMAS-F : 


board has a soft limiter that comes in at the 
standard 25-kHz deviation. 
The line-audio input has an independent 


volume control for the camcorder ampli-. . 
. repeaters: in band and cross band. 70-cm 
- in-band repeaters are more difficult to 


fied mic or VCR audio, which is mixed 


with (ће low impedance mic input. This 


feature is great for voice-over comment- 
ing during video tapes: . 


Driving Amplifiers with ATV | 
Wide-band AM video requires some spe- 
cial design considerations for linear ampli- 
fiers (as compared to those for ЕМ and SSB 
amplifiers). Many high-power amateur am- 
plifiers would oscillate (and possibly self 
destruct) from high gain at low frequencies 


if they were not protected by feedback net- ` 


works and power RF chokes. These same 
stability techniques can affect some of the 
5-MHz video bandwidth. Sync, color and 
sound can be very distorted unless the am- 
plifier has been carefully designed for both 
stability and AM video modulation. 
Mirage, RF Concepts and Down East 
Microwave either make special ATV am- 
plifiers or offer standard models that were 


designed for all modes, including ATV. 
. Basically the collector and base bias sup- 


plies have a range of capacitors to keep the 
voltage constant under modulation while 
atthe same time using the minimum-value 
low-resistancé series inductors or chokes 
to prevent self oscillation. 

Almost all amateur linear power amplifi- 
ers have gain compression from half to their 
full rated peak'envelope power. To compen- 
sate for this, the ATV exciter/modulator has 


async stretcher to maintain the proper trans-, 
. mitted video to sync ‘ratio (see Fig 12.66). 
' With both video and sound subcarrier dis- 
connected, the-pedestal control is set for 


maximum power output: Peak sync should 


` first be set to 90% of the rated peak envelope 


power. (This is necessary to give some head 
room for the 4.5 MHz sound that is mixed 
and adds with the video waveform.) The 
TXAS-70exciter/modulator has a RF power 
control to set this. Once this is done, the 
blanking pedestal control cari be set to 6096 
of the peak sync. value. For example, a 
100-W amplifier would first be set for 90 W 


with the RF power control and then 54 W - 


with the pedestal control. Then the sound 
subcarrier can be turned back on and the 
video plugged in and adjusted for best pic- 
ture. If you could read it on á peak-reading 
power meter made for video, the power is 
between 90 and 100 W PEP. On a dc oscil- 


loscope connected to a RF diode detector in 
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the antenna line, it can be seen that the sync 
and blanking pedestal power levels remain 
constantat their set levels regardless of video 


-gain setting or average picture contrast. On 
 anaveraging meter like a Bird 43, however, 
it is normal to read something less than the 


pedestal set up power. 


ATV Repeaters | 
Basically there are two kinds of ATV. 


build and use, yet they are more popular 


. because equipment is more available and . 
- less expensive. Indeed, cable-ready TV 


sets tune the 70-cm pand with no modifi- 
cations. 

“Why are 70-cm герешев тоге difficult 
to build? The wide bandwidth of ATV 
makes for special filter requirements. Re- 
sponse across the 6-MHz passband must 
be as flat as possible with minimum inser- 
tion loss, but also must sharply roll off to , 
reject other users as little as 12 MHz away. 
Special multipole interdigital or combline 


' VSB filters are used to meet the require- ' 


ment. An ATV duplexer can be used to 
feed one broadband omnidirectional an- 
tenna, but an additional VSB filter is 
needed in the transmitter line for sufficient 
attenuation of noise and IMD products. 

` A cross-band repeater, because of the 
great frequency separation between the in- 
put and output, requires less sophisticated 


‘filtering to isolate the transmitter and re- 


ceiver. In addition, a cross-band repeater 
makes it easier for users to see their own 
video (no duplexer is needed, only suffi- 
cient antenna spacing). Repeater linking is 
easier too, if the repeater outputs alternate 
between the 23- and 33-cm bands. f 

` Fig 12.67 shows a block diagram for a 
simple 70-cm in-band repeater. No duplexer 
is shown because the antennas and VSB fil- 
ters provide adequate isolation. The repeater 
transmitter power supply should be separate 
from the receiver and exciter supply. ATV is 
amplitude modulated, therefore the current _ 
varies greatly from maximum at the sync tip 
to minimum during white portions of the . 
picture. Power supplies are not generally 


-made to hold tight regulation with such great 


current changes at rates up to several mega- 
hertz. Even the power supply leads become 
significant inductors at video frequencies; 


„they will develop a voltage across them that 


can be transferred to other modules on the 
same power-supply line. 

` To preventunwanted key up from other 
signal sources, ATV repeaters use a video 
operated relay (VOR). The VOR senses 


_the horizontal sync at 15,734 Hz in much 


the same manner that FM repeaters use 
CTCSS tones. Just as in voice repeaters, 


an ID timer monitors VOR activity and 
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starts the repeater video ID generator ev- 
ery nine minutes or a few seconds after a 
user stops transmitting. 


Frequency Modulated ATV 
(FMATV) 


While AM is the most popular mode be- 
cause of greater equipment availability, 
lower cost, less occupied bandwidth and 
use of a standard TV set, FMATV is gain- 
ing interest among experimenters and also 
repeater owners for links. FM on the 
1200-MHz band is the standard in Europe 
because there is little room for video in 
their allocated portion of the 70-cm band. 
ЕМАТУ occupies 17 to 21 MHz depend- 


omni 


F718J 
antenna 


434.0 MHz 
ATVR-4 
Receiver 


ing on deviation and sound subcarrier fre- 
quency. The US 70-cm band is wide 
enough but has great interference poten- 
tial in all but the less populated areas. Most 
available FMATV equipment is made for 
the 1.2, 2.4 and 10.25-GHz bands. 
Fig 12.68 is a block diagram of an FMATV 
receiver. 

The US standard for FMATV is 4 MHz 
deviation with the 5.8-MHz sound 
subcarrier set to 10 dB below the video 
level. 1252 or 1255 MHz are suggested 
frequencies in order to stay away from FM 
voice repeaters and other users higher in 
the band while keeping sidebands above 
the 1240-MHz band edge. Using the US 


CAB247 
Aluminum 
Control Box 


Transmitter 


CAB247 alum. box 


ICM FL407 
VSB Filter 


standard with Carsons rule for FM occu- 
pied bandwidth, it comes out to just under 
20 MHz. So 1250 MHz would be the low- 
est possible frequency. Almost all modern 
FMATV equipment is synthesized, but if 
yours is not, use a frequency counter to 
monitor the frequency for warm up drift. 
Check with local frequency coordinators 
before transmitting because the band plan 
permits other modes in that segment. 
Experimentally, using the US standard, 
FMATV gives increasingly better picture- 
to-noise ratios than AMATV at receiver 
input signals greater than 5 рУ. Because 
of the wider noise bandwidth and FM 
threshold effect, AM video can be seen in 


omni 


F718L 
antenna 


421.25 MHz 


Mirage 


ICM FL407 
D100T7TVR A 
ВОМ amp VSB Filter 
+13.8 Vde 
@20A 


+13.8 Vdc 6 1A 


Fig 12.67—A block diagram of a 70-cm in-band ATV repeater. The antennas are Diamond omnidirectional verticals, which 
require 20 ft (minimum) of separation to prevent receiver desensitization. The filters are made by International Crystal Mfg; 


they have the proper VSB band-pass characteristics and only 1 dB insertion loss. The receiver, 1-W transmitter and VOR are 
made by PC Electronics. The Communications Specialists DTD-1 DTMF decoder and ID8 Morse identifier (optional if a video 
ID is used) are used to remotely turn the repeater transmitter on or off and to create a CW ID, respectively. More elaborate 
control and ID can be substituted. 


17-21 MHz 
BANDPASS 
FILTER 


VIDEO 


DISCRIMINATOR/ BUFFER 


LIMITER OETECTOR 


24cm TO VHF 
CONVERTER 


aa 


VIDEO AND AUDIO 
SUBCARRIER 


VIDEO 
DE-EMPHASIS 
FILTER 


LOWPASS 
FILTER 


CHANNEL 
3 OR 4 
RF 
TO VHF ANTENNA MODULATOR 


TERMINALS OF TV 


AUDIO 
OETECTOR 


HIGHPASS 
FILTER 


\ 


5.8 OR 6.0 MHz 
AUDIO SUBCARRIER 


Fig 12.68—Block diagram of an FMATV receiver. 
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the noise well before FM. For DX work, it ` 
has been shown that AM signals are rec- . 


ognizable signals in the snow atfour times 
(12 dB) greater distance than FM signals 
with all other factors equal. Above the 
` FM threshold, however, FM rapidly over- 
‘takes AM; snow-freé pictures occur above 
50 uV, or 4 times farther away than with 
AM signals. The crossover point is near 
„Ше signal level where sound and color 
begin to appear for both systems. Fig 


12.69 compares АМ and FMATV across a | 


wide range of signal strengths. 

To receive FMATV, a downconverter 
is connected to a FM videoreceiver, which 
in turn drives a video monitor. There are 
companies that make FMATV receivers 
to the amateur 4-MHz deviation and 
5.8-MHz sound standards. Many hams 
have modified surplus satellite receivers 
by adding video amplifiers, however. The 
satellite receivers are made for 11-MHz 
deviation. Some satellite LNBs can tune 
the 1240-1300 MHz. band directly. 


Further ATV Reading: 


Amateur Television Quarterly Magazine. 
CQ-TV, British ATV Club, a quarterly 

publication available through Amateur 
` Television Quarterly Magazine. 

‘Ruh, ATV Secrets for the Aspiring ATVers, 
Vol 1, 1991 and Vol 2, 1992. Available 
through Amateur Television Quarterly 
Magazine. 

Spec-Com, from the Spec-Com Journal. 


'.. Taggart, “Ап Introduction to Amateur 


Television,” April, May and June 1993 
QST. 


Snow Free 


` All Colors 


Full Quieting Audio 


E First Color 


First Audio 


Sync lock 


—110 
0.7 2 


—100 


Fig 12.69—Two approaches to ATV receiving. This chart compares AM (A) and FM 
(F) ATV as seen on a TV receiver and monitor. Signal levels are into the same 


downconverter with sufficient gain to be at the noise floor. The FM receiver 


bandwidth is 17 MHz, using the US standard. 


ATV Equipment Sources 


Contact information for these sources 


appears in the Address List in пе Refer- 


ences chapter.: 


PC Electronics 

Wyman Research Inc. 
International Crystal Mfg 
DURS Systems aa 


Spectrum International 


Elktronics 

High Technology Flight 
Microvideo Products 
Phillips-Tech Electronics 


‚ Down East Microwave 


KLM-Mirage 
RF Concepts 
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Radio Contro! 


Amateur Radio gave birth to the radio 
control (R/C) hobby as we know it today. 
Part 97 of the FCC regulations (§97.215) 
specifically permits “remote control of 
model craft" as a licensed amateur station 
activity. Station identification is not required 
for R/C, and the transmitter power is limited 
to 1 W. Before 1950, development of 
telecommand radio systems small enough to 
be used for remote radio control of model 
aircraft, cars and boats, was primarily an 
Amateur Radio activity. In the early 1950s, 
the FCC licensed R/C transmitter operation 
on nonham frequencies, without an operator 
license examination. The invention of the 
transistor and the subsequent increase in 
R/C development activity lead to the sophis- 
ticated electronic control systems in use to- 
day. This section was contributed by H. 
Warren Plohr, W8IAH. 

The simplest electronic control systems 
are currently used in low-cost toy R/C 
models. These toys often use simple 
on/off switching control that can be trans- 
mitted by on/off RF carrier or tone modu- 
lation. More expensive toys and R/C 
hobby models use more sophisticated con- 
trol techniques. Several simultaneous pro- 
portional and switching controls are avail- 
able, using either analog or digital coding 
on a single RF carrier. 

R/C hobby sales records show that con- 
trol of model cars is the most popular seg- 
ment of the hobby. Battery powered cars 
like that shown in Fig 12.70 are the most 
popular. Other popular types include mod- 
els powered by small internal combustion 
"gas" engines. 

R/C model aircraft are next in the line of 
popularity and include a wide range of styles 
and sizes. Fixed-wing models like those 
shown in Fig 12.71 are the most popular. 
They can be unpowered (gliders) or pow- 
ered by either electric or "gas" motors. The 
basic challenge for a new model pilot is to 
operate the model in flight without crashing. 
Once this is achieved, the challenge extends 
to operating detailed scaled models in real- 


istic flight, performing precision aerobatics, 
racing other models or engaging in model- 
to-model combat. The challenge for the R/C 
glider pilot is to keep the model aloft in ris- 
ing air currents. The most popular rotary- 
wing aircraft models are helicopters. The so- 
phistication of model helicopters and their 
control systems can only be appreciated 
when one sees a skilled pilot perform a 
schedule of precision flight maneuvers. The 
most exotic maneuver is sustained inverted 
flight, a maneuver not attainable by a full- 
scale helicopter 

R/C boats are another facet of the 
hobby. R/C water craft models can imitate 
full-scale ships and boats. From electric 
motor powered scale warships that engage 
in scale battles, to "gas" powered racing 
hydroplanes, model racing yachts and 
even submarines. 

Most R/C operation is no longer on 
Amateur Radio frequencies. The FCC cur- 
rently authorizes 91 R/C frequencies be- 
tween 27 MHz and 76 MHz. Some frequen- 
cies are for all models, some are for aircraft 
only and others for surface (cars, boats) 
models only. Some frequencies are used 
primarily for toys and others for hobbyist 
models. Amateur Radio R/C operators use 
the 6-m band almost exclusively. Spot fre- 
quencies in the upper part of the band are 
used in geographical areas where R/C op- 
eration is compatible with 6-m repeater 
operation and TV Channel-2 signals that 
can interfere with control. Eight spot fre- 
quencies, 53.1 to 53.8 MHz, spaced 
100 kHz apart, are used. There is also a 
newer 200 kHz R/C band from 50.8 to 51.0 
MHz providing ten channels spaced 20 
kHz apart. The close channel spacing in 
this band requires more selective receivers 
than do the 53-MHz channels. The AMA 
Membership Manual provides a detailed 
list of all R/C frequencies in current use.? 


"Academy of Mode! Aeronautics Member- 
ship Manual 15 available from AMA, 
Muncie, IN 47302. 


Fig 12.70—Photo of three R/C model electric cars. 
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The ARRL Repeater Directory lists current 
Amateur Radio R/C frequencies. 

Fig 12.72 shows a typical commercial 
R/C system, consisting of a hand-held air- 
craft transmitter (A), a multiple-control 
receiver, four control servos and a battery 
(B). This particular equipment is available 
for any of the ten R/C frequencies in the 
50.80 to 51.00 MHz band. Other commer- 
cially available control devices include 


an “SS 
E 


же” 


Fig 12.71—Photo of two R/C aircraft 
models. 


Fig 12.72—A, photo of Futaba’s 
Conquest R/C aircraft transmitter. 
B shows the matching airborne system. 


relays (solid-state and mechanical) and 
electric motor speed controllers. 

Some transmitters are tailored to spe- 
cific kinds of models. A helicopter, for 
example, requires simultaneous control of 
both collective pitch and engine throttle. 
A model helicopter pilot commands this 
response with a linear motion of a single 
transmitter control stick. The linear con- 
trol stick signal is conditioned within the 
transmitter to provide the encoder with a 
desired combination of nonlinear signals. 
These signals then command the two ser- 
vos that control the vertical motion of the 
helicopter. 

Transmitter control-signal conditioning 
is provided by either analog or digital cir- 
cuitry. The signal conditioning circuitry is 
often designed to suit a specific type of 
model, and it is user adjustable to meet an 
individual model’s control need. (Low- 
cost transmitters use analog circuitry.) 
They are available for helicopters, sail- 
planes and pattern (aerobatic) aircraft. 

More expensive transmitters use digital 
microprocessor circuitry for signal condi- 
tioning. Fig 12.73 shows a transmitter that 
uses a programmable microprocessor. It is 
available on any 6-m Amateur Radio R/C 
frequency with switch-selectable PPM or 
PCM coding. It can be programmed to suit 
the needs of a helicopter, sailplane or pat- 
tern aircraft. Nonvolatile memory retains 
up to four user-programmed model con- 
figurations. 

Many R/C operators use the Amateur 
Radio channels to avoid crowding on the 
nonham channels. Others do so because 
they can operate home-built or modified 
R/C transmitters without obtaining FCC 
type acceptance. Still others use commer- 
cial R/C hardware for remote control pur- 
poses around the shack. Low-cost R/C ser- 
vos are particularly useful for remote 
actuation of tuners, switches and other de- 
vices. Control can be implemented via RF 
or hard wire, with or without control mul- 
tiplexing. 


R/C RF MODULATION 


The coded PPM or PCM information for 
R/C can modulate an RF carrier via either 
amplitude- or frequency-modulation tech- 
niques. Commercial R/C systems use both 
AM and FM modulation for PPM, but use 
FM exclusively for PCM. 

The AM technique used by R/C is 100% 
“down modulation.” This technique 
switches the RF carrier off for the duration 
of the PPM pulse, usually 250 to 350 us. A 
typical transmitter design consists of a 
third-overtone transistor oscillator, a 
buffer amplifier and a power amplifier of 
about '/2 W output. AM is achieved by 
keying the 9.6-V supply to the buffer and 


final amplifier. 

The FM technique used by R/C is fre- 
quency shift keying (FSK). The modula- 
tion is applied to the crystal-oscillator 
stage, shifting the frequency about 2.5 or 
3.0 kHz. The direction of frequency shift, 
up or down with a PPM pulse or PCM 
code, can be in either direction, as long as 
the receiver detector is matched to the 
transmitter. R/C manufacturers do not 
standardize, so FM receivers from differ- 
ent manufacturers may not be compatible. 


SIGNALING TECHNIQUES 


Background 


Radio control (R/C) of models has used 
many different control techniques in the 
past. Experimental techniques have in- 
cluded both frequency- and time-division 
multiplexing, using both electronic and 
mechanical devices. Most current systems 
use time-division multiplexing of pulse- 
width information. This signaling tech- 
nique, used by hobbyist R/C systems, 
sends pulse-width information to a re- 
motely located pulse-feedback servo- 
mechanism. Servos were initially devel- 
oped for R/C in the 1950s and are still used 
today in all but low-cost R/C toys. 

Fig 12.74 is a block diagram of a pulse- 
feedback servo. The leading edge of the 
input pulse triggers a linear one-shot 
multivibrator. The width of the one-shot 
output pulse is compared to the input 
pulse. Any pulse width difference is an 
error signal that is amplified to drive the 
motor. The motor drives a feedback po- 
tentiometer that controls the one-shot tim- 
ing. When this feedback loop reduces the 
error signal to a few microseconds, the 
drive motor stops. The servo position is a 
linear function of the input pulse width. 
The motor-drive electronics are usually 
timed for pulse repetition rates of 50 Hz or 
greater and a pulse width range of 1 to 
2ms. A significantly slower repetition rate 
reduces the servomechanism slew rate but 
not the position accuracy. 


Feedback 
Potentiometer 


Linear 


I One-Shot 


Comparator 


In addition to motor driven servos, the 
concept of pulse-width comparison can be 
used to operate solid-state or mechanical 
relay switches. The same concept is used 
in solid-state proportional electric motor 
speed controllers. These speed controllers 
are used to operate the motors powering 
model cars, boats and aircraft. Currently 
available model speed controllers can 
handle tens of amperes of direct current at 
voltages up to 40 V dc using MOSFET 
semiconductor switches. 


Requirements 


The signaling technique required by 
R/C is the transmission of 1- to 2-ms-wide 
pulses with an accuracy of +1 ps at repeti- 
tion rates of about 50 Hz. A single posi- 
tive-going dc pulse of 3 to 5 V amplitude 
can be hard wire transmitted successfully 
to operate a single control servomecha- 
nism. If such a pulse is sent as modulation 
of an RF carrier, however, distortion of 
the pulse width in the modulation/de- 
modulation process is often unacceptable. 


Fig 12.73—Photo of Airtronics Infinity 
660 R/C aircraft transmitter. 


Fig 12.74—Diagram 
of a pulse-feedback 
servo. 


Direction 
Logic 
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Consequently, the pulse-width informa- 
tion is usually coded for RF transmission. 
In addition, most R/C systems require 
pulse-width information for more than one 
control. Time-division multiplexing of 
each control provides this multichannel 
capability. Two coding techniques are 
used to transfer the pulse-width informa- 
tion for multiple control channels, pulse- 
position modulation (PPM) and pulse- 
code modulation (PCM). 


Pulse-Position Modulation 


PPM is analog in nature. The timing 
between transmitted pulses is an analog of 


Fig 12.75—Diagram of a four-channel 
PPM RF envelope. 


PPM Encoder 


Generator 


Serial Input —3» 


the encoded pulse width. A train of pulses 
encodes multiple channels of pulse-width 
information as the relative position or tim- 
ing between pulses. Therefore the name, 
pulse-position modulation. The transmit- 
ted pulse is about 300 ps in width and uses 
slow rise and fall times to minimize the 
transmitter RF bandwidth. The shape of the 
received waveform is unimportant because 
the desired information is in the timing 
between pulses. Fig 12.75 diagrams a 
frame of five pulses that transmits four 
control channels of pulse-width informa- 
tion. The frame of modulation pulses is 
clocked at 50 Hz for a frame duration of 
20 ms. Four multiplexed pulse widths are 
encoded as the times between five 300-us 
pulses. The long period between the first 
and the last pulse is used by the decoder for 
control-channel synchronization. 

PPM is often incorrectly called digital 
control because it can use digital logic 
circuits to encode and decode the control 
pulses. A block diagram of a typical en- 
coder is shown in Fig 12.76. The 50-Hz 
clock frame generator produces the first 
300-us modulation pulse and simulta- 
neously triggers the first one-shot in a 


To RF 
Modulator 


One Shot} rig 12.76—Diagram 
of a PPM encoder. 


Clock Line 


Fig 12.77—Diagram of a 74C95 PPM decoder. 
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chain of multivibrators. The trailing edge 
of each one-shot generates a 300-us modu- 
lation pulse while simultaneously trigger- 
ing the succeeding multivibrator one-shot. 
In a four-channel system the fifth modula- 
tion pulse, which indicates control of the 
fourth channel, is followed by a modula- 
tion pause that is dependent on the frame 
rate. The train of 300-us pulses are used to 
modulate the RF. 

Received pulse decoding can also use 
digital logic semiconductors. Fig 12.77 
shows a simple four-control-channel de- 
coder circuit using a 74C95 CMOS logic 
IC. The IC is a 4-bit shift register operated 
in the right-shift mode. Five data pulses 
spaced 1 to 2 ms apart, followed by a syn- 
chronization pause, contain the encoded 
pulse-width information in one frame. 
During the sync pause, the RC circuit dis- 
charges and sends a logic-one signal to the 
74C95 serial input terminal. Subsequent 
negative going data pulses remove the 
logic-one signal from the serial input and 
sequentially clock the logic one through 
the four D-flip-flops. The output of each 
flip-flop is a positive going pulse, with a 
width corresponding to the time between 
the clocking pulses. The output of each 
flip-flop is a demultiplexed signal that is 
used to control the corresponding servo. 


Pulse Code Modulation 


PCM uses true digital code to transfer 
R/C signals. The pulse width data of each 
control channel is converted to a binary 
word. The digital word information of 
each control channel is coded and multi- 
plexed to permit transmission of multiple 
channels of control on a single RF carrier. 
On the receiving end, the process is re- 
versed to yield the servo control signals. 

There is no standard for how the digital 
word is coded for transmission. Therefore 
PCM R/C transmitters and receivers from 
different makers are not interchangeable. 
Some older PCM systems provide only 
256 discrete positions for 90? of servo 
motion, thereby limiting servo resolution. 
Newer systems use more digital bits for 
each word and provide smooth servo mo- 
tion with 512 and 1024 discrete positions. 
All PCM and PPM systems use the same 
servo input-signal and supply voltages. 
Therefore the servos of different manu- 
facture are interchangeable once compat- 
ible wiring connectors have been installed. 


Spread Spectrum 
This introduction to spread spectrum 
communications was written by André 
Kesteloot, N4ICK. The ARRL Spread 
Spectrum Sourcebook contains a more 
| complete treatment of the subject. 


A Little History 


Spread spectrum has existed at least ` 


since the mid 1930s. Despite the fact that 
John Costas, W2CRR, published a paper 
on nonmilitary applications of spread 
spectrum communications 
spread spectrum was used almost solely 
for military purposes until the late 1970s. 
In 1981, the FCC granted the Amateur 
Radio Research and Development Corpo- 
ration (AMRAD) a Special Temporary 
Authorization to conduct Amateur Radio 
spread spectrum experiments. In June 
1986, the FCC authorized all US amateurs 
to use spread spectrum above 420 MHz. 


Why Spread Spectrum 


Faced with increasing noise and inter- 
ference levels on most RF bands, tradi- 
tional wisdom still holds that the narrower 
the RF bandwidth, the better the chances 
that "the signal will get through." This is 
not so. 7 

In 1948, Claude Shannon published his 
famous paper, “A Mathematical Theory of 
Communication” in the Bell System Tech- 
nical Journal, followed by “Communica- 
tions in the Presence of Noise” in the Pro- 
ceedings of the IRE for January 1949. A 
theorem that follows Shannon’s, known 
as the Shannon-Hartley theorem, states 
Һа the channel capacity C of a band- 
limited gaussian channel is 


C = W log, (1 + S/N) bits/s 


where 

W is the bandwidth, 

S is the signal power and 

N is the noise within the channel 

bandwidth. | 

. This theorem states that should the 
channel be perfectly noiseless, the capac- 
ity of the channel is infinite. It should be 
noted, however, that making the band- 
width W of the channel infinitely large 
does not make the capacity infinite, be- 
cause the channel noise increases propor- 
tionately to the channel bandwidth. — 
* Within reason, however, one сап trade 
power for bandwidth. In addition, the 
power density at any point of the occupied 
bandwidth can be very small, to the point 
that it may be well below the noise floor of 
the receiver. The US Navy Global Posi- 
tioning System (GPS) is àn excellent ex- 


(6) 


8“Роіѕѕоп, Shannon and the Radio Amateur," 
` Proceedings of the IRE, Dec 1959. 


in 1959,8 ` 


ample of the use of what is called direct- 
sequence spread spectrum. The average 
signal at the GPS receiver's antenna ter- 
minals is approximately —160 dBW (for 
the C/A code). Since most sources of 
interference are relatively narrow-band, 
spread-spectrum users will also benefit, 
as.narrow-band iriterfering signals are re- 
jected automatically during the de- 
spreading process, as will be explained 
later in this section. 

These benefits are obtained at the cost 


frequencies, but in an apparently random 


pattern (for example, F1, F62, F33, 


of fairly intricate circuitry: The transmit- ` 


ter must spread its signal over a wide band- 
width in accordance with a certain prear- 
ranged code, while the receiver must 
somehow synchronize on this code and 
recombine the received energy to produce 
a usable signal. To generate the code, use 
is made of pseudo-noise (PN) generators. 
The PN generators are selected for their 
correlation properties. This means that 


when two similar PN sequences are com- | 


pared out of phase their correlation is nil 
(that is, the output is 0), but when they are 
exactly in phase their correlation produces 
a huge peak that can be used for synchro- 
nization purposes. - " 

This synchronization process has been 
(and still is) the major complicating factor 
in any spreád spectrum link, for how can 
one synchronize on a signal that can be 
well below the receiver's noise floor? 
Because of the cost associated with the 
complicated synchronization processes, 
spread spectrum applications were essen- 
tially military-related until the late 1970s. 
The development of ICs then allowed for 


the replacement of racks and racks of tube 


equipment by a few plug-in PC. boards, 
although the complexity level itself did not 
improve. Amateur Radio operators could 
not afford such levels of complexity and 
had to find simpler solutions, at the cost of 
robustness in the presence of interference. 


Spread-Spectrum Transmissions 


A transmission can be called “spread 
spectrum" if the RF bandwidth used is 
(1) much larger than that needed for 


traditional modulation schemes and (2) in-: 


dependent of the modulation content. 
Although numerous spread spectrum 
modulation schemes are in existence, only 
two, frequency-hopping (FH) and direct- 
sequence spread spectrum (DSSS) are spe- 
cifically authorized by the FCC for use by 
the Amateur Radio community. 

To understand FH, let us assume a trans- 
mitter is able to transmit on any one of 
100 discrete frequencies F1 through 
F100. We now force this equipment to 
transmit for 1 second on each of the 


F47...; see Fig 12.78). Should some 
source interfere with the receiver site on 


‘three of those discrete frequencies, the 


system will still have achieved reliable 
transmission 9746 of the time. Because of 
the built-in redundancy in human speech, 
as well as the availability of error-correct- 
ing codes in data transmissions, this ap- 
proach is particularly attractive for sys- 
tems that must operate in heavy 
interference. 

Ina DSSS transmitter, an RF carrier and 
a pséudo-random pulse train are mixed in 
a doubly balanced mixer (DBM). In the 
process, the RF carrier disappears and is 
replaced by a noise-like wide-band trans- 
mission, as shown in Fig 12.79. At the 
receiver, a similar pseudo-random signal 
is reintroduced and the spread spectrum 
signal is correlated, or déspread, while 
narrow-band interference is spread simul- 
taneously by the same process. 

The technical complexity mentioned 
above is offset by several important ad- 
vantages for military and space applica- 
tions: 


° Interference rejection. If the interference 
is not synchronized with the original 


FREQUENCY USED AT ONE INSTANT. 


FREQUENCY 


Fig 12.78—Power vs frequency for 
frequency-hopping spread spectrum 
signals. Emissions jump around to 
discrete frequencies in pseudo-random 
fashion. : . 


SUPPRESSED 
CARRIER 


FREQUENCY 


Fig 12.79—Power vs frequency for a 
direct-sequence-modulated spread 
spectrum signal. The envelope 
assumes the shape of a sin (x? / x) 
curve. With proper modulating 
techniques, the carrier is suppressed. 
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spread spectrum signal, it will not ap- 
pear after despreading at the receiver. 

e Security. The length and sophistication 
of the pseudo-random codes used can be 
such as to make unauthorized recovery 
difficult if not impossible. 

e Power density. Low power density 
makes for easy hiding of the RF signal 
and a resulting lower probability of de- 
tection. 


As far as the Amateur Radio commu- 
nity is concerned, particular benefit will 
be derived from the interference rejection 
just mentioned, as it offers both robust- 
ness and reliability of transmissions, as 
well as low probability of interference to 
other users. Additionally, spread spectrum 
has the potential to allow better utilization 


FM osc | 
12.38 | 
MHz | 


of the RF spectrum allocated to amateurs. 
There is a limit as to how many conven- 
tional signals can be placed in a given band 
before serious transmission degradation 
takes place. Additional spread spectrum 
signals will not cause severe interference, 
but may instead only raise the background 
noise level. This becomes particularly 
important in bands shared with other users 
and in our VHF and UHF bands increas- 
ingly targeted by would-be commercial 
users. The utilization of a channel by many 
transmitters is essentially the concept be- 
hind CDMA (Code Division Multiple 
Access), a system in which several DSSS 
transmissions can share the same RF band- 
width, provided they utilize orthogonal 
pseudo-random sequences. 


PN 
Generator 


2.7875 MHz 


Transmitter 


Amateur Spread Spectrum 


When radio amateurs (limited in both 
financial resources and time available for 
experimentation) decided to try their hand 
at spread spectrum transmissions, they had 
to attack the problem by simplifying sev- 
eral assumptions. Security and privacy, 
the primary goals of the military, were 
sacrificed in favor of simplicity of design 
and implementation. 

Experimentation sponsored by 
AMRAD began in 1981 and continues to 
this day. These experiments have lead to 
the design and construction of a practical 
DSSS UHF link. This project was de- 
scribed in May 1989 QST and was re- 
printed in The ARRL Spread Spectrum 


|; 446 MHz 


Synchronized 
Oscillator 
4-4 


FM 
Receiver 


111.50 MHz 


2.7875 MHz Receiver 


Fig 12.80—A block diagram of the practical spread spectrum link. The success of this arrangement lies in the use of a 
synchronized oscillator (right) to recover the transmitter clock signal at the receiving site. 
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Fig 12.81—(A) The envelope of the unfiltered biphase-modulated spread spectrum signals as viewed on a spectrum 
analyzer. In this practical system, band-pass filtering is used to confine the spread spectrum signal to the amateur band. 

(B) At the receiver end of the line, the filtered spread spectrum signal is apparent only as a 10-dB hump in the noise floor. 
(C) The despread signal at the output of the receiver DBM. The original carrier—and any modulation components that 
accompany it—has been recovered. The peak carrier is about 45 dB above the noise floor—more than 30 dB above the hump 
shown at B. (These spectrograms were made at a sweep rate of 0.1 s/division and an analyzer bandwidth of 30 kHz; the 


horizontal scale is 1 MHz/division.) 
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Sourcebook. In it, NAICK offered a simple : 


solution to the: problem of synchroniza- 
tion. (Because of its simplicity, this solu- 
tion does not offer all the anti-jamming 
properties of more sophisticated systems; 


but this should not be-of concern to . 


Amateur Radio operators.) The block dia- 
gram is shown in Fig 12.80. Fig 12.81 
shows the RF signals at the transmitter 
' output, at the receiver antenna terminals 


and the recovered signal after coirelation. ^ | 
` Kesteloot, Ed., The ARRL Spread: Spec- ' 


James Vincent, GIPVZ, replaced the 
original FM scheme with a continuously 


variable delta modulation system, or ` 


CVSD. A description of his work can be 


^ foundin the September and October 1993 
issues of the British magazine Electronics: 


World & Wireless World. 

In addition to The ARRL Spread Spéc- 
trum Sourcebook, interested readers may 
want to, pay particular attention to Robert 


Dixon's text, Spread Spectrum Systems. `- 


Additional information can be found in the 
publications and magazines listed below. 
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TEES his chapter describes the design 
4 | and construction of power RF 
BM amplifiers for use in an Amateur 
Radio station. Dick Ehrhorn, W4ETO, 
contributed materially to this section. 
Anamplifier may be required to develop 
as much as 1500 W of RF output power, 
the legal maximum in the United States. 


The voltages and currents needed to per- 
form this feat are much higher than those 
found in other amateur equipment—the 
voltage and current levels are potentially 
lethal, in fact. - 

Every component in an RF power ampli- 
fier must be carefully selected to endure 
these high electrical stress levels without 


Types of Power Amplifiers 


Power amplifiers are categorized by . 
their power level, intended frequencies of 


operation, device type, class of operation . 


and circuit configuration. Within each of 
these categories there almost always are 
two or more options available. Choosing 
the most appropriate set of options from 
all those available is the fundamental con- 
cept of design. 


SOLID STATE VERSUS 
VACUUM TUBES 


With the exception of high-power am- 
plifiers, nearly all items of amateur equip- 
ment manufactured commercially today 
use solid-state (semiconductor) devices 
‘exclusively. Semiconductor diodes, tran- 
sistors and integrated circuits (ICs) offer 
several advantages in designing and fabri- 
cating equipment: 


* Compact design—Even with their heat 
sinks, solid-state devices are smaller 
than functionally equivalent tubes, al- 

: lowing smaller packages. 


* *No-tune-up" operation—By their na- , 


ture, transistors and ICs lend themselves 
tolow impedance, broadband operation. 
Fixed-tuned filters made with readily 
available components can be used to 
suppress harmonics and other spurious 
signals. Bandswitching of such filters is 


easily accomplished when necessary; it 
often is done using solid-state switches. 
Tube amplifiers, on the other hand, usu- 
ally must be retuned on each band, and 
even for significant frequency move- 
ment within a band. 


* Long life—Transistors and other semi- 


conductor devices have extremely long 
lives if properly used and cooled. When 
employed in properly designed equip- 
ment, they should last for the entire use- 
ful life of the equipment —commonly 
100,000 hours or more. Vacuum tubes 
wear out as their filaments (and some- 
times other parts) deteriorate with time 
in normal operation; the useful life of a 
typical vacuum tube may be on the or- 
der of 10,000 to 20,000 hours. 

* Manufacturing ease—Most solid-state 
devices are ideally suited for printed- 
circuit-board fabrication. The low volt- 
ages and low impedances that typify 
transistor and IC circuitry work very 
well on printed circuits (some circuits 
use the circuit board traces themselves 
as circuit elements); the high imped- 
ances found with vacuum tubes do not. 
The IC or transistor's physical size and 
shape also lends itself well to printed 

. Circuits and the devices usually can be 
soldered right to the board. 


failing. Large amounts of heat are produced 
in the amplifier and must be dissipated 
safely. Generation of spurious signals must 
be minimized, not only for legal reasons, 
but also to preserve good neighborhood 
relationships. Every one of these challenges 
must be overcome to produce a loud, clean 
signal from a safe and reliable amplifier. 


These advantages in fabrication mean 
reduced manufacturing costs. Based on all 
these facts, it might seem that there would 
be no place for vacuum tubes in a solid 
state world. Transistors and ICs do have 
significant limitations, however, espe- 
cially in a practical sense. Individual RF 
power transistors available today cannot 
develop more than approximately 150 W ` 
output; this figure has not changed much 
in the past two decades. 

Individual present-day transistors can- 
not generally handle the combination of 
current and voltage needed, nor can they 
safely dispose of the amount of heat dissi- 
pated, for RF amplification to higher 
power levels. So pairs of transistors, or 
even pairs of pairs, are usually employed 
in practical power amplifier designs, even 
at the 100-W level. Beyond the 300-W 
output level, somewhat exotic (at least for 
most radio amateurs) techniques of power 
combination from multiple amplifiers or- 
dinarily must be used. Although this is 
commonly done. in commercial equip- 
ment, it is an expensive proposition. 

It also is far easier to ensure safe cool- 
ing of vacuum tubes, which operate satis- 
factorily at surface temperatures as high 
as 150-200°C and may be cooled by sim- 
ply blowing sufficient ambient air past or 
through their relative large cooling sur- 
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faces. The very small cooling surfaces of 
power transistors should be held to 75- 
100°C to avoid drastically shortening their 
life expectancy. Thus, assuming worst- 
case 50°C ambient air temperature, the 
large cooling surface of a vacuum tube can 
be allowed to rise 100-150°C above ambi- 
ent, while the small surface of a transistor 
must not be allowed to rise more than 
about 50°C. Moreover, power tubes are 
considerably more likely than transistors 
to survive, without significant damage, the 
rare instance of severe overheating. 

Furthermore, RF power transistors are 
much less tolerant of electrical abuse than 
are most vacuum tubes. An overvoltage 
spike lasting only microseconds can—and 
is likely to—destroy transistors costing 
$75 to $150 each. A comparable spike is 
unlikely to have any effect on a tube. So 
the important message is this: designing 
with expensive RF power transistors de- 
mands using extreme caution to ensure 
that adequate thermal and electrical pro- 
tection is provided. It is an area best left to 
knowledgeable designers. 

Even if one ignores the challenge of the 
RF portions of a high-power transistor 
amplifier, there is the dc power supply to 
consider. A solid-state amplifier capable 
of delivering 1 kW of RF output might 
require regulated (and transient-free) 50 V 
at more than 40 A. Developing that much 
current is a challenging and expensive 
task. These limitations considered, solid- 
state amplifiers have significant practical 
advantages up to a couple of hundred watts 
output. Beyond that point, and certainly at 
the kilowatt level, the vacuum tube still 
reigns for amateur constructors because of 
its cost-effectiveness and ease of equip- 
ment design. 


CLASSES OF OPERATION 


The class of operation of an amplifier 
stage is defined by its conduction angle, 
the angular portion of each RF drive cycle, 
in degrees, during which plate current (or 
collector or drain current in the case of 
transistors) flows. This, in turn, deter- 
mines the amplifier's gain, efficiency, lin- 
earity and input and output impedances. 


* Class A: The conduction angle is 360°. 
DC bias and RF drive level are set so 
that the device is not driven to output 
current cutoff at any point in the driv- 
ing-voltage cycle, so some device out- 
put current flows throughout the com- 
plete 360? of the cycle (see Fig 13.1A). 
Output voltage is generated by the 
variation of output current flowing 
through the load resistance. Maximum 
linearity and gain are achieved in a 
Class A amplifier, but the efficiency of 


13.2 Chapter 13 


QUIESCENT 
CURRENT 
CLASS A 


QUIESCENT 
CURRENT 
120 


CLASS AB 


CLASS В 


Fig 13.1—Amplifying device output 
current for various classes of 
operation. All assume a sinusoidal 
drive signal. 


the stage is low. Maximum theoretical 
efficiency is 50%, but 25 to 30% is more 
common in practice. 

«Class AB: The conduction angle is 
greater than 180? but less than 360? (see 
Fig 13.1B). In other words, dc bias and 
drive level are adjusted so device out- 
put current flows during appreciably 
more than half the drive cycle, but less 
than the whole drive cycle. Efficiency 
is much better than Class A, typically 
reaching 50-6046 at peak output power. 
Class AB linearity and gain are not as 
good as that achieved in Class A, but are 
very acceptable for even the most rigor- 
ous high-power SSB applications in 
Amateur Radio. 

Class AB vacuum tube amplifiers are 
further defined as class AB1 or AB2. In 
class ABI, the grid is not driven posi- 
tive so no grid current flows. Virtually 
no drive power is required, and gain is 
quite high, typically 15-20 dB. The load 
on the driving stage is relatively con- 
stant throughout the RF cycle. Effi- 
ciency typically exceeds 50% at maxi- 
mum output. 

In Class AB2, the grid is driven posi- 
tive on peaks and some grid current 
flows. Efficiency commonly reaches 
6096, at the expense of greater demands 
placed on the driving stage and slightly 
reduced linearity. Gain commonly 
reaches 15 dB. 

* Class B: Conduction angle = 180°. Bias 


and RF drive are set so that the device is 
just cut off with no signal applied (see 
Fig 13.1C), and device output current 
flows during one half of the drive cycle. 
Efficiency commonly reaches as high 
as 65%, with fully acceptable linearity. 

* Class C: The conduction angle is much 
less than 180°—typically 90°. DC bias 
is adjusted so that the device is cut off 
when no drive signal is applied. Output 
current flows only during positive crests 
in the drive cycle (see Fig 13.1D), so it 
consists of pulses at the drive frequency. 
Efficiency is relatively high—up to 
80%—but linearity is extremely poor. 
Thus Class C amplifiers are not suitable 
for amplification of amplitude-modu- 
lated signals such as SSB or AM, but are 
quite satisfactory for use in on-off keyed 
stages or with frequency or phase modu- 
lation. Gain is lower than for the previ- 
ous classes of operation, typically 10- 
13 dB. 

e Classes D through H use various 
switched mode techniques and are not 
commonly found in amateur service. 
Their prime virtue is high efficiency, 
and they are used in a wide range of 
specialized audio and RF applications 
to reduce power-supply requirements 
and dissipated heat. These classes of RF 
amplifiers require fairly sophisticated 
design and adjustment techniques, par- 
ticularly at high-power levels. The ad- 
ditional complexity and cost could 
rarely if ever be justified for amateur 
service. 


Class of operation is independent of 
device type and circuit configuration (see 
Analog Signal chapter). The active am- 
plifying device and the circuit itself must 
be uniquely applied for each operating 
class, but amplifier linearity and effi- 
ciency are determined by the class of op- 
eration. Clever amplifier design cannot 
improve on these fundamental limits. Poor 
design and implementation, though, can 
certainly prevent an amplifier from ap- 
proaching its potential in efficiency and 
linearity. 


MODELING THE ACTIVE DEVICE 


It is very useful to have a model for the 
active devices used in a real-world RF 
power amplifier. Although the actual ac- 
tive device used in an amplifier might be 
a vacuum tube, a transistor or an FET, each 
model has certain common characteristics. 

See Fig 13.2A, where a vacuum tube is 
modeled as a current generator in parallel 
with a dynamic plate resistance К. and a 
load resistance R,. In this simplified 
model, any residual reactances (such as the 
inductance of connecting leads and the 


` 
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output capacity of the tube) are not specifi- 
cally shown. The control-grid voltage in a 
vacuum tube controls the stream of elec- 
trons moving between the cathode and the 
plate. An important measure for a tube is its 
transconductance, which is the change in 
plate current caused by a change in grid- 
cathode voltage. The plate current is: 


(1) 


ip = Em X €g 
where 
i, = plate current 
2m = transconductance (also called 
mutual conductance) of tube Aiy/Ae, 
€, = grid RF voltage. 


The concept of dynamic plate resistance 
is sometimes misunderstood. It is a mea- 
sure of how the plate current changes with 
a change in plate voltage, given a constant 
grid voltage. The control-grid voltage is 
by far the major determinant of the plate 
current in a triode. In a tetrode or pentode 
vacuum tube, the screen grid “screens” the 
plate current even further from the effect 
of changes in the plate voltage. For small- 
signal operation (where the plate voltage 
does not swing below the screen voltage) 
the plate current in a pentode or tetrode 
changes remarkably little when the plate 
voltage is changed. Thus the dynamic 
plate resistance is very high in a tetrode or 
pentode that is operating linearly, and only 
somewhat less for a triode. The plate cur- 
rent delivered into the load resistance R, 
creates RF power. 

AnFET operates much like the vacuum- 
tube model. Obviously, there is no vacuum 
inside the case of an FET, and the FET 
electrodes are called gate, drain and source 
instead of grid, plate and cathode, but the 
current-generator model is just as viable 
for an FET as for a vacuum tube. 

In a transistor, the base current controls 
the flows of electrons (or holes) in the 
collector circuit. See Fig 13.2B. A transis- 
tor operating in a linear fashion resembles 
the operation of a tetrode or pentode 
vacuum tube since the equivalent collec- 
tor dynamic output resistance is also high. 
This is so because the collector current is 
not affected greatly by the collector volt- 
age—-it is mainly determined by the base 
current. The collector current in the cur- 
rent-generator model for a transistor is: 


i2pxi (2) 
where 
i, = collector current 


В = current gain of transistor 
i, = base current. 


IMPEDANCE TRANSFORMATION 
—"MATCHING NETWORKS” 


Over the years, some confusion in the 
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Fig 13.2—At A, the current-generator 
model for a vacuum-tube amplifier 
operating linearly. Typical values for Rp 
and R, for small-signal vacuum tubes 
are 100 kQ and 5 KQ respectively. The 
plate current I, is equal to the product 
of the tube tranconductance g,, times 
the grid voltage. At B, the current- 
generator model for a transistor. 
Typical values for Ro and R, are on the 
same order as those for a small-signal 
vacuum tube. 


amateur ranks has resulted from imprecise 
use of the terms matching and matching 
network. The term "matching" was first 
used in the technical literature in connec- 
tion with transmission lines. When a 
matching network such as a Transmatch is 
tuned properly, it “matches” (that is, 
makes equal) a particular load impedance 
to the fixed characteristic impedance of 
the transmission line used at the 
Transmatch input. 

In this chapter, we are concerned with 
using active devices to generate useful RF 
power. For a given active device, RF 
power is generated most efficiently, and 
with the least distortion for a linear ampli- 
fier, when it delivers RF current into an 
optimum value of load resistance. For an 
amplifier, the output network transforms 
the load impedance (such as an antenna) 
into an optimum value of load resistance 
for the active device. In part to differenti- 
ate active power amplifiers from passive 
transmission lines, we prefer to call such a 
transforming network an output network, 
rather than a matching network. 


Output Networks and Class АВ, B, © 


and C Amplifiers 
In Class AB, B and C amplifiers, we 


select a load resistance that will keep the 
tube or transistor from dissipating too 
much power or, in the case of Class AB or 
B amplifiers, to achieve the desired lin- 
earity. 

In these classes of amplifiers, the de- 
vice output current is zero for large parts 
of the RF cycle. Because of this, the effec- 
tive source resistance is no longer the 
simple dynamic plate resistance of a Class 
A amplifier. In fact, the value of R, varies 
with the drive level. This means that, since 
the load resistance (of an antenna, for ex- 
ample) is constant, the efficiency of the 
amplifier also varies with the drive level. 

It may at first appear contradictory that 
Class AB and B amplifiers use nonlinear 
devices but achieve "linear" operation 
nevertheless. The explanation is that the 
peak amplitude of device output current 
faithfully follows that of the drive volt- 
age, even though its waveform does not. 
In tuned amplifiers, the fly wheel effect of 
the resonant output network restores the 
missing part of each RF input cycle, as 
well as its sinusoidal waveform. In broad- 
band transistor amplifiers, balanced push- 
pull circuitry commonly is used to restore 
the missing RF cycles, and low-pass fil- 
ters on the output remove harmonics and 
thereby restore the sinusoidal RF wave- 
form. The result in both cases is linear 
amplification of the input signal—by the 
clever application of nonlinear devices. 

The usual practice in RF power ampli- 
fier design is to select an optimum load 
resistance that will provide the highest 
power output consistent with required lin- 
earity, while staying within the amplify- 
ing device's ratings. The optimum load 
resistance is determined by the amplify- 
ing device's current transfer characteris- 
tics and the amplifier's class of operation. 
For a transistor amplifier, the optimum 
load resistance is approximately: 


2 
Усс 


xc (6) 


R, = 
where 
К; = the load resistance 
Усс = the collector dc voltage 
Po = the amplifier power output in 
watts. 


Vacuum tubes have complex current 
transfer characteristics, and each class of 
operation produces different RMS values 
of RF current through the load impedance. 
The optimum load resistance for vacuum- 
tube amplifiers can be approximated by 
the ratio of the dc plate voltage to the dc 
plate current at maximum signal, divided 
by a constant appropriate to each class of 
Operation. The load resistance, in turn, 
determines the maximum power output 
and efficiency the amplifier can provide. 
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The optimum tube load resistance is 


jou E 
L7 Кух, (7) 
where 
R, = the appropriate load resistance, in 
ohms 


Vp = the dc plate potential, in V 
Ip = the dc plate current, in A 
K = a constant that approximates the 
RMS current to dc current ratio 
appropriate for each class. For the 
different classes of operation: 
Class A, K « 1.3 
Class AB, K = 1.5 - 1.7 
Class B, K = 1.57 - 1.8 
Class C, K = 2. 


Graphical or computer-based analytical 
methods may be used to calculate more 
precisely the optimum plate load resis- 
tance for specific tubes and operating con- 
ditions, but the above “rules of thumb” 
generally provide satisfactory results for 
design. 

The ultimate load for an RF power am- 
plifier usually is a transmission line con- 
nected to an antenna or the input of an- 
other amplifier. It usually isn’t practical, 
or even possible, to modify either of these 
load impedances to the optimum value 
needed for high-efficiency operation. An 
output network is thus used to transform 
the real load impedance to the optimum 
load resistance for the amplifying device. 
Two basic types of output networks are 
found in RF power amplifiers: tank cir- 
cuits and transformers. 


TANK CIRCUITS 


Parallel-resonant circuits and their 
equivalents have the ability to store en- 
ergy. Capacitors store electrical energy in 
the electric field between their plates; in- 
ductors store energy in the magnetic field 
induced by the coil winding. These cir- 
cuits are referred to as tank circuits, since 
they act as storage “tanks” for RF energy. 

The energy stored in the individual tank 
circuit components varies with time. Con- 
sider for example the tank circuit shown in 

: Fig 13.4. Assuming that R is zero, the tank 
circuit dissipates no power. Therefore, no 
power need be supplied by the source; hence 
no line current Ius flows. Only circulating 
current Icmc flows, and it is exactly the same 
through both L and C at any instant. Simi- 
larly, the voltage across L and C is always 
exactly the same. At some point the capaci- 
tor is fully charged, and the current through 
both the capacitor and inductor is zero. So 
the inductor has no magnetic field and there- 
fore no energy stored in its field. All the 
energy inthe tank is stored in the capacitor's 
electric field. 
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At this instant, the capacitor starts to 
discharge through the inductor. The cur- 
rent flowing in the inductor creates a mag- 
netic field, and energy transferred from the 
capacitor is stored in the inductor’s mag- 
netic field. Still assuming there is no loss 
in the tank circuit, the increase in energy 
stored in the inductor’s magnetic field is 
exactly equal to the decrease in energy 
stored in the capacitor’s electric field. The 
total energy stored in the tank circuit stays 
constant; some is stored in the inductor, 
some in the capacitor. Current flow into 
the inductor is a function of both time and 
of the voltage applied by the capacitor, 
which decreases with time as it discharges 
into the inductor. Eventually, the capa- 
citor’s charge is totally depleted and all 
the tank circuit’s energy is stored in the 
magnetic field of the inductor. At this in- 
stant, current flow through L and C is 
maximum and the voltage across the ter- 
minals of both L and C is zero. 

Since energy no longer is being trans- 
ferred to the inductor, its magnetic field 
begins to collapse and becomes a source 
of current, still flowing in the same direc- 
tion as when the inductor was being driven 
by the capacitor. When the inductor be- 
comes a current source, the voltage across 
its terminals reverses and it begins to re- 
charge the capacitor, with opposite polar- 
ity from its previous condition. Eventu- 
ally, all energy stored in the inductor's 
magnetic field is depleted as current de- 
creases to zero. The capacitor is fully 
charged, and all the energy is then stored 
in the capacitor's electric field. The ex- 
change of energy from capacitor to induc- 
tor and back to capacitor is then repeated, 
but with opposite voltage polarities and 
direction of current flow from the previ- 
ous exchange. It can be shown mathemati- 
cally that the "alternating" current and 
voltage produced by this process are sinu- 
soidal in waveform, with a frequency of 


NM (8) 

2x VLC 
which of course is the resonant frequency 
of the tank circuit. In the absence of a load 
or any losses to dissipate tank energy, the 
tank circuit current would oscillate for- 
ever. 

In a typical tank circuit such as shown 
in Fig 13.4, the values for L and C are 
chosen so that the reactance (Ҳу) of L is 
equal to the reactance (XC) of C at the fre- 
quency of the signal generated by the ac 
voltage source. If R is zero (since X; is 
equal to Xc), the line current Ij yg Mea- 
sured by M1 is close to zero. However, the 
circulating current in the loop made up of 
L, R and C is definitely not zero. Examine 
what would happen if the circuit were sud- 


f 


denly broken at points A and B. The cir- 
cuit is now made up of L, C and R, all in 
series. X, is equal to Xe, so the circuit is 
resonant. If some voltage is applied be- 
tween points A and B, the magnitude of 
circulating current is limited only by re- 
sistance R. If R were equal to zero, the 
circulating current would be infinite! 


The Flywheel Effect 


A tank circuit can be likened to a fly- 
wheel—a mechanical device for storing 
energy. The energy in a flywheel is stored 
in the angular momentum of the wheel. 

As soon as a load of some sort is at- 
tached, the wheel starts to slow or even 
stop. Some of the energy stored in the spin- 
ning flywheel is now transferred to the 
load. In order to keep the flywheel turning 
at a constant speed, the energy drained by 
the load must be replenished. Energy has 
to be added to the flywheel from some 
external source. If sufficient energy is 
added to the flywheel, it maintains its con- 
stant rotational speed. 

In the real world, of course, flywheels 
and tank circuits suffer from the same fate; 
system losses dissipate some of the stored 
energy without performing any useful 
work. Air resistance and bearing friction 
slow the flywheel. In a tank circuit, resis- 
tive losses drain energy. 


Tank Circuit Q 


In order to quantify the ability of a tank 
circuit to store energy, a quality factor, Q, 
is defined. Q is the ratio of energy stored 
in a system during one complete RF cycle 
to energy lost. 


Ws 
О=2л —- (9) 
Wi 
where 
W, = is the energy stored 
W, = the energy lost to heat and the 
load. 


AC 
Voltage 
Source 


Fig 13.4—There are two currents in a 
tank circuit: the line current (l ке) and 
the circulating current (lorc). The 
circulating current is dependent on 
tank Q. 


By algebraic substitution and appropri- 
ate integration, the Q for a tank circuit can 
be expressed as 

X 
Q-— 

Б (10) 
where 

X = the reactance of either the inductor 

or the capacitor 
R = the series resistance. 


Since both circulating current and Q are 
proportional to 1/R, circulating current is 
therefore proportional to Q. The tank 
circulating current is equal to the line cur- 
rent multiplied by Q. If the line current is 
100 mA and the tank Q is 10, then the cir- 
culating current through the tank is 1 A. 
(This implies, according to Ohm’s Law, 
that the voltage potentials across the com- 
ponents in a tank circuit also are propor- 
tional to Q.) 

When there is no load connected to the 
tank, the only resistances contributing to 
R are the losses in the tank circuit. The 
unloaded О (Qy) in that case is: 


(11) 


where . 

Х = the reactance of either the inductor 
or capacitor 

К, оз = the effective series loss 
resistance in the circuit. 


A load connected to a tank circuit has 
exactly the same effect on tank operation as 
circuit losses. Both consume energy. It just 
happens that energy consumed by circuit 
losses becomes heat rather than useful out- 
put. When energy is coupled out of the tank 
circuit into a load, the loaded Q (Q,) is: 


_ X 
Куо + Ку оаа 


QL a2) 


where К, oag is the load resistance. En- 
ergy dissipated in R,,,, is wasted as 
heat. Ideally, all the tank circuit energy 
should be delivered to В, „а. This im- 
plies that Кт, should be as small as 
practical, to yield the highest reasonable 
value of unloaded Q. 


Tank Circuit Efficiency 


The efficiency of a tank circuit is the 
ratio of power delivered to the load re- 
sistance (Ё, oaa) to the total power dissi- 
pated by losses (Кт and Ry oss) in the 
tank circuit. Within the tank circuit, 
Rioag and К, os, are effectively in series, 
and the circulating current flows 
through both. The power dissipated by 
each is therefore proportional to its re- 
sistance. The loaded tank efficiency can 
therefore be defined as 


R 
Tank Efficiency = Load — 100 


Ку оаа + Rios d “ 
where efficiency is stated as a percentage. 
By algebraic substitution, the loaded tank 
efficiency can also be expressed as 


Tank Efficiency =|1-24 |x100 14 


U 


where 
О; = the tank circuit loaded Q 
Qy = the unloaded Q of the tank circuit. 


It follows then that tank efficiency can 
be maximized by keeping Q, low, which 
keeps the circulating current low and the 
PR losses down. Qy should be maximized 
for best efficiency; this means keeping the 
circuit losses low. 

The selectivity provided by a tank cir- 
cuit helps suppress harmonic currents 
generated by the amplifier. The amount 
of harmonic suppression is dependent 
upon circuit loaded Оу, so а dilemma 
exists for the amplifier designer. A low 
О, is desirable for best tank efficiency, 
but yields poorer harmonic suppression. 
High Q, keeps amplifier harmonic lev- 
els lower at the expense of some tank 


` efficiency. At HF, a compromise value 


of Q, can usually be chosen such that 
tank efficiency remains high and har- 
monic suppression is also reasonable. 
At higher frequencies, tank Q, is not 
always readily controllable, due to un- 
avoidable stray reactances in the circuit. 
However, unloaded Qy can always be 
maximized, regardless of frequency, by 
keeping circuit losses low. 


Tank Output Circuits 


Tank circuit output networks need not 
take the form of a capacitor connected 
in parallel with an inductor. A number 
of equivalent circuits can be used to 
match the impedances normally encoun- 
tered in a power amplifier. Most are 
operationally more flexible than a par- 
allel-resonant tank. Each has its advan- 
tages and disadvantages for specific 
applications, but the final choice usu- 
ally is based on practical construction 
considerations and the component val- 
ues needed to implement a particular 
network. Some networks may require 
unreasonably high or low inductance or 
capacitance values. In that case, use 
another network, or a different value of 
Q;. Several different networks may be 
investigated before an acceptable final 
design is reached. 

The impedances of RF components 
and amplifying devices frequently are 
given in terms of a parallel combination 
of a resistance and a reactance, although 


itis often easier to use a series R-X com- 
bination to design networks. Fortu- 
nately, there is a series impedance 
equivalent to every parallel impedance 
and vice versa. The equivalent circuits, 
and equations for conversion from one 
to the other, are given in Fig 13.7. In 
order to use most readily available de- 
sign equations for computing matching 
networks, the parallel impedance must 
first be converted to its equivalent series 
form. 

The Q, of a parallel impedance can be 
derived from the series form as well. Sub- 
stitution of the usual formula for calculat- 
ing Q, into the equations from Fig 13.7 
gives 


(15) 


where 
Rp = the parallel equivalent resistance 
Xp- the parallel equivalent reactance. 


Several impedance-matching networks 
are shown in the Receivers chapter. A 
low-pass T network and two low-pass L 
networks are possible matching networks. 
Both types of matching networks provide 
good harmonic suppression. The pi net- 
work is also commonly used for amplifier 
matching. Harmonic suppression of a pi 
network is a function of the impedance 
transformation ratio and the Q, of the cir- 
cuit. Second-harmonic attenuation is ap- 
proximately 35 dB for a load impedance 
of 2000 Q in a pi network with a Q, of 10. 
The third harmonic is typically 10 dB 
lower and the fourth approximately 7 dB 
below that. A typical pi network as used in 
the output circuit of a tube amplifier is 
shown in Fig 13.8. 

You can calculate Pi-network match- 
ing-circuit values using the following 
equations. These equations are from Elmer 
(WSFD) Wingfield's August 1983 QST 


Xs 
— 
Rp t Xp Rs 


Parallel 
Equivalent 


Series 
Equivalent 


Fig 13.7—Parallel and series equivalent 
circuits and the formulas used for 
conversion. 
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Fig 13.8—A pi matching network used at the output of a tetrode power amplifier. 
RFC2 is used for protective purposes in the event Cg, ocx fails. 


Q, Based Pi-Network 
Equations 


Wingfield's equations are a great 
improvement because they solve 
for the desired component values 
in terms of Qo, the desired output 
Q. When the minumum circuit 
capacitance (Cmin) is too great, 
however, the Qo based equations 
do not work. Then we must use О, 
based equations to solve for Q and 
component values in terms of С.п. 


(A) 


R, eR 


А, eQo)+ 
(Ry •02) Xoz 


(С) 


Q42-1 


Given Cmin: 


О, =2nf С+В, (D) 
Then solve for Xca using B and 
X, using C. 


article, “New and Improved Formulas for 
the Design of Pi and Pi-L Networks," and 
Feedback in January 1984 QST. (See the 
Bibliography at the end of this chapter.) 
Table 13.1 shows some data from a 
computer program Wingfield wrote to 
calculate these values. This program 
(PI-CMIN.EXE) and a similar program 
to calculate Pi-L network values 
(PI-LCMIN.EXE) are on the diskette 
bundled with this book, along with several 
other useful Wingfield programs. The pro- 
grams are for IBM PC and compatible 
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computers. A more complete set of tables 
is also available from ARRL as a template 
package. Write to the Technical Depart- 
ment Secretary and ask for template HBK- 
MATCH. Please include $3 to cover copy- 
ing and mailing costs. 

The computer programs take into ac- 
count the minimum practical capacitance 
(С а) you can expect to achieve with your 
circuit, based on your knowledge of the 
tube output capacitance, stray circuit ca- 
pacitance, the minimum capacitance of the 
variable tuning capacitors and a reason- 
able amount of capacitance for tuning. 
(Start with a minimum capacitance of 
about 35 pF for vacuum variable capaci- 
tors and about 45 to 50 pF for air variable 
capacitors.) If the following equations 
lead to a capacitor value less than the mini- 
mum capacitance you expect to achieve, 
use the minimum value to recalculate the 
other quantities as shown in Q, Based Pi- 
Network Equations. This will result in a 
finalcircuit operating Q value that is larger 
than the selected value. (Wingfield uses 
Q, to represent this output Q, which is the 
same as Q, referred to earlier in this chap- 
ter. We will use Q, in the equations.) The 
program output includes this new calcu- 
lated О, value. 

Use the following equations to calcu- 
late specific component values for a Pi- 
network matching circuit. Select the de- 
sired circuit operating Q, Qo, to satisfy 
these relationships, depending on whether 
the load resistance is higher or lower than 
the transformed resistance presented to the 
plate: 


R R 
251 25) 
>— -l and >— -l1 
Qo R, Qo R, (16) 
where: 
R; is the input resistance to be matched, 
in ohms 


R, is the load (output) resistance to be 


matched, in ohms. 
Calculate the value of the input О, О,: 


2 
_ Кї Qo -Ri Ry Q5? - (R, -R2) 


" R, -R3 


(17) 

We will work through an example as the 

equations are presented. Let's select Qo = 
12, В, = 1500 Q and R, = 50 Q. 


| 1500x12— 1500x5012? - (1500 - 50)? 
Q7 1500—50 


de 1.80х10* — ү8.6975х10° _ зв 


1” 1450 

Next calculate the value of the output О, 
Qj: 
Q;- Qo- Qi 
О, = 12 – 10.38 = 1.62 


Now calculate the reactance of the input 
capacitor, output capacitor and inductor. 


(18) 


Xo =q (19) 


_ 1500 _ 
Xc 73535714450 


xosi 
C27 0, (20) 
Xc; = 0; =30.86 Q 
К,0, 
= 120. 2 
L OF ai (21) 
4 
1500х12 _ 180x10* _ 6550 


"10.387 +1 108.74 


Finally, calculate the component val- 
ues: 
1 


C, =———— 
2x f Xc 


(22) 


where f is in Hz and Xç; is in ohms. 


For our example, let’s find the compo- 
nent values at 3.75 MHz. 


1 


ра dn e MADE 
2л 3.75x10° x 144.5 
Д 
С = TX 5 (23) 
1 
C, =1375 pF 


© 2л 3.75x10° x 30.86 


Table 13.1 


Pi-Network Values for Various Plate Impedances 
(Sample Output from PI-CMIN.EXE by W5FD) 
C in pF and L in uH 


Pi-Net Values 


R2=50 Q, Q, = 12, C(min) = 35 pF 


Band C1 C2 
R1=1500 ohms 


80 294 1378 
40 154 721 
30 109 511 
20 78 364 
17 61 285 
15 52 243 
12 44 207 
10 38 179 


160 547 2619 


80 278 1328 
40 145 695 
30 103 492 
20 73 351 
17 57 274 
15 49 234 
12 42 199 
10 36 172 


R1=1700 ohms 
160 518 2527 


80 263 1281 
40 137 671 
30 97 475 
20 69 338 
17 54 265 
15 46 226 
12 39 192 
10 35 173 
R1=1800 ohms 
160 491 2441 
80 249 1238 
40 130 648 
30 92 459 
20 66 327 
17 51 256 
15 44 218 
12 37 186 
10 35 180 


160 468 2360 


80 237 1197 
40 124 626 
30 88 443 
20 63 316 
17 49 247 
15 42 211 
12 36 180 
10 35 186 


L 


zx 
оп 2-2 №№ р м 
O-WHROO4DA 
очо о 


оз с D роо 
ою ъъ о-оо з 
OVOROD 


Qo-12.0 
00=12.0 
Qo=12.0 
00=12.0 
Qo=12.0 


Qo=12.0 
00=12.0 
00=12.0 
00=12.0 
Qo=12.3 


Qo=12.0 
Qo=12.0 
Qo=12. 

Qo=12.0 
Qo=13.0 


Qo=1 2.0 
00=12.0 
Qo=12.0 
Qo=12.0 
Qo=13. 


Band C1 C2 
R1=2000 ohms 


160 427 


12 35 189 
10 35 199 


R1=2200 ohms 


160 409 2145 
80 207 1088 
40 109 569 
зо 77 403 
20 55 287 
17 45 232 
15 37 192 
12 35 197 
10 35 205 


R1=2300 ohms 
160 392 


160 377 


R1=2500 ohms 


160 363 1961 
80 184 994 
40 96 520 
30 68 368 
20 49 262 
17 38 205 
15 35 198 
12 35 215 
10 35 222 


Qo=12.0 
Qo=12.0 
Qo=12.0 
95=12.5 
Qo-14.4 


Qo=12.0 
Qo=12.0 
Qo=12.0 
00=13.0 
Qo=15.1 


Qo=12.0 
Qo=12.0 
Qo=12.0 
Qo=13.7 
Qo=1 5.8 


Qo=12.0 
Qo=12.0 
Qo=12. 


Qo=12.0. 


Qo=16.5 


Qo=12.0 
Qo=12.0 
Qo=12. 
Qo=14.8 
Qo=17. 


Xj (24) 


p- 1655 


mM =7.02 uH 
2n 3.75x10 


As an alternate method, after selecting 
the values for Qs, Кү and К», you can use 
the following equations: 


Ху = 


Q (R; +к,)+2ү, R; (Qo? +4)-(R; +R) 


Qj «4 (25) 
xs 
12(1500 +50) +21500x50 (122 4) (1500-50? 
122 44 
X,- 
4 7 6 
1.86x10 +2{111х10 —2.4025х10 -165.59 
148 
Q,R 
Q = |= -1 (26) 
X, 
12x15 
je ELN шр 
165.5 
О, =Q -Q, 
or 
Qo R2 
= at 
= (27) 
12x50 
= -1 =1.62 
Q2 165.5 


Use equations 19 and 20 to calculate the 
reactances of capacitors C, and C,. Equa- 
tions 22, 23 and 24 give the capacitance 
and inductance values for the pi network. 

The pi-L network is a combination of a 
pi network followed by an L network. The 
pi network transforms the load resistance 
to an intermediate impedance level called 
the image impedance. Typically, the im- 
age impedance is chosen to be between 
300 and 700 О. The L section then trans- 
forms from the image impedance down to 
50 Q. The output capacitor of the pi net- 
work is combined with the input capacitor 
for the L network, as shown in Fig 13.9. 
The pi-L configuration attenuates harmon- 
ics better than a pi network. Second har- 
monic level for a pi-L network with a Q; of 
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10 is approximately 52 dB below the fun- 
damental. The third harmonic is attenu- 
ated 65 dB and the fourth harmonic ap- 
proximately 75 dB. 

The following equations help you cal- 
culate pi-L matching-network values. 
Select an image resistance value (Rn) that 
the L network will supply as a load for the 
pi network. This value must be between 
the desired pi-L network input resistance 
(R,) and the output load resistance (R5). 
For example, you can use the value given: 


Ra = (Ку К, (28) 

The computer program, PI-LCMIN. 
EXE, uses 300 Q for R,, in its calculations. 
Changing the image resistance results in a 
different network solution. Use this equa- 
tion to compute the L network Q value, Q; : 


R 


UVR, (29) 


We will work through an example, us- 
ing R} = 15000, К, = 50 О and the desired 
pi-L network output О, Qo = 12. 


[300 
= |2221 =2.24 
QL 50 


Use equations 30 and 31 to calculate the 
L-network reactances. 


Xi; = QLR? (30) 
Ху, = 2.24 x 50 = 112 Q (31) 
X. Set 
QL (32) 
300 
= — = 1349 
d 2.24 


Next calculate the desired Q of the pi- 
network section (Qo). 
Qor = Qo - QL 
Оол = 12 - 2.24 = 9.76 


Use equations 17 through 21 or 25 
through 29 to calculate the pi-network re- 
actances, Xc,, Xj, and Xp, as shown in 
Fig 13.9. Be sure to use the value specified 
for R, as R, in these calculations. Also 
use the value just calculated for Qo, as 
Qo. Notice that Xp, is Xc; in equation 23. 


(33) 


Ооа вака Qo; - (Ri - Ra) 


О, 
Ri-Rm 

О= 

1500 9.76-— 1500 x 300 9.76? - (1500-300)? 
1500-300 

Qi- 

1.464 x 10*—4/4.287 x 107 - 1.44 x10f 

x10*-44287x107-L44x108 _ < g4 

1200 
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ZiMAGE (Км) 


b T” 


ii 


Fig 13.9—The pi-L network uses a pi network to transform the input impedances 
(R1) to the image impedance (ZiyAgg). An L network transforms Z,yace to R2. 


Q2 = Qo, -Q, = 9.76 - 6.84 = 2.92 


1500 
хсу=^*%=-———=19.30 
Q, 6.84 
300 
Xp =*=®=-2=—=102.70 
Q, 2.92 
1500 x 9.76 
Xp p= Rion 15009.70 «306.30 
о? +1 684241 


Combine the two parallel capacitors, 
5525 Xp, and Xp, to find the Pi-L network 
XC, value. 


Xp Xp? 
Хен тыг == 
Xp, + Xp; 
А 4 
Xo; - 102.7 x13 -583Q 
102.7 +134 


Finally, calculate the capacitance and 
inductance values using equations 22 
through 24. Table 13.2 shows some data 
from Wingfield's program, PI-LCMIN. 
For the sample calculation shown here, 
we choose a frequency of 3.75 MHz. 


1 1 
C; 2 ——— = ———— 
22 ХО 2nx3.75x10 x219.3 


C, =193.5 pF 


— 


1 
6 

Qn fXez 2T 3.75x10° x58.3 
C, =730 pF 


[o 


X 306.3 

L, =—+ = ——{ 713.0 uH 
2n f 2m 3.75x10 
Xi; 112 


- e =4.75 uH 
nf 2n 3.75x10 


The values for L and C in Tables 13.1 
and 13.2 are based on purely resistive load 


impedances and assume ideal capacitors 
and inductors. Any other circuit reac- 
tances will modify these values. 

Stray circuit reactances, including tube 
capacitances and capacitor stray induc- 
tances, should be included as part of the 
matching network. It is not uncommon for 
such reactances to render the use of cer- 
tain matching circuits impractical, be- 
cause they require either unacceptable 
loaded Q values or unrealistic component 
values. If all matching network alterna- 
tives are investigated and found unwork- 
able, some compromise solution must be 
found. 

Above 30 MHz, transistor and tube re- 
actances tend to dominate circuit im- 
pedances. At the lower impedances 
found in transistor circuits, the standard 
networks can be applied so long as 
suitable components are used. Above 
50 MHz, capacitors often exhibit values 
far different from their marked values 
because of stray internal reactances and 
lead inductance, and this requires com- 
pensation. Tuned circuits are frequently 
fabricated in the form of strip lines or 
other transmission lines in order to cir- 
cumvent the problem of building "pure" 
inductances and capacitances. The 
choice of components is often more sig- 
nificant than the type of network used. 

The high impedances encountered in 
VHF tube-amplifier plate circuits are 
not easily matched with typical net- 
works. Tube output capacitance is usu- 
ally so large that most matching net- 
works are unsuitable. The usual practice 
is to resonate the tube output capaci- 
tance with a low-loss inductance con- 
nected in series or parallel. The result 
can be a very high Q tank circuit. Com- 
ponent losses must be kept to an abso- 


Table 13.2 


Pi-L Network Values for Various Plate Impedances 
(Sample Output from PI-LCMIN.EXE by W5FD) 


C in pF and L in uH 
Pi-L Network Values 


Rm = 300 0, Q, = 12, R22 50 О 


C(min) = 35 pF 
Band C1 C2 
R121500 ohms 
160 382 1443 
80 194 732 
40 102 383 
30 72 270 
20 51 193 
17 40 151 
15 35 131 
12 35 123 
10 35 118 
R1=1600 ohms 
160 362 1423 
80 184 722 
40 96 378 
30 68 267 
20 48 190 
17 38 149 
15 35 134 
12 35 126 
10 35 120 
R1=1700 ohms 
160 344 1404 
80 175 712 
40 92 373 
30 65 263 
20 46 188 
17 36 147 
15 35 136 
12 35 129 
10 35 123 
R1=1800 ohms 
160 328 1387 
80 166 703 
40 87 368 
30 61 260 
20 44 186 
17 35 147 
15 35 139 
12 35 131 
10 35 125 
R1=1900 ohms 
160 313 1371 
80 159 695 
40 83 364 
30 59 257 
20 42 184 
17 35 149 
15 35 141 
12 35 133 
10 35 128 
R1=2000 ohms 
160 300 1356 
80 152 687 
40 80 360 
30 56 254 
20 40 181 
17 35 152 
15 35 143 
12 35 136 
10 35 130 


1 


12 


Qo=12.0 
Qo=12.0 
Qo=12.2 
00=14.0 
Qo=15.9 


Qo=12.0 
00=12.0 
Q,-12.8 
Qo=14.7 
Qo=16.7 


Qo=12.0 
05=12.0 
00=13.4 
00=15.4 
Qo=17.5 


Qo=12.0 
Qo=12.2 
Qo=13.9 
00=16.0 
00=18.2 


Q,-12.0 
Qo=12.7 
Qo=14.5 
Qo=16.7 
Qo=19. 


Qo=12.0 
Qo=13.2 
Qo=1 5.1 
Qo=17.4 
Qo=19. 


Band C1 C2 
R1=2100 ohms 
160 288 1341 
80 146 680 
40 76 356 
30 54 251 
20 39 180 
17 35 154 
15 35 146 
12 35 138 
10 35 132 
R1=2200 ohms 
160 277 1327 
80 140 673 
40 73 352 
30 52 249 
20 37 178 
17 35 156 
15 35 148 
12 35 140 
10 35 134 
R1=2300 ohms 
160 266 1315 
80 135 667 
40 71 349 
30 50 246 
20 36 176 
17 35 158 
15 35 150 
12 35 142 
10 35 137 
R1=2400 ohms 
160 257 1302 
80 130 660 
40 68 346 
зо 48 244 
20 35 176 
17 35 161 
15 35 152 
12 35 145 
10 35 139 
R1=2500 ohms 
160 248 1291 
80 126 654 
40 66 343 
зо 46 242 
20 35 178 
17 35 163 
15 35 154 
12 35 147 
10 35 141 


L1 


1.17 


36.9 


1.16 


Q,-12.0 
Q,-13.6 
Qo=15.6 
00=18.0 
Qo=20. 


Qo-12.0 
Qo=14.1 
Qo=16.2 
Qo=18.7 
Q,-21.3 


Qo=12.2 
00=15.0 
00=17.3 
00=20.0 
00=22.8 


Q,-12.6 
Qo=15.5 
Qo=17.8 
Qo=20.6 
Qo=23.5 


lute minimum in order to achieve rea- 
sonable tank efficiency. Output imped- 
ance transformation is usually per- 
formed by a link inductively coupled to 
the tank circuit or by a parallel transfor- 
mation of the output resistance using a 
series capacitor. 


Transformers 


Broadband transformers are often 
used in matching to the input impedance 
or optimum load impedance in a power 
amplifier. Multioctave power amplifier 
performance can be achieved by appro- 
priate application of these transformers. 
The input and output transformers are 
two of the most critical components ina 
broadband amplifier. Amplifier effi- 
ciency, gain flatness, input SWR, and 
even linearity all are affected by trans- 
former design and application. There 
are two basic RF transformer types, as 
described elsewhere in this Handbook: 
the conventional transformer and the 
transmission-line transformer. 

The conventional transformer is wound 
much the same way as a power trans- 
former. Primary and secondary windings 
are wound around a high-permeability 
core, usually made from a ferrite or pow- 
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(A) 


Fig 13.10—The two methods of 
constructing the transformers outlined 
in the text. At A, the one-turn loop is 
made from brass tubing; at B, a piece 
of coaxial cable braid is used for the 
loop. 
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dered-iron material. Coupling between the 
secondary and primary is made as tight as 
possible to minimize leakage inductance. 
At low frequencies, the coupling between 
windings is predominantly magnetic. As 
the frequency rises, core permeability de- 
creases and leakage inductance increases; 
transformer losses increase as well. 

Typical examples of conventional 
transformers are shown in Fig 13.10. In 
Fig 13.10A, the primary windings con- 
sist of brass or copper tubes inserted 
into ferrite sleeves. The tubes are 
shorted together at one end by a piece of 
copper-clad circuit board material. The 
secondary winding is threaded through 
the tubes. Since the low-impedance 
winding is only a single turn, the trans- 
formation ratio is limited to the squares 
of integers; for example, 1, 4, 9, 16, and 
so on. The lowest effective transformer 
frequency is determined by the induc- 
tance of the one-turn winding. It should 
have a reactance, at the lowest fre- 
quency of intended operation, at least 
four times greater than the impedance it 
is connected to. 

The coupling coefficient between the 
two windings is a function of the pri- 
mary tube diameter and its length, and 
the diameters and insulation thickness 
of the wire used in the high-impedance 
winding. High impedance ratios, greater 
than 36:1, should use large-diameter 
secondary windings. Miniature coaxial 
cable (using only the braid as the con- 
ductor) works well. Another use for 
coaxial cable braid is illustrated in Fig 
13.10B. Instead of using tubing for the 
primary winding, the secondary wind- 
ing is threaded through copper braid. 
Performance of the two units is almost 
identical. 

The cores used must be large enough 
so the core material will not saturate at 
the power level applied to the trans- 
former. Core saturation can cause per- 
manent changes to the core permeabil- 
ity, as well as overheating. Transformer 
nonlinearity also develops at core satu- 
ration. Harmonics and other distortion 
products are produced, clearly an unde- 
sirable situation. Multiple cores can be 
used to increase the power capabilities 
of the transformer. 

Transmission-line transformers are 
similar to conventional transformers, but 
can be used over wider frequency ranges. 
In a conventional transformer, high-fre- 
quency performance deterioration is 
caused primarily by leakage inductance, 
which rises with frequency. In a transmis- 
sion-line transformer, the windings are 
arranged so there is tight capacitive cou- 
pling between the two. A high coupling 
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coefficient is maintained up to consider- 
ably higher frequencies than with conven- 
tional transformers. 


Output Filtering 


Amplifier output filtering is some- 
times necessary to meet spurious signal 
requirements. Broadband amplifiers, by 
definition, provide little if any inherent 
suppression of harmonic energy. Even 
amplifiers using output tank circuits 
often require further attenuation of un- 
desired harmonics. High-level signals 
from one transmitter, particularly at 
multiple transmitter sites, can be inter- 
cepted by an antenna connected to an- 
other transmitter, conducted down the 
feed line and mix in a power amplifier, 
causing spurious outputs. For example, 
an HF transceiver signal radiated from a 
triband beam may be picked up by a 
VHF FM antenna on the same mast. The 
signal saturates the low-power FM 
transceiver output stage, even with 
power off, and is reradiated by the VHF 
antenna. Proper use of filters can reduce 
such spurious energy considerably. 

The filter used will depend on the ap- 
plication and the level of attenuation 
needed. Band-pass filters attenuate spu- 
rious signals above and below the pass- 
band for which they are designed. Low- 
pass filters attenuate only signals above 
the cutoff frequency, while high-pass 
filters reduce energy below the design 
cutoff frequency. 

The Filters chapter includes detailed 
information about designing suitable fil- 
ters. Tables of component values in the 
References chapter allow you to select a 
particular design and scale the values for 
different frequencies and impedance 
ranges as needed. 


TRANSMITTING DEVICE RATINGS 


Plate Dissipation 


The ultimate factor limiting the 
power-handling capability of a tube of- 
ten (but not always) is its maximum plate 
dissipation rating. This is the measure of 
how many watts of heat the tube can 
safely dissipate, if it is cooled properly, 
without exceeding critical temperatures. 
Excessive temperature can damage or 
destroy internal tube components or 
vacuum seals, resulting in tube failure. 
The same tube may have different volt- 
age, current and power ratings depend- 
ing on the conditions under which it is 
operated, but its safe temperature ratings 
must not be exceeded in any case! Im- 
portant cooling considerations are dis- 
cussed in more detail in the Amplifier 
Cooling section of this chapter. 


The efficiency of a power amplifier may 
range from approximately 25% to 75%, 
depending on its operating class, adjust- 
ment, and circuit losses. The efficiency 
indicates how much of the dc power sup- 
plied to the stage is converted to useful RF 
output power; the rest is dissipated as heat, 
mostly by the plate. By knowing the plate- 
dissipation limit of the tube and the effi- 
ciency expected from the class of opera- 
tion selected, the maximum power input 
and output levels can be determined. The 
maximum safe power output is 


PpNp 


Pour =— 
OUT” 100-Np 


(34) 
where 

Pour = the power output in W 

Py = the plate dissipation in W 

Np= the efficiency (10% = 10). 

The dc input power would simply be 


100 P5 


100 — Np (35) 


Pin = 


Almost all vacuum-tube power ampli- 
fiers in amateur service today operate 
as linear amplifiers (Class AB or B) with 
efficiencies of approximately 50% to 
65%. That means that a useful power 
output of approximately 1 to 2.0 times 
the plate dissipation generally can be 
achieved. This requires, or course, that 
the tube is cooled enough to realize its 
maximum plate dissipation rating and 
that no other tube rating, such as maxi- 
mum plate current or grid dissipation, is 
exceeded. 

Type of modulation and duty cycle 
also influence how much output power 
can be achieved for a given tube dissi- 
pation. Some types of operation are less 
efficient than others, meaning that the 
tube must dissipate more heat. Some 
forms of modulation, such as CW or 
SSB, are intermittent in nature, causing 
less average heating than modulation 
formats such as RTTY in which there is 
continuous transmission. Power-tube 
manufacturers use two different rating 
systems to allow for the variations in 
service. CCS (Continuous Commercial 
Service) is the more conservative rating 
and is used for specifying tubes that are 
in constant use at full power. The sec- 
ond rating system is based on intermit- 
tent, low-duty-cycle operation, and is 
known as ICAS (Intermittent Commer- 
cial and Amateur Service). ICAS ratings 
are normally used by commercial manu- 
facturers and individual amateurs who 
wish to obtain maximum power output 
consistent with reasonable tube life in 
CW and SSB service. CCS ratings 
should be used for FM, RTTY and SSTV 
applications. (Plate power transformers 


. for amateur service are also rated in 
CCS and ICAS terms.) 


Maximum Ratings 


Tube manufacturers publish sets of 
maximum values for the tubes they pro- 
duce. No maximum rated value should 
ever be exceeded. As an example,.a tube 
might have a maximum plate-voltage rat- 
ing of 2500 V, a maximum plate-current 
rating of 500 mA, and a maximum plate. 
dissipation rating of 350 W. Although the 
plate voltage and current ratings. might 
seem to imply a safe power input of 2500 
V x 500 mA = 1250 W, this is true only if 
the dissipation rating will'not be exceeded. 
If the tube is used in class AB2 with an 
expected efficiency of 60%, the maximum 
safe dc power input is 


100 Pp _ 100 x 350 
100 -Np 100 - 60 


In this case, any combination of plate 
voltage and current whose product does 
not exceed 875 W (and which allows the 
. tube to achieve the expected 60% effi- 
. ciency) is acceptable. A good compromise 
might be 2000 V and 437 mA: 2000 x 
0.437 = 874 W input. If the maximum plate 
voltage of 2500 is used, then the plate 
current should be limited to 350 mA (not 


N = = 875 W 


500 mA) to stay within the maximum plate 


dissipation rating of 350 W. 


TRANSISTOR POWER 
DISSIPATION i 


RF power-amplifier transistors are lim- 
ited in power-handling capability by the 
amount of heat the device can safely dissi- 
pate. Power dissipation for a transistor is 
abbreviated Pp. The maximum rating is 
based on maintaining a case temperature of 
25°C (77°F), which is-seldom possible if a 
conventional air-cooled heat sink is used in 
an ambient air temperature of 70° F or 
higher. For higher temperatures, the device. 


must be derated (in terms of milliwatts or . 


watts per degree C) as specified by the manu- 


facturer for that particular device. The effi-. 
ciency considerations described earlier in- 


reference to plate dissipation apply here also. 
A rule of thumb for selecting a transistor 
suitable for a given RF power output level is 
to choose one that has a maximum dissipa- 
tion (with the heat sink actually to be used) 
of twice the desired output power. | 


MAXIMUM TRANSISTOR RATINGS 


Transistor data sheets specify the maxi- 
mum operating voltage for several condi- 
tions. Of particular interest is the Vego 
specification (collector to emitter voltage, 


with the-base open). In RF amplifier ser- _ 


vice the collector to emitter voltage can 
rise to twice the dc supply potential. Thus, 


Table 13.3. 


Typical Tank- -Capacitor Plate Spacings 


Spacing. - Peak ` Spacing Peak 
Inches Voltage Inches Voltage 
0.015 1000 0.07 © 3000 - 
0.02 1200 0.08 3500 
0.03 1500 0.125 4500 
0:05 2000 .. 0.15 6000 


Spacing Peak 


Inches Voltage 
0.175 7000. 
^ 0.25 9000 
0.35 11000 
|, 0.5 ‚13000 


if a 12-V supply is used, the transistor 
should have а Vego of 24 V or greater to, 


` preclude damage. 
The maximum collector current is also: 


specified by the manufacturer. This speci- 
fication is actually limited by the current- 
carrying capabilities of the internal bond- 


ing wires. Of course, the collector current ^ 


must stay below the level that generates 
heat higher than the allowable device 
power dissipation. Many transistors are 
also rated for the load mismatch they can 
safely withstand. A typical specification 


might be for a transistor to tolerate a 30:1. 


SWR at all phase angles. 

Transistor manufacturers publish data 
sheets that describe all the appropriate de- 
vice ratings. Typical operating results are 


also given in these data sheets. In addition, . 


many manufacturers publish application 
notes illustrating the use of their devices in 
practical circuits. Construction details are 


. usually given. Perhaps owing to the popu- 


larity of Amateur Radio among electrical 
engineers, many of the notes describe ap- 


plications especially suited to the Amateur : 
Service. Specifications for some. of the 
more popular RF power transistors are · 


found in the Component Data chapter. 


PASSIVE COMPONENT RATINGS : 
Output Tank Capacitor Ratings 


Thetank capacitor in a high-power ampli- А 
fier should be chosen with sufficient spac- . 


ing between plates to preclude high-voltage 
breakdown. The peak RF voltage present 
across a properly loaded tank circuit, with- 
out modulation, may be taken conserva- 
tively as being equal to the dc plate or collec- 
tor voltage. If the dc supply voltage also 
appears across the tank capacitor, this must 


` be added to the peak RF voltage, making the . 


total peak voltage twice the de supply volt- 


· age. At the higher voltages, it is usually de- 


sirable to design the tank circuit so that the 
dc supply voltages do not appear across the 
tank capacitor, thereby allowing the use of a 
smaller capacitor with less plate spacing. Ca- 
pacitor manufacturers usually rate their 


- products in terms of the peak voltage be- ` 


tween plates. Typical plate spacings are 
given in Table 13.3. 
Output ‘tank’ capacitors should be 


mounted as close to the tube as tempera- 
ture considerations will permit, to make 
possible the shortest path with the lowest 
possible inductive reactance from plate to 
cathode. Especially at the higher frequen- , 
cies, where minimum circuit capacitance 
becomes important, the capacitor should 
be mounted with its stator plates well 


_ spaced from the chassis or other shielding. 


In circuits in which the rotor must be insu- 
lated from ground, the capacitor should be 


- mounted on ceramic insulators of a size 


commensurate with the plate voltage in- 
volved and—most important of all, from 


' the viewpoint of safety to the operator—a 


well-insulated coupling should be used. 
between the capacitor shaft and the knob. 


The section of the shaft attached to the 


control knob should be well grounded. - 
This can be done conveniently by means 
of a metal shaft bushing at the panel. 


High-Frequency Tank Coils 


Tank coils should be mounted at least 
half their diameter away from shielding or 
other large metal surfaces, such as blower 
housings, to prevent a marked loss in Q. 
Except perhaps at 24 and 28 MHz, itis not 
essential that the coil be mounted ex- 


_ tremely close to the tank capacitor. Leads 


up to 6 or 8 inches are permissible. It is 
more important to keep the tank capacitor, 
as well as other components, out of the 


Table 13.4 

Copper Conductor Sizes for 
Transmitting Coils for Tube 
Transmitters 


Power- Band Minimum 
Output (MHz) Conductor 
(Watts) Size 
1500 1.8-3.5 | 10 
: 7-14 8 or 1/8" 
18-28 : 6 or 3/16" 
500 1.8-3.5 12 
A 7-14 10 
ў 18-28 Вог 1/8" 
150 1.8-3.5 16 
7-14 12 
18-28 10 


*Whole numbers are AWG; fractions of 
inches are tubing ODs. 


RF Power Amplifiers 13.11 


immediate field of the coil. 

The principal practical considerations 
in designing a tank coil usually are to se- 
lect a conductor size and coil shape that 
will fit into available space and handle the 
required power without excessive heating. 
Excessive power loss as such is not neces- 
sarily the worst hazard in using too-small 
a conductor: it is not uncommon for the 
heat generated to actually unsolder joints 
in the tank circuit and lead to physical 
damage or failure. For this reason it’s ex- 
tremely important, especially at power 
levels above a few hundred watts, to en- 
sure that all electrical joints in the tank 
circuit are secured mechanically as well 
as soldered. Table 13.4 shows recom- 
mended conductor sizes for amplifier tank 
coils, assuming loaded tank circuit Qs of 
15 or less on the 24 and 30 MHz bands and 
8 to 12 on the lower frequency bands. 

In the case of input circuits for screen- 
grid tubes where driving power is quite 
small, loss is relatively unimportant and 
almost any physically convenient wire 
size and coil shape is adequate. 

The conductor sizes in Table 13.4 are 
based on experience in continuous-duty 
amateur CW, SSB, and RTTY service and 
assume that the coils are located in a rea- 
sonably well ventilated enclosure. If the 
tank area is not well ventilated and/or if 
significant tube heat is transferred to the 
coils, it is good practice to increase AWG 
wire sizes by two (for example, change 
from AWG 12 to AWG 10) and tubing 
sizes by '/16 inch. 

Larger conductors than required for 
current handling are often used to maxi- 
mize unloaded Q, particularly at higher 
frequencies. Where skin depth effects in- 
crease losses, the greater surface area of 
large diameter conductors can be benefi- 
cial. Small-diameter copper tubing, up to 
3/s inch outer diameter, can be used suc- 
cessfully for tank coils up through the 
lower VHF range. Copper tubing in sizes 
suitable for constructing high-power coils 
is generally available in 50 ft rolls from 
plumbing and refrigeration equipment 
suppliers. Silver plating the tubing further 
reduces losses. This is especially true as 
the tubing ages and oxidizes. Silver oxide 
is a much better conductor than copper 
oxides, so silver-plated tank coils main- 
tain their low-loss characteristics even 
after years of use. 

At VHF and above, tank circuit induc- 
tances do not necessarily resemble the fa- 
miliar coil. The inductances required to 
resonate tank circuits of reasonable Q at 
these higher frequencies are small enough 
that only strip lines or sections of trans- 
mission line are practical. Since these are 
constructed from sheet metal or large-di- 
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ameter tubing, current-handling capabili- 
ties normally are not a relevant factor. 


RF Chokes 


The characteristics of any RF choke 
vary with frequency. At low frequencies 
the choke presents a nearly pure induc- 
tance. At some higher frequency it takes 
on high impedance characteristics resem- 
bling those of a parallel-resonant circuit. 
At a still higher frequency it goes through 
a series-resonant condition, where the 
impedance is lowest—generally much too 
low to perform satisfactorily as a shunt- 
feed plate choke. As frequency increases 
further, the pattern of alternating parallel 
and series resonances repeats. Between 
resonances, the choke will show widely 
varying amounts of inductive or capaci- 
tive reactance. 

In series-feed circuits, these characteris- 
tics are of relatively small importance be- 
cause the RF voltage across the choke is 
negligible. In a shunt-feed circuit such as is 
used in most high-power amplifiers, how- 
ever, the choke is directly in parallel with 
the tank circuit, and is subject to the full 
tank RF voltage. If the choke does not 
present a sufficiently high impedance, 
enough power will be absorbed by the 
choke to burn it out. To avoid this, the 
choke must have a sufficiently high reac- 
tance to be effective at the lowest frequency 
(at least equal to the plate load resistance), 
and yet have no series resonances near any 
of the higher frequency bands. A resonant- 
choke failure in a high-power amplifier can 
be very dramatic and damaging! 

Thus any choke intended for shunt-feed 
use should be carefully investigated with 
a dip meter. The choke must be shorted 
end-to-end with a direct, heavy braid or 
strap. Because nearby metallic objects af- 
fect the resonances, it should be mounted 
in its intended position, but disconnected 
from the rest of the circuit. A dip meter 
coupled an inch or two away from one end 
of the choke nearly always will show a 
deep, sharp dip at the lowest series-reso- 
nant frequency and shallower dips at 
higher series resonances. 

Any choke to be used in an amplifier for 
the 1.8 to 28 MHz bands requires careful 
(or at least lucky!) design to perform well 
on all amateur bands within that range. 
Most simply put, the challenge is to 
achieve sufficient inductance that the 
choke doesn't "cancel" a large part of tun- 
ing capacitance on 1.8 MHz. At the same 
time, try to position all its series reso- 
nances where they can do no harm. In gen- 
eral, close wind enough #20 to #24 magnet 
wire to provide about 135 uH inductance 
on a 2/4 їо 1-inch diameter cylindrical form 
of ceramic, Teflon, or fiberglass. This 


gives a reactance of 1500 Q at 1.8 MHz 
and yet yields a first series resonance in the 
vicinity of 25 MHz. Before the advent of 
the 24.9 MHz band this worked fine. But 
trying to "squeeze" the resonance into the 
narrow gaps between the 21, 24, and/or 
28 MHz bands is quite risky unless 
sophisticated instrumentation is available. 
If the number of turns on the choke is se- 
lected to place its first series resonance at 
23.2 MHz, midway between 21.45 and 
24.89 MHz, the choke impedance will typi- 
cally be high enough for satisfactory op- 
eration on the 21, 24 and 28 MHz bands. 
The choke's first series resonance should 
be measured very carefully as described 
above using a dip meter and calibrated re- 
ceiver or RF impedance bridge, with the 
choke mounted in place on the chassis. 

Investigations with a vector impedance 
meter have shown that "trick" designs, 
such as using several shorter windings 
spaced along the form, show little if any 
improvement in choke resonance charac- 
teristics. Some commercial amplifiers cir- 
cumvent the problem by bandswitching 
the RF choke. Using a larger diameter (1 
to 1.5 inch) form does move the first series 
resonance somewhat higher for a given 
value of basic inductance. Beyond that, it 
is probably easiest for an all-band ampli- 
fier to add or subtract enough turns to 
move the first resonance to about 35 MHz 
and settle for a little less than optimum 
reactance on 1.8 MHz. 


Blocking Capacitors 


A series capacitor is usually used at the 
input of the amplifier output circuit. Its 
purpose is to block dc from appearing on 
matching circuit components or the an- 
tenna. As mentioned in the section on tank 
capacitors, output-circuit voltage require- 
ments are considerably reduced when only 
RF voltage is present. 

To provide a margin of safety, the volt- 
age rating for a blocking capacitor should 
be at least 25 to 50% greater than the dc 
voltage applied. A large safety margin is 
desirable, since blocking capacitor failure 
can bring catastrophic results. 

To avoid affecting the amplifier's tun- 
ing and matching characteristics, the 
blocking capacitor should have a low im- 
pedance at all operating frequencies. Its 
reactance at the lowest operating fre- 
quency should be not more than about 5% 
of the plate load resistance. 

The capacitor also must be capable of 
handling, without overheating or signifi- 
cantly changing value, the substantial RF 
current that flows through it. This current 
usually is greatest at the highest frequency 
of operation where tube output capaci- 
tance constitutes a significant part of the 


lopiock = Ip + 0.15 х Cour X Vac 


total tank capacitance. A significant por- 
tion of circulating tank current therefore 
flows through the blocking capacitor. As a 


‘conservative and very rough rule of 


thumb, the maximum RF current in the 
blocking capacitor (at 28 MHz) is 


where 


blocking capacitor, in A : 
Cour = output capacitance of the output 
` tubes,'in pF : 
‚ = de plate voltage, in kV. 
$ = = dc plate current at full output, in A: 


Transmitting capacitors aré rated by . 


their manufacturers in terms of their RF 
current-carrying capacity at various fre- 
quencies. Below a couple hundred watts at 


the high frequencies, ordinary disc céramic 


capacitors of suitable voltage rating work 


well in high-impedance tube amplifier 


output circuits. Some larger disk capaci- 
tors rated at 5 to 8 kV also work well for 
higher power levels at HF; for example, 
two inexpensive Centralab type DD-602 
discs (0.002 uF, 6 kV) in parallel have 


_ proved to be a reliable blocking capacitor 


i 


for 1.5-kW amplifiers operating at plate 


voltages to about 2.5 kV. At very high 
power and voltage levels and at VHF, се-` 
ramic “doorknob” transmitting capacitors |. 


are needed for their low losses and high 
current handling capabilities. So-called 


"TV doorknobs” may break down at high ` 


RF current levels and should be avoided. 
The very high values of Q, found in many 
VHF and UHF tube-type amplifier tank cir- 


'cuits often require custom fabrication of the 


blocking capacitor. This can usually be ac- 
commodated through the use of a Teflon 
"sandwich" capacitor. Here, the blocking 
capacitor is formed from two parallel plates 
separated by a thin layer of Teflon. This 
capacitor often is part of the tank circuit it- 


Self, forming a very low-loss blocking ca- 


pacitor. Teflon is rated for a minimum break- 
down voltage of 2000 V per mil of thickness, 


` во voltage breakdown should not be a factor 
‚ in any practically realized circuit. The ca- 
pacitance formed from such a Teflon sand- - 


wich can be calculated from the information 
presented elsewhere in this Handbook (use a 
dielectric constant of 2.1 for Teflon). In or- 
der to prevent any potential irregularities 
caused by dielectric thickness variations (in- 
cluding air gaps), Dow-Corning DC-4 sili- 
cone grease should be evenly applied to both 
sides of the Teflon dielectric. This grease 
has properties similar to Teflon, and will fill 
inany surface irregularities that might cause 
problems. 

| The very low impedances found in tran- 
sistorized amplifiers present special prob- 
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Ісвюск = maximum RMS current through 


` lems. In order to achieve the desired low 


blocking-capacitor impedance, . large- 


value capacitors are required. Special ce- · 


ramic chips and mica capacitors are avail- 
able that meet the requirements for high 
capacitance, large current carrying capa- 
bility and low associated inductance. 
These capacitors are more costly than 
standard disk-ceramic or silver-mica 


` units, but their level of performance easily · 


justifies their price. Most of these special- 


‘purpose capacitors are either leadless or 


come with wide straps instead of normal 
wife leads. Disc-ceramic and other wire- 
lead capacitors are generally not suitable 


‚ for transistor power-amplifier service. 


SOURCES OF OPERATING 
VOLTAGES 


Tube Filament or Heater Voltage 


-The heater voltage for the indirectly 
heated cathode- tubes found in low-power 
classifications may vary 10% above or be- 


_low rating without seriously reducing the 


life of the tube. A power vacuum tube can 


: use either a directly. heated filament or an 


indirectly heated cathode. The filament 


voltage for either type should be held within- 


5% of rated-voltage. Because of internal 
tube heating at UHF and higher, the manu- 


facturers’ filament voltage rating often is . 
reduced at these higher frequencies. The . 


derated filament voltages should be fol- 


: lowed carefully to maximize tube life. 


Series dropping resistors may be required 


_ in the filament circuit to attain the correct 


voltage. The voltage should be measured 
at the filament pins of the tube socket 
while the amplifier is running. The filament 
choke and interconnecting wiring all have 
voltage. drops associated with them. The 


. high current drawn by a power-tube heater 


circuit causes substantial voltage drops to 
occur across even small resistances. Also, 
make sure that the plate power drawn from 


the power line does not cause the filament : 
voltage to drop below the proper value when 


plate power is applied. 

Thoriated filaments lose emission when 
the tube is overloaded appreciably. If the 
overload has not been too prolonged, emis- 
sion sometimes may be restored by operat- 
ing the filament at rated voltage, with all 
other voltages removed, for a period of 30 
to 60 minutes. Alternatively, you might try 
operating the tube at 20% above rated fila- 
ment voltage for five to ten minutes. , 


Vacuum-Tube Plate Voltage 


DC plate voltage for the operation of 
RF amplifiers is most often obtained from 


a transformer-rectifier-filter system (see 


the Power Supplies chapter) designed to 
deliver the required plate voltage at the 


required current. It is not unusual for a 


power tube to arc over internally (gener- 
ally from the plate to the screen or control 
grid) once ortwice, especially soon after it 
is first placed into service. The flashover 


. by itself is not normally dangerous to the 


tube, provided that instantaneous maxi- 
mum plate current to the tube is held to a 
safe value and the high-voltage plate sup- 
ply is shut off very quickly. : 3 
A good protective measure against this is 
the inclusion of a high-wattage power resis- 
tor in series with the plate high-voltage cir- 
cuit: The value of the resistor, in ohms, 
should be approximately 10 to 15 times the 
no-load plate voltage in kV. This will limit 
peak fault current to 67 to 100 A. The series . 
resistor should be rated for 25 or 50 W power 
dissipation; vitreous enamel coated wire- 
wound resistors of the common Ohmite or 
Clarostat.types have been found to be ca- 


pable of handling repeated momentary fault- 


current surges without damage. Aluminum- 
cased resistors such as some made by Dale 


` аге not recommended for this application. 


Each resistor also must be large enough to 
safely handle the maximum value of normal 
plate current; the wattage rating required 
may be calculated from Р = PR. If the total 
filter capacitance exceeds 25 uF, it is a good 
idea to use 50-W resistors in any case. Even 
at high plate-current levels, the addition of 
the resistors does little to affect the dynamic 
regulation of the plate supply. 

Since tube (or other high-voltage circuit) 
arcs are not necessarily self-extinguishing, 
a fast-acting plate overcurrent relay or pri- 
mary circuit breaker also is recommended 
to quickly shut off ac power to the HV sup- . 
ply when an arc begins. Using this protec- 
tive system, a mild HV flashover may go 
undetected, while a more severe one will 
rémove ac power from the HV supply. (The 
cooling blower should remain energized 
however, since the tube may be hot when 
the HV is removed due to an arc.) If effec- 
tive protection is not provided, however, a 


-“normal” flashover, even in a new tube, is 


. likely to damage or destroy the tube, and 
also frequently destroys the rectifiers in the 


power supply as well as the plate RF choke. 
A power tube that flashes over more than 
about 3 to 5 times in a period of several 
months likely is defective and will have to 
be replaced before long. 


- Grid Bias 


The grid bias for a linear amplifier 
should be highly filtered and well regu- 


lated. Any ripple or other voltage change 


in the bias circuit modulates the amplifier. 
This causes hum and/or distortion to ap- 
pear on the signal. Since most linear am- 
plifiers draw only small amounts of grid 
current, these bias-supply requirements 
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Fig 13.11—Various techniques for providing operating bias with tube amplifiers. 


Fig 13.12—A Zener-regulated screen supply for use with a tetrode. Protection is 
provided by a fuse and a varistor. 


are not difficult to achieve. 

Fixed bias for class AB1 tetrode and 
pentode amplifiers is usually obtained 
from a variable-voltage regulated supply. 
Voltage adjustment allows setting bias 
level to give the desired resting plate cur- 
rent. Fig 13.11A shows a simple Zener- 
diode-regulated bias supply. The dropping 
resistor is chosen to allow approximately 
10 mA of Zener current. Bias is then rea- 
sonably well regulated for all drive condi- 
tions up to 2 or 3 mA of grid current. The 
potentiometer allows bias to be adjusted 
between Zener and approximately 10 V 
higher. This range is usually adequate to 
allow for variations in the characteristics 
of different tubes. Under standby condi- 
tions, when it is desirable to cut off the 
tube entirely, the Zener ground return is 
interrupted so the full bias supply voltage 
is applied to the grid. 

In Fig 13.11B and C, bias is obtained 
from the voltage drop across a Zener diode 
in the cathode (or filament center-tap) 
lead. Operating bias is obtained by the 
voltage drop across Dł as a result of plate 
(and screen) current flow. The diode volt- 
age drop effectively raises the cathode 
potential relative to the grid. The grid is 
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therefore negative with respect to the cath- 
ode by the Zener voltage of the diode. The 
Zener-diode wattage rating should be 
twice the product of the maximum cath- 
ode current times the rated zener voltage. 
Therefore, a tube requiring 15 V of bias 
with a maximum cathode current of 100 
mA would dissipate 1.5 W in the Zener 
diode. To allow a suitable safety factor, 
the diode rating should be 3 W or more. 
The circuit of Fig 13.11C illustrates how 
Di would be used with a cathode driven 
(grounded grid) amplifier as opposed to 
the grid driven example at B. 

In all cases, the Zener diode should be 
bypassed by a 0.01-uF capacitor of suit- 
able voltage. Current flow through any 
type of diode generates shot noise. If not 
bypassed, this noise would modulate the 
amplified signal, causing distortion in the 
amplifier output. 


Screen Voltage For Tubes 


Power tetrode screen current varies 
widely with both excitation and loading. 
The current may be either positive or nega- 
tive, depending on tube characteristics and 
amplifier operating conditions. In a linear 
amplifier, the screen voltage should be 


well regulated for all values of screen cur- 
rent. The power output from a tetrode is 
very sensitive to screen voltage, and any 
dynamic change in the screen potential can 
cause distorted output. Zener diodes are 
commonly used for screen regulation. 

Fig 13.12 shows a typical example of a 
regulated screen supply for a power tet- 
rode amplifier. The voltage from a fixed 
dc supply is dropped to the Zener stack 
voltage by the current-limiting resistor. A 
screen bleeder resistor is connected in 
parallel with the zener stack to allow for 
the negative screen current developed un- 
der certain tube operating conditions. 
Bleeder current is chosen to be roughly 10 
to 20 mA greater than the expected maxi- 
mum negative screen current, so that 
screen voltage is regulated for all values 
of current between maximum negative 
screen current and maximum positive 
screen current. For external-anode tubes 
in the 4CX250 family, a typical screen 
bleeder current value would be 20 mA. For 
the 4CX1000 family, a screen-bleeder 
current of 70 mA is required. 

Screen voltage should never be applied to 
a tetrode unless plate voltage and load also 
are applied; otherwise the screen tends to act 
like an anode and will draw excessive cur- 
rent. Supplying the screen through a series 
dropping resistor from the plate supply af- 
fords a measure of protection, since the 
screen voltage only appears when there is 
plate voltage. Alternatively, a fuse can be 
placed between the regulator and the bleeder 
resistor. The fuse should not be installed 
between the bleeder resistor and the tube, 
because the tube should never be operated 
without a load on the screen. Without a load, 
the screen potential tends to rise to the anode 
voltage. Any screen bypass capacitors or 
other associated circuits are likely be dam- 
aged by this high voltage. 

In Fig 13.12, a varistor is connected from 
screen to ground. If, because of some circuit 
failure, the screen voltage should rise sub- 
stantially above its nominal level, the varis- 
tor will conduct and clamp the screen volt- 
age to a low level. If necessary to protect the 
varistor or screen dropping resistors, a fuse 
or overcurrent relay may be used to shut off 
the screen supply so that power is interrupted 
before any damage occurs. The varistor volt- 
age should be approximately 30 to 5096 
higher than normal screen voltage. 


Transistor Biasing 


Solid-state power amplifiers generally 
operate in Class C or AB. When some 
bias is desired during Class C operation 
(Fig 13.13A), a resistance of the appropri- 
ate value can be placed in the emitter return 
as shown. Most transistors will operate in 
Class C without adding bias externally, but 
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Fig 13.13—Biasing methods for use with transistor amplifiers. 


in some instances the amplifier efficiency 
can be improved by means of emitter bias. 
Reverse bias supplied to the base of the 
Class C transistor should be avoided be- 
cause it will lead to internal breakdown of 
the device during peak drive periods. The 
damage is frequently a cumulative phe- 
nomenon, leading to gradual destruction of 
the transistor junction. 

A simple method for Class AB biasing is 
shown in Fig 13.13B. D1 is a silicon diode 
that acts as a bias clamp at approximately 
0.7 V. This forward bias establishes linear- 
amplification conditions. That value of bias 
is not always optimum for a specified tran- 
sistor in terms of IMD. Variable bias of the 
type illustrated in Fig 13.13C permits the 
designer sufficient flexibility to position the 
operating point for best linearity. The diode 
clamp or the reference sensor for another 
type of regulator is usually thermally bonded 
to the power transistor or its heat sink. The 
bias level then tracks the thermal character- 
istics of the output transistor. Since a 
transistor’s current transfer characteristics 
are a function of temperature, thermal track- 
ing of the bias is necessary to maintain de- 
vice linearity and, in the case of bipolar de- 
vices, to prevent thermal runaway and the 
subsequent destruction of the transistor. 


AMPLIFIER COOLING 


Tube Cooling 


Vacuum tubes must be operated within 
the temperature range specified by the 
manufacturer if long tube life is to be 
achieved. Tubes having glass envelopes 


and rated at up to 25-W plate dissipation 
may be used without forced-air cooling if 
the design allows a reasonable amount of 
convection cooling. If a perforated metal 
enclosure is used, and a ring of '/s to ?/s- 
inch-diameter holes is placed around the 
tube socket, normal convective air flow 
can be relied on to remove excess heat at 
room temperatures. 

For tubes with greater plate dissipation 
ratings, and even for very small tubes op- 
erated close to maximum rated dissipa- 


tion, forced-air cooling with a fan or 
bloweris needed. Most manufacturers rate 
tube cooling requirements for continuous- 
duty operation. Their literature will indi- 
cate the required volume of air flow, in 
cubic feet per minute (CFM), at some par- 
ticular back pressure. Often this data is 
given for several different values of plate 
dissipation, ambient air temperature and 
even altitude above sea level. 

One extremely important consideration 
is often overlooked by power-amplifier 
designers and users alike: a tube's plate 
dissipation rating is only its maximum 
potential capability. The power that it can 
actually dissipate safely depends directly 
on the cooling provided. The actual power 
capability of virtually all tubes used in 
high-power amplifiers for amateur service 
depends on the volume of air forced 
through tbe tube's cooling structure. 

This requirement usually is given in terms 
of cubic feet of air per minute, (CFM), deliv- 
ered into a “back pressure” representing the 
resistance of the tube cooler to air flow, 
stated in inches of water. Both the CFM of 
air flow required and the pressure needed to 
force it through the cooling system are de- 
termined by ambient air temperature and 
altitude (air density), as well as by the 
amount of heat to be dissipated. The cooling 
fan or blower must be capable of delivering 
the specified air flow into the corresponding 
back pressure. As a result of basic air flow 
and heat transfer principles, the volume of 
air flow required through the tube cooler 
increases considerably faster than the plate 
dissipation, and back pressure increases 
even faster than air flow. In addition, blower 


Table 13.5 


Specifications of Some Popular Tubes, Sockets and Chimneys 


Tube CFM Back Pressure 
(inches) 
3-4002/8163 13 0.13 
3-5002 13 0.082 
3CX800A7 19 0.50 
3-1000Z/8164 25 0.38 
3CX1500/8877 35 0.41 
4-250A/5D22 2 0.1 
4-400A/8438 14 0.25 
4-1000A/8166 20 0.6 
4CX250R/7850W 6.4 0.59 
4CX300A/8167 7.2 0.58 
4CX350A/8321 7.8 1.2 
4CX1000A/8168 25 0.2 
4CX1500/8660 
8874 8.6 0.37 


Socket Chimney 
SK-400, SK-410 SK-416 
SK-400, SK-410 SK-406 
EIMAC P/N 154353 

SK-500, SK-510 SK-516 
SK-2200, SK-2210 SK-2216 
SK-400, SK-410 SK-406 
SK-400, SK-410 SK-406 
SK-500, SK-510 SK-506 
SK-600, SK-600A, SK602A SK-606 


SK-610, SK-610A, SK-611, SK-626 
SK-612, SK-620, SK-620A 
SK-621, SK-630 


SK-700, SK-710, SK-711A SK-606 
SK-712A, SK-740, SK-760 
SK-761, SK-770, 
Same as 4CX250R 
SK-800B, SK-810B, SK-806 


SK-890B 


These values are for sea-level elevation. For locations well above sea level (5000 ft/ 
1500m, for example), add an additional 20% to the figure listed. 
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Table 13.6 
Blower Performance Specifications 


Wheel Wheel RPM Free Air CFM for Back Pressure (inches) Cutoff Stock 

Dia Width CFM 01 0.2 03 0.4 0.5 No. 

2" 1" 3160 15 13 4 — ~ — 0.22 2С782 
3" 1-15/32" 3340 54 48 43 36 25 17 0.67 40012 
3" 1-7/8" 3030 60 57 54 49 39 23 0.60 | 4C440 
3" 1-7/8" 2880 76 70 63 56 45 8 0.55 4С004 
3-13/16"  1-7/8" 2870 100 98 95 90 85 80 0.80 4С443 
3-13/16" 2-1/2" 3160 148 141 135 129 121 114 1.04 4С005 


Cytindrical 
Chimney 
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Air System 
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NC Air tight 


Chassis 


Fig 13.14—Air is forced into the chassis by the blower and exists through the tube 
Socket. The manometer is used to measure system back pressure, which is an 
important factor in determining the proper size blower. 
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air output decreases with increasing back 
pressure until, at the blower’ s so-called “cut- 
off pressure,” actual air delivery is zero. 
Larger and/or faster-rotating blowers are re- 
quired to deliver larger volumes of air at 
higher back pressure. 

Values of CFM and back pressure re- 
quired to realize maximum rated plate dissi- 
pation for some of the more popular tubes, 
sockets and chimneys (with 25°C ambient 
air and at sea level) are given in Table 13.5. 
Back pressure is specified in inches of water 
and can be measured easily in an operational 
air system as indicated in Figs 13.14 and 
13.15. The pressure differential between the 
air passage and atmospheric pressure is 
measured with a device called a manometer. 
A manometer is nothing more than a piece of 
clear tubing, open at both ends and fashioned 
in the shape of a "U." The manometer is tem- 
porarily connected to the chassis and is re- 
moved after the measurements are com- 
pleted. As shown in the diagrams, a small 
amount of water is placed in the tube. At Fig 
13.15A the blower is “off’ and the water 
seeks its own level, because the air pressure 
(ordinary atmospheric pressure) is the same 
at both ends of the manometer tube. At B, 
the blower is “оп” (socket, tube and chim- 
ney in place) and the pressure difference, in 
terms of inches of water, is measured. For 
most applications a standard ruler used for 
measurement will yield sufficiently accurate 
results. 

Table 13.6 gives the performance speci- 
fications for a few of the many Dayton 
blowers which are available through 
Grainger catalog outlets in all 50 states. 
Other blowers having wheel diameters, 
widths and rotational speeds similar to any 
in Table 13.6 likely will have similar flow 
and back-pressure characteristics. If in 
doubt about specifications, consult the 
manufacturer. Tube temperature under 
actual operating conditions is the ultimate 
criterion for cooling adequacy and may be 
determined using special crayons or lac- 
quers which melt and change appearance 
at specific temperatures. The setup of 
Fig 13.15, however, nearly always gives 
sufficiently accurate information. 

As an example, consider the cooling de- 
sign of a linear amplifier to use one 
3CX800A7 tube, to operate near sea level 
with the air temperature not above 25°C. 
The tube, running 1150-W dc input, 
easily delivers 750-W continuous output, 
resulting in 400 W plate dissipation (Pp,, = 
Pin — Pour). According to the manu- 


Fig 13.15—At A the blower is “off” and 
the water will seek its own level in the 
manometer. At B the blower is "on" 
and the amount of back pressure in 
terms of inches of water can be 
measured as indicated. 


facturer’s data, adequate tube cooling at 
400 W Pp requires at least 6 CFM of air at 
0.09 inches of water back pressure. Refer- 
ring to Table 13.6, a Dayton no. 2C782 will 
do the job with a good margin of safety. 

If the same single tube were to be oper- 
ated at 2.3 kW dc input to deliver 1.5 kW 
output (substantially exceeding its maxi- 
mum electrical ratings!), Рух would be about 
2300 W and Pp = 800 W. The minimum 
cooling air required would be about 19 CFM 
at 0.5 inches of water pressure—doubling 
Pp;s. more than tripling the CFM of air flow 
required and increasing back pressure re- 
quirements on the blower by a factor of 5.5! 

However, two 3CX800A7 tubes are 
needed to deliver 1.5 kW of continuous 
maximum legal output power in any case. 
Each tube will operate under the same con- 
ditions as in the single-tube example above, 
dissipating 400-W. The total cooling air 
requirement for the two tubes is therefore 
12 CFM at about 0.09 inches of water, only 
two-thirds as much air volume and one- 
fifth the back pressure required by a single 
tube. While this may seem surprising, the 
reason lies in the previously mentioned fact 
that both the airflow required by a tube and 
the resultant back pressure increase much 
more rapidly than Pp of the tube. Blower 
air delivery capability, conversely, de- 
creases as back pressure is increased. Thus 
a Dayton 2C782 blower can cool two 
3CX800A7 tubes dissipating 800 W total, 
but a much larger (and probably noisier) 
no. 4C440 would be required to handle the 
same power with a single tube. 

In summary, three very important con- 
siderations to remember are these: 


* A tube’s actual safe plate dissipation 
capability is totally dependent on the 
amount of cooling air forced through its 
cooling system. Any air-cooled power 
tube’s maximum plate dissipation rat- 
ing is meaningless unless the specified 
amount of cooling air is supplied. 

* Two tubes will always safely dissipate a 
given power with a significantly smaller 
(and quieter) blower than is required to 
dissipate the same power with a single 
tube of the same type. A corollary is that 
a given blower can virtually always dis- 
sipate more power when cooling two 
tubes than when cooling a single tube of 
the same type. 

¢ Blowers vary greatly in their ability to 
deliver air against back pressure so blower 
selection should not be taken lightly. 


A common method for directing the flow 
of air around a tube involves the use of a 
pressurized chassis. This system is shown іп 
Fig 13.14. A blower attached to the chassis 
forces air around the tube base, often through 
holes in its socket. A chimney is used to 


guide air leaving the base area around the 
tube envelope or anode cooler, preventing it 
from dispersing and concentrating the flow 
for maximum cooling. 

A less conventional approach that offers 
a significant advantage in certain situa- 
tions is shown in Fig 13.16. Here the anode 
compartment is pressurized by the blower. 
A special chimney is installed between the 
anode heat exchanger and an exhaust hole 
in the compartment cover. When the 
blower pressurizes the anode compart- 
ment, there are two parallel paths for air 
flow: through the anode and its chimney, 
and through the air system socket. Dissi- 
pation, and hence: cooling air required, 
generally is much greater for the anode 
than for the tube base. Because high-vol- 
ume anode airflow need not be forced 
through restrictive air channels in the base 
area, back pressure may be very signifi- 
cantly reduced with certain tubes and sock- 
ets. Only airflow actually needed is bled 
through the base area. Blower back pres- 
sure requirements may sometimes be re- 
duced by nearly half through this approach. 

Table 13.5 also contains the part num- 
bers for air-system sockets and chimneys 
available for use with the tubes that are 
listed. The builder should investigate 
which of the sockets listed for the 
4CX250R, 4CX300A, 4CX1000A and 
4CX1500A best fit the circuit needs. Some 
of the sockets have certain tube elements 
grounded internally through the socket. 
Others have elements bypassed to ground 
through capacitors that are integral parts 
of the sockets. 

Depending on one's design philosophy 
and tube sources, some compromises in the 
cooling system may be appropriate. For 
example, if glass tubes are available inex- 
pensively as broadcast pulls, a shorter life 
span may be acceptable. In such a case, an 
increase of convenience and a reduction in 
cost, noise, and complexity can be had by 
using a pair of “muffin” fans. One fan may 
be used for the filament seals and one for 
the anode seal, dispensing with a blower 
andair-system socket and chimney. The air 
flow with this scheme is not as uniform as 
with the use of a chimney. The tube enve- 
lope mounted in a cross flow has flow stag- 
nation points and low heat transfer in cer- 
tain regions of the envelope. These points 
become hotter than the rest of the enve- 
lope. The use of multiple fans to disturb the 
cross air flow can significantly reduce this 
problem. Many amateurs have used this 
cooling method successfully in low-duty- 
cycle CW and SSB operation but it is not 
recommended for AM, SSTV or RTTY 
service. The true test ofthe effectiveness of 
aforced air cooling system is the amount of 
heat carried away from the tube by the air 
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Fig 13.16—Anode compartment 
pressurization may be more efficient 
than grid compartment pressurization. 
Hot air exits upwards through the tube 
anode and through the chimney. Cool 
air also goes down through the tube 
Socket to cool tube's pins and the 
socket itself. 


stream. The power dissipated can be calcu- 
lated from the air flow temperatures. The 
dissipated power is 


(37) 


where 

Pp = the dissipated power, in W 

Q, 7 the air flow, in CFM (cubic feet 
per minute) 

T; = the inlet air temperature, kelvins 
(normally quite close to room tem- 
perature) 

T, = the amplifier exhaust temperature, 
kelvins. 


The exhaust temperature can be mea- 
sured with a cooking thermometer at the 
air outlet. The thermometer should not be 
placed inside the anode compartment be- 
cause of the high voltage present. 


Transistor Cooling 


Transistors used in power amplifiers dissi- 
pate significant amounts of power, and the 
heat so generated must be effectively re- 
moved to maintain acceptable device tem- 
peratures. Some bipolar power transistors 
have the collector connected directly to the 
case of the device, as the collector creates 
most of the heat generated when the transis- 
tor is in operation. Others have the emitter 
connected to the case. However, if operated 
close to maximum rated dissipation, even the 
larger case designs cannot normally conduct 
heat away fast enough to keep the operating 
temperature of the device within the safe 
area—the maximum temperature that a de- 
vice can stand without damage. Safe area is 
usually specified in a device data sheet, often 
in graphical form. Germanium power tran- 
sistors theoretically may be operated at inter- 
nal temperatures up to 100?C, while silicon 
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devices may be run at up to 200°C. However, 
to assure long device lifetimes much lower 
case temperatures—not greater than 50° to 
75°C for germanium and 75° to 100°C for 
silicon—are highly desirable. Leakage cur- 
rents in germanium devices can be very high 
at elevated temperatures; thus, silicon tran- 
sistors are preferred for most power applica- 
tions. 

A properly chosen heat sink often is es- 
sential to help keep the transistor junction 
temperature in the safe area. For low-power 
applications a simple clip-on heat sink will 
suffice, while for 100 W or higher input 
power a massive cast-aluminum finned ra- 
diator usually is necessary. The appropri- 
ate size heat sink can be calculated based 
on the thermal resistance between the tran- 
sistor case and ambient air temperature. 
The first step is to calculate the total power 
dissipated by the transistor: 


Pp = Ppc + Ragin = Prrout (38) 


where 
Рр = the total power dissipated by the 
transistor in W 
Ррс = the dc power into the transistor, 
in W 
Pag, = the RF (drive) power into the 
transistor in W 


Prrour= the RF output power from the 
transistor in W. 


The value of Pp is then used to obtain 
the Өс value from 


Bea = (Tc- ТАР 


where 
6c, = the thermal resistance of the 
device case to ambient 
Te = the device case temperature in °C 
T4 = the ambient temperature (room 
temperature) in °C. 


A suitable heat sink, capable of radiat- 
ing to ambient air all heat generated by the 
transistor, can then be chosen from the 
manufacturer's specifications for Өс. A 
well-designed heat-sink system mini- 
mizes thermal path lengths and maximizes 
their cross-sectional areas. The contact 
area between the transistor and heat sink 
should have very low thermal resistance. 
The heat sink’s mounting surface must be 
flat and the transistor firmly attached to 
the heat sink so intimate contact—without 
gaps or air voids—is made between the 
two. The use of silicone-based heat sink 
compounds can provide considerable im- 
provement in thermal transfer. The ther- 
mal resistance of such grease is consider- 
ably lower than that of air, but not nearly 
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Design Guidelines and Examples 


Most of the problems facing an ampli- 
fier designer are not theoretical, but have 
to do with real-world component limi- 
tations. The Real World Components 
chapter discusses the differences between 
ideal and real components 

A simplified equivalent schematic of an 
amplifying device is shown in Fig 13.17A. 
The input is represented by a series (para- 
sitic) inductance feeding a resistance in 
parallel with a capacitance. The output 
consists of a current generator in parallel 
with a resistance and capacitance, fol- 
lowed by a series inductance. This is a 
reasonably accurate description of both 
transistors and vacuum tubes, regardless 
of circuit configuration (as demonstrated 
in Figs 13.17B and C). Both input and 
output impedances have a resistive com- 
ponent in parallel with a reactive compo- 
nent. Each also has a series inductive reac- 
tance, which represents connecting leads 
within the device. These inductances, un- 
like the other components of input and 
output impedance, often are not character- 
ized in manufacturers’ device specifica- 
tions. 

The amplifier input and output match- 
ing networks must transform the com- 
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plex impedances of the amplifying de- 
vice to the source and load impedances 
(often 50-Q transmission lines). Imped- 


as good as that of copper or aluminum. 
The quantity of grease should be kept to an 
absolute minimum. Only enough should 
be used to fill in any small air gaps be- 
tween the transistor and heat sink mating 
surfaces. The maximum temperature rise 
in the transistor junction may easily be 
calculated by using the equation 


T, = (Osc + Oca) Pp + Ta (40) 


where 

Т, = the transistor junction temperature 
in °C 

Өс = the manufacturer's published 
thermal resistance of the transistor 

Oca = the thermal resistance of the 
device case to ambient 

Py = the power dissipated by the 
transistor 

T, = the ambient temperature in °C. 


The value of T, should be kept well be- 
low the manufacturer’s recommended 
maximum to prevent premature transistor 
failure. Measured values of the ambient 
temperature and the device case tempera- 
ture can be used in the preceding formulas 
to calculate junction temperature. The 
Real World Components chapter con- 
tains a more detailed discussion of transis- 
tor cooling. 


ances associated with other parts of the 
amplifier circuit, such as a dc-supply 
choke, must also be considered in de- 
signing the matching networks. The 
matching networks and other circuit 
components are influenced by each 
other’s presence, and these mutual ef- 
fects must be given due consideration. 
Perhaps the best way to clarify the con- 
siderations that enter into designing vari- 
ous types of RF power amplifiers is 
through example. The following examples 
illustrate common problems associated 
with power-amplifier design. They are not 
intended as detailed construction plans, 
but only demonstrate typical approaches 
useful in designing similar projects. 


Fig 13.17—The electrical equivalents 
for power amplifiers. At A, the input is 
represented by a series stray 
inductance, then a resistor in parallel 
with a capacitor. The output is a 
current source in parallel with a 
resistor and capacitor, followed by a 
series stray inductance. These effects 
are applied to tubes and transistors in 
B and C. 
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DESIGN EXAMPLE 1: 
A HIGH-POWER VACUUM TUBE 
HF AMPLIFIER 


Most popular HF transceivers produce 


approximately 100-W output. The EIMAC 
8877 can deliver 1500-W output for ap- 
. proximately 60 W of drive when used іп а 
grounded grid circuit. Grounded-grid op- 
eration is usually the easiest tube ampli- 


fier circuit to implement. Its input imped- . 
. within the 8877’s maximum rating of . 


ance is relatively low, often closeto 50 Q. 


- Input/output shielding provided by the 


grid and negative feedback inherent in the 
. grounded-grid circuit configuration re- 
duce the likelihood of. amplifier instabil- 
ity and provide excellent linearity without 
critical adjustments. Fewer supply volt- 
ages are needed in this configuration com- 
pared to others: often just high-voltage dc 


for the plate and low-voltage ac for ће - 


filament. 
The first step in the amplifier design 
process is to verify that the tube is actually 


capable of producing the desired results . 


while remaining within manufacturer's 
' ratings. The plate. dissipation expected 
during normal operation of the amplifier 
is computed first. Since the amplifier will 
be used for SSB, a class of operation pro- 
ducing linear amplification must be used. 
Class AB2 provides a very good compro- 


` mise between linearity and good effi- . 
ciency, with effective efficiency typically . 


exceeding 60%. Given that efficiency, an 
input power of 2500 W is needed to pro- 
duce the desired 1500-W output. Operated 
, under these conditions, the tube will dissi- 
` pates about 1000 W—well within the 


manufacturer's specifications, provided 


adequate cooling airflow is supplied. 
The grid in modern high-mu triodes is a 
relatively delicate structure, closely 
spaced to the cathode and carefully 
aligned to achieve high gain and excellent 
linearity. To avoid shortening tube life or 
even destruction of the tube, the specified 
maximum grid dissipation must not be 


` exceeded for more than a few milliseconds 


under any conditions. For a given power 
output, the use of higher plate voltages 
tends to result in lower grid dissipation. It 


is important to use a plate voltage which is 


high enough to result in safe grid current 


levels at maximum output. In addition to . 


maximum ratings, manufacturers’ data 
sheets often provide one or more sets of 
"typical operation" parameters. This 


'. makes it even easier for, the builder to 


achieve optimum results. | 
` The 8877, operating at 3500 V, can pro- 


duce 2075 W of RF output with excellent . 


linearity and 64 W of drive. Operating at 


2700 V it can deliver 1085 W with 40 W of . 


drive. To some extent, the ease and cost of 
constructing a high-power amplifier, as 


. calculate the optimum plate load resis- . 


. Class AB2 operation and design an appro- ` 
` priate output matching network. From the 


-2200 Q. 


2 


well as its ultimate reliability, аге en- 


_ hanced by using the lowest plate voltage 
‚ which will yield completely satisfactory 
performance. Intetpolating between the. 
‘two sets of typical operating conditions 


suggests that the 8877 can comfortably 


deliver 1.5 kW output with a 3100-V plate - 


supply and 50 to 55 W of drive. Achieving 


2500-W input power at this plate voltage 


requires 800 mA of plate current —well 


1.0 A. 
The next step in the desia process is sto 


tance at this plate voltage and current for 


earlier equations, В is calculated to be 

Several different output networks might 
be used to transform the nominal 50-Q 
resistance of the actual load to the 2200-Q 


load resistance required by the 8877, but - 
experience shows that pi, and pi-L net- - 
- works are most practical. Each can pro- 


vide reasonable harmonic attenuation, is 
relatively easy to build mechanically and 
uses readily available components. The pi- 
L gives significantly greater harmonic at- 
tenuation than the pi and usually is the 
better choice—at least in areas where there 
is any potential for TVI or crossband in- 


terference. In a multiband amplifier, the" 


extra cost of using a pi-L network is the 


*L" inductor and its associated bandswitch 


section... 

To simplify and avoid confusion with 
terminology previously used in the pi and 
pi-L network design tables, in the remain- 
der of this chapter Оу is the loaded О of 


. the amplifier’s input matching tank, Qour 


INPUT 


FILAMENT ` 
- VOLTAGE 


_ is the loaded Q of the output pi-L tank, Ор 


is the loaded Q of the output pi section 
only, and Q, is the loaded Q of the output 
L section only. 

The input impedance of a grounded-grid 
8877 is typically on the order of 50 to 
55 О, shunted by input capacitance of 
about 38 pF. While this average imped- 
ance is close enough to 50.О to provide 
_ negligible input SWR, the instantaneous 
value varies greatly over the drive cycle— 
that is, it is nonlinear. This nonlinear im- 
pedance is reflected back as a nonlinear 
load impedance at the exciter output, re- 
sulting in increased intermodulation dis- ` 
tortion, reduced output power, and often 
meaningless exciter SWR meter indica- 


tions. In addition, the tube's parallel input 


capacitance, as well as parasitic circuit 
reactances, often are significant enough at 
28 MHz to create significant SWR. A tank 
circuit at the amplifier input can solve both 


of these problems by tuning out the stray 
reactances and stabilizing (linearizing)the - 


tube input impedance through its flywheel 


: effect. The input tank should have a loaded 


Q (called Q, ;, in this discussion) of at least 
two for good results. Increasing Qj ;, to as 
much as five results in a further small 
improvement in linearity and distortion, 
but at the cost of a narrower operating 
bandwidth. Even a Qin of 1.0 to 1.5 yields . 
significant improvement over an urituned 
input. A pi network commonly is used for 
input matching at HF. 

Fig 13.18 illustrates these input and 
output networks applied in the amplifier 
circuit. The schematic shows the major 
components in the amplifier RF section, 


but with band-switching and cathode dc- 
return circuits omitted for clarity. C1 and 


OUTPUT 


- Fig 13.18—A 
simplified 
schematic of a 
grounded-grid 
amplifier using a pi 

'network input and 
pi-L network 
output. 
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C2 and L1 form the input pi network. C3 
is a blocking capacitor to isolate the ex- 
citer from the cathode dc potential. Note 
that when the tube’s average input resis- 
tance is close to 50 Q, as in the case of the 
8877, a simple parallel-resonant tank of- 
ten can successfully perform the tuning 
and flywheel functions, since no imped- 
ance transformation is necessary. In this 
case it is important to minimize stray lead 
inductance between the tank and tube to 
avoid undesired impedance transforma- 
tion. 

The filament or “heater” in indirectly 
heated tubes such as the 8877 must be very 
close to the cathode to heat the cathode 
efficiently. A capacitance of several pico- 
farads exists between the two. Particularly 
at very high frequencies, where these few 
picofarads represent a relatively low reac- 
tance, RF drive intended for the cathode 
can be capacitively coupled to the lossy 
filament and dissipated as heat. To avoid 
this, above about 50 MHz, the filament 
must be kept at a high RF impedance above 
ground. The high impedance (represented 
by choke ВЕСІ in Fig 13.18) minimizes 
RF current flow in the filament circuit so 
that RF dissipated in the filament becomes 
negligible. The choke’s low-frequency 
resistance should be kept to a minimum to 
lessen voltage drops in the high-current 
filament circuit. 

The choke most commonly used in this 
application is a pair of heavy-gauge insu- 
lated wires, bifilar-wound over a ferrite 
rod. The ferrite core raises the inductive 
reactance throughout the HF region so that 
a minimum of wire is needed, keeping fila- 
ment-circuit voltage drops low. The bifi- 
lar winding technique assures that both 
filament terminals are at the same RF po- 
tential. 

Below 30 MHz, the use of such a choke 
seldom is necessary or beneficial, but ac- 
tually can introduce another potential 
problem. Common values of cathode-to- 
heater capacitance and heater-choke in- 
ductance often are series resonant in the 
1.8 to 29.7 MHz HF range. A capacitance 
of 5 pF and an inductance of 50 uH, for 
example, resonate at 10.0 MHz; the actual 
components are just as likely to resonate 
near 7 or 14 MHz. At resonance, the cir- 
cuit constitutes a relatively low impedance 
shunt from cathode to ground, which af- 
fects input impedance and sucks out drive 
signal. An unintended resonance like this 
near any operating frequency usually in- 
creases input SWR and decreases gain on 
that one particular band. While aggravat- 
ing, the problem rarely completely dis- 
ables or damages the amplifier, and so is 
seldom pursued or identified. 

Fortunately, the entire problem is easily 
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avoided—below 30 MHz the heater choke 
can be deleted. At VHF-UHF, or wherever 
a heater isolation choke is used for any 
reason, the resonance can be moved below 
the lowest operating frequency by con- 
necting a sufficiently large capacitance 
(about 1000 pF) between the tube cathode 
and one side of the heater. It is good prac- 
tice also to connect a similar capacitor 
between the heater terminals. It also would 
be good practice in designing other VHF/ 
UHF amplifiers, such as those using 
3CX800A7 tubes, unless the builder can 
insure that the actual series resonance is 
well outside of the operating frequency 
range. 

Plate voltage is supplied to the tube 
through RFC2. C5 is the plate blocking 
capacitor. The output pi-L network con- 
sists of tuning capacitor C6, loading ca- 
pacitor C7, pi coil L2, and L coil L3. 
RFC3 is a high-inductance RF choke 
placed at the output for safety purposes. 
Its value, usually 100 uH to 2 mH, is high 
enough so that it appears as an open cir- 
cuit across the output connector for RF. 
However, should the plate blocking ca- 
pacitor fail and allow high voltage onto 
the output matching network, RFC3 
would short the dc to ground and blow the 
power-supply fuse or breaker. This pre- 
vents dangerous high voltage from ap- 
pearing on the feed line or antenna. It also 
prevents electrostatic charge—from the 
antenna or from blocking capacitor leak- 
age—from building up on the tank capaci- 
tors and causing periodic dc discharge 
arcs to ground. If such a dc discharge 
occurs while the amplifier is transmitt- 
ing, it can trigger a potentially damaging 
RF arc. 

Our next step is designing the input 
matching network. As stated earlier, tube 
input impedance varies moderately with 
plate voltage and load resistance as well as 
bias, but is approximately 50 to 55-Q par- 
alleled by Cj, of 38 pF, including stray 
capacitance. A simple parallel-resonant 
tank of Ору = 2 to 3 can provide an input 


SWR not exceeding 1.5:1, provided all 
wiring from RF input connector to tank to 
cathode is heavy and short. On each band 
a Qin between 2 to 3 requires an Хе, = 
X,;, between 25 and 17 О. 

A more nearly perfect match, with 
greater tolerance for layout and wiring 
variations, may be achieved by using the 
pi input tank as shown in Fig 13.18. De- 
sign of this input matching circuit is 
straightforward. Component values are 
computed using a Qy between 2 or 3. 
Higher Ору values reduce the network's 
bandwidth, perhaps even requiring a front- 
panel tuning control for the wider amateur 
bands. The purpose of this input network 
is to present the desired input impedance 
to the exciter, not to add selectivity. As 
with a parallel tank, the value of the ca- 
pacitor at the tube end of the pi network 
should be reduced by 38 pF; stray capacity 
plus tube См is effectively in parallel with 
the input pi network's output. 

The output pi-L network must transform 
the nominal 50-Q amplifier load to a pure 
resistance of 2200 Q. We previously cal- 
culated that the 8877 tube's plate must see 
2200 Q for optimum performance. In prac- 
tice, real antenna loads are seldom purely 
resistive or exactly 50 О; they often ex- 
hibit SWRs of 2:1 or greater on some fre- 
quencies. It's desirable that the amplifier 
output network be able to transform any 
complex load impedance corresponding to 
an SWR up to about 2:1 into a resistance of 
2200 Q. The network also must compen- 
sate for tube Coyr and other stray plate- 
circuit reactances, such as those of inter- 
connecting leads and the plate RF choke. 
These reactances, shown in Fig 13.19, 
must be taken into account when design- 
ing the matching networks. Because the 
values of most stray reactances are not 
accurately known, the most satisfactory 
approach is to estimate them, and then al- 
low sufficient flexibility in the matching 
network to accommodate modest errors. 

Fig 13.19 shows the principal reac- 
tances in the amplifier circuit. Соџт is the 
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Fig 13.19—The effective reactances for the amplifier in Fig 13.18. 


actual tube output capacitance of 10 pF 
plus the stray capacitance between its an- 
ode and the enclosure metalwork. This 
stray C varies with layout; we will ap- 
proximate it as 5 pF, so Сут is roughly 15 
pF. Loy; is the stray inductance of leads 
from the tube plate to the tuning capacitor 
(internal to the tube as well as external 
circuit wiring.) External-anode tubes like 
the 8877 have essentially no internal plate 
leads, so Lour is almost entirely external. 
It seldom exceeds about 0.3 uH and is not 
very significant below 30 MHz. Lepore is 
the reactance presented by the plate choke, 
which usually is significant only below 
7 MHz. Csrray represents the combined 
stray capacitances to ground of the tuning 
capacitor stator and of interconnecting RF 
plate circuit leads. In a well constructed, 
carefully thought out power amplifier, 
Corray Сап be estimated to be approxi- 
mately 10 pF. Remaining components 
Crune> CLoap» and the two tuning induc- 
tors, form the pi-L network proper. 

The tables presented earlier in this chap- 


ter greatly simplify the task of selecting ` 


output circuit values. Both the pi and pi-L 
design tables are calculated for a Qoyr 
value of 12. A pi network loaded Q much 
lower than 10 does not provide adequate 
harmonic suppression; a value much 
higher than 15 increases matching net- 
work losses caused by high circulating 
currents. For pi networks, a Qoyr of 12 is 
a good compromise between harmonic 


suppression and circuit losses. In practice, ' 


it often is most realistic and practical with 
both pi and pi-L output networks to accept 
somewhat higher Qo, values on the high- 
est HF frequencies—perhaps as large as 
18 or even 20 at 28 MHz. When using a 
pi-Lonthe 1.8 and 3.5 MHz bands, it often 
is desirable to choose a moderately lower 
Qour. perhaps 8 to 10, to permit using a 
more reasonably-sized plate tuning ca- 
pacitor. ` | | 
Nominal pi-L network component val- 
ues for 2200-Q plate impedance can be 
taken directly from Table 13.2. These val- 
ues can then be adjusted to allow for cir- 
cuit reactances outside the pi-L proper. 
First, low-frequency component values 
should be examined. At 3.5 MHz, total 
tuning capacitance C1 value from Table 
13.2 is 140 pF. From Fig 13.19 we know 
that three other stray reactances are di- 
rectly in parallel with Cryng (assuming 
that Lour is negligible at the operating fre- 
quency, as it should be). The tube's inter- 
nal and external plate capacitance to 
ground, Cour» is about 15 pF. Strays in the 
RF circuit, Csrg4 y, are roughly 10 pF. 
The impedance of the plate choke, 
Xcuoxe 18 also in parallel with Стумр. 
Plate chokes with self-resonance charac- 


teristics suitable for use in amateur HF 
amplifiers typically have inductances of 
about 90 uH. At 3.5 MHz this is an induc- 
tive reactance of +1979 Q. This appears in 
parallel with the tuning capacitance, ef- 
fectively canceling an equal value of ca- 
pacitive reactance. At 3.5 MHz, an X, of 
1979 Q corresponds to 23 pF of capaci- 
tance—the amount by which tuning 
capacitor Cyyng must be increased at 3.5 
MHz to compensate for the effect of the 
plate choke. 

The pi-L network requires an effective 
capacitance of 140 pF at its input at 3.5 
MHz. Subtracting the 25 pF provided by 


Cour and С;трдү and adding the 23 pF - 


canceled by Xcyoxe the actual value of 
Crung must be 140— 25 + 23 = 138 pF. It 
is good practice to provide at least 10% 
extra capacitance range to allow matching 
loads having SWRs up to 2:1. So, if 3.5 
MHz is the lower frequency limit of the 


amplifier, a variable tuning capacitor with | 


a maximum value of atleast 150 to 160 pF 
should be used. 

Component values for the high end of 
the amplifier frequency range also must 
be examined, for this is where the most 
losses will occur. At 29.7 MHz, the values 
in Table 13.2 are chosen to accommodate 
a minimum pi-L input capacitance of 35 
pF, yielding Qouyr = 21.3. Since Coyr and 
CsrnAy contribute 25 pF, Cryng must have 
a minimum value no greater than,10 pF. A 
problem exists, because this value is not 
readily achievable with a 150 to 160 pF air 
variable capacitor suitable for operation 
with a 3100 V plate supply. Such a capaci- 
tor typically has a minimum capacitance 
of 25 to 30 pF. Usually, little or nothing 
can be done to reduce the tube's Coyr or 
the circuit Cyppay , and in fact the esti- 
mates of these may even be a little low. If 
1.8 MHz capability is desired, the maxi- 
mum tuning capacitance will be at least 
200 to 250 pF, making the minimum- 
capacitance problem at 29.7 MHz even 
more severe. 

There are three potential solutions to 
this dilemma. We could accept the actual 
minimum value of pi-L input capacitance, 
around 50 to 55 pF, realizing that this will 
raise the pi-L network's loaded Q to about 
32. This results in very large values of 
circulating tank current. To avoid damage 


to tank components—particularly the - 


bandswitch and pi inductor—by heat due 
to PR losses, it will be necessary to either 
use oversize components or reduce power 
on the highest-frequency bands. Neither 
option is appealing. ' 

A second potential solution is to reduce 
the minimum capacitance provided by 


- Cryng: We could use a vacuum variable . 


capacitor with a 300-pF maximum and a 


5-pF minimum capacity. These are rated 
at 5 to 15 kV, and are readily available. 
This reduces the minimum effective cir- 
cuit capacitance to 30 pF, allowing use of 
the pi-L table values for Qoi, = 12 on all 
bands from 1.8 through 29.7 MHz. While 
brand new vacuum variables are quite ex- 
pensive, suitable models are widely avail- 
able in the surplus and used markets for 
prices not much higher than the cost of a 
new air variable. A most important caveat 
in purchasing a vacuum capacitor is to 
ensure that its vacuum seal is intact and 
that itis not damaged in any way. The best 
way to accomplish this is to “hi-pot” test 
the capacitor throughout its range, using a 
dc or peak ac test voltage of 1.5 to 2 times 
the amplifier plate supply voltage. For all- 
band amplifiers using plate voltages in 
excess of about 2500 V, the initial expense 
and effort of securing and using a vacuum 


_ variable input tuning capacitor often is 


well repaid in efficient and reliable opera- 
tion of the amplifier. 

A third possibility is the use of an addi- ` 
tional inductance connected in series be- 
tween the tube and the tuning capacitor. In 
conjunction with Сот of the tube, the 
added inductor acts as an L network to 
transform the impedance at the input of 


.the pi-L network up to the 2200-Q load 


resistance needed by the tube. This is 


‘shown in Fig 13.20A. Since the imped- 


ance at the input of the main pi-L match- 
ing network is reduced, the loaded Ост 
for the total capacitance actually in the 
circuit is lower. With lower Ост, the cir- 
culating RF currents are lower, and thus 
tank losses are lower. 

Cour in Fig 13.20 is the output capaci- 
tance of the tube, including stray C from 
the anode to metal enclosure. X, is the 
additional series inductance to be added. 
As determined previously, the impedance 
seen by the tube anode must be a 2200 Q 
resistance for best linearity and efficiency, 
and we have estimated Сот of the tube as 


-15 pF. If the network consisting of Coyy 


and X, is terminated at A by 2200-Q, - 
we can calculate the equivalent impedance 
at point B, the input to the pi-L network, 
for various values of series X,. The pi-L 
network must then transform the nominal 
50-Q load at the transmitter output to this 
equivalent impedance. 

We work backwards from the plate of 
the tube towards the Cryng capacitor. 
First, calculate the series-equivalent im- 
pedance of the parallel combination of 


‘the desired 2200-Q plate load and the 


tube Хот (15 pF at 29.7 MHz =—j357 О). 
The series-equivalent impedance of this 
parallel combination is 56.5 – j348 Q, as 
shown in Fig 13.20B. Now suppose we use 
a 0.5 uH inductor, having an impedance of 
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Fig 13.20—The effect of adding a small 
series inductance in vacuum tube 
output circuit. At A, a 0.5 uH coil 
Lsenigs IS connected between anode 
and the output pi network, and this 
represents a reactance of + /930 at 
29.7 MHz. The 15 pF output capacity 
(Court) Of the tube has a reactance of 
—/357 Q at 29.7 MHz. At B, the 
equivalent series network for the 
parallel 2200-Q desired load resistance 
and the - /357 Q Cour is 56.5 Q in 
series with — /348 О. At C, this series- 
equivalent is combined with the series 
+93 О Xgepieg and converted back to 
the parallel equivalent, netting an 
equivalent parallel network of 1205 О 
shunted by a 20 pF capacitor. The pi 
tuning network must transform the load 
impedance (usually 50 Q) into the 
equivalent parallel combination and 
absorb the 20-pF parallel component. 
The series inductor has less effect as 
the operating frequency is lowered 
from 29.7 MHz. 


at 29.7 MHz, as the series inductance X.. 
The resulting series-equivalent impedance 
is 56.5 — j348 + j93, or 56.5 — j255 Q. 
Converting back to the parallel equivalent 
gives the network of Fig 13.20C: 1205 Q 
resistance in parallel with — j267 Q, or 20 
pF at 29.7 MHz. The pi-L tuning network 
must now transform the 50-Q load to a 
resistive load of 1205 Q at B, and absorb 
the shunt capacity of 20 pF. 

Using the pi-L network formulas in this 
chapter for КІ = 1205 and Qoyrz = 15 at 
29.7 MHz yields a required total capaci- 
tive reactance of 1205/15 = 80.3 Q, which 
is 66.7 pF at 29.7 MHz. Note that for the 
same loaded Ост for a 2200-Q load line, 
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the capacitive reactance is 2200/15 = 
146.7 Q, which is 36.5 pF. When the 
20 pF of transformed input capacity is sub- 
tracted from the 66.7 pF total needed, the 
amount of capacity is 46.7 pF. If the mini- 
mum capacity in Cryng is 25 pF and the 
stray capacity is 10 pF, then there is a 
margin of 46.7 — 35 = 10.7 pF beyond the 
minimum capacity for handling SWRs 
greater than 1:1 at the load. 

The series inductor should be a high-Q 
coil wound from copper tubing to keep 
losses low. This inductor has a decreas- 
ing, yet significant effect, on progres- 
sively lower frequencies. A similar calcu- 
lation to the above should be made on each 
band to determine the transformed equiva- 
lent plate impedance, before referring to 
Table 13.2. The impedance-transforma- 
tion effect of the additional inductor de- 
creases rapidly with decreasing frequency. 
Below 21 MHz, it usually may be ignored 
and pi-L network values taken directly 
from the pi-L tables for RI = 2200 Q. 

The nominal 90-uH plate choke remains 
in parallel with Сте: It is rarely possible 
to calculate the impedance of a real HF 
plate choke at frequencies higher than 
about 5 MHz because of self-resonances. 
However, as mentioned previously, the 
choke's reactance should be sufficiently 
high that the tables are useful ifthe choke's 
first series-resonance is at 23.2 MHz. 

This amplifier is made operational on 
multiple bands by changing the values of 
inductance at L2 and L3 for different 
bands. The usual practice is to use induc- 
tors for the lowest operating frequency, 
and short out part of each inductor with a 
Switch, as necessary, to provide the induc- 
tance needed for each individual band. 
Wiring to the switch and the switch itself 
add stray inductance and capacitance to 
the circuit. To minimize these effects at 
the higher frequencies, the unswitched 
10-m L2 should be placed closest to the 
high-impedance end of the network at C6. 
Stray capacitance associated with the 
switch then is effectively in parallel with 
C7, where the impedance level is around 
300 Q. The effects of stray capacitance are 
relatively insignificant at this low imped- 
ance level. This configuration also mini- 
mizes the peak RF voltage that the switch 
insulation must withstand. 

Pi and L coil tap positions that yield 
desired values of inductance may be de- 
termined with fairly good accuracy by 
using a dip meter and a small mica capaci- 
tor of 596 tolerance. The pi and L coils and 
bandswitch should be mounted in the am- 
plifier and their common point connected 
only to the bandswitch rotors. Starting at 
the highest-frequency switch position, 
lightly tack solder a short length of copper 


braid or strap to the pi or L switch stator 
terminal for that band. Using the shortest 
leads possible, tack a 50 to 100 pF, 5% 
dipped mica capacitor between the braid 
and a trial tap position on the appropriate 
coil. Lightly couple the dip meter and find 
the resonant frequency. The inductance 
then may be calculated from the equation 


1,000,000 
C (2л) 
where 
L = inductance in uH 


C = capacitor value in pF 
f = resonant frequency in MHz. 


As each tap is located, it should be se- 
curely wired with strap or braid and the 
process repeated for successively lower 
bands. 

The impedance match in both the input 
and output networks can be checked with- 
out applying dc voltage, once the ampli- 
fier is built. In operation, the tube input 
and output resistances are the result of 
current flow through the tube. Without 
filament power applied, these resistances 
are effectively infinite but Ciy and Cour 
are still present because they are passive 
physical properties of the tube. The tube 
input resistance can be simulated by an 
ordinary 5% '/s-W to 2-W composition or 
film resistor (don't use wirewound, 
though; they are more inductive than re- 
sistive at RF). A resistor value within 1096 
of the tube input resistance, connected in 
parallel with the tube input, presents ap- 
proximately the same termination resis- 
tance to the matching network as the tube 
does in operation. 

With the input termination resistor tem- 
porarily soldered in place using very short 
leads, input matching network perfor- 
mance can be determined by means of a 
noise bridge or an SWR meter that does 
not put out more RF power than the tem- 
porary termination resistor is capable of 
dissipating. Any good self- or dipper- 
powered bridge or analyzer should be sat- 
isfactory. Connect the bridge to the ampli- 
fier input and adjust the matching network, 
as necessary, for lowest SWR. Be sure to 
remove the terminating resistor before 
powering up the amplifier! 

The output matching network can be 
evaluated in exactly the same fashion, 
even though the plate load resistance is 
not an actual resistance in the tube like the 
input resistance. According to the reci- 
procity principle, if the impedance pre- 
sented at the output of the plate matching 
network 15 50-0 resistive when the net- 
work input is terminated with R, , then the 
tube plate will "see" a resistive load equal 
to R, at the input when the output is termi- 
nated in a 50-Q resistance (and vice versa). 


L= (41) 


l 


' Та this case, a suitable 2200-Q resistor 


should be connected as directly as possible 
from the tube plate to chassis. If the dis- 
tance is more than a couple of inches, braid 
should be used to minimize stray induc- 
tancé. The bridge is connected to the am- 
plifier output. If coil taps have been al- 
ready been established as described 


previously, it is a simple matter to evalu- · 


ate the output network by adjusting the 
tune and load capacitors, band by band, to 
show a perfect 50-Q match on the SWR 


' bridge. 


When these tests are complete, the am- 
plifier is ready to be tested for parasitic 
oscillations in preparation for full-power 


operation. Refer to Amplifier Stabiliza- 


tion, later in this chapter. 


DESIGN EXAMPLE 2: A MEDIUM- 
POWER 144-MHZ AMPLIFIER: 
For several decades the 4CX250 family 


of power tetrodes has been used success- 
fully up through 500 MHz: They are rela- 


. tively inexpensive, produce high gain and 


lend themselves to relatively simple am- 
plifier designs. In amateur service at VHF, 
"the 4CX250 is an attractive choice for an 
amplifier. Most VHF exciters used. now 
by amateurs are solid state and often de- 
velop 10 W or less output. The drive re- 
quirement for the 4CX250 in grounded 


' cathode, Class AB operation ranges be- 


„tween 2 and 8 W for full power output, 
depending on frequency. At 144 MHz, 
manufacturer’s specifications suggest an 
available output power of over 300 W. 
This is clearly a substantial improvement 
over 10 W, so a 4CX250B will be used in 
this amplifier. 

The first design step is the same as in the 
previous example: verify that the proposed 
. tube will perform as desired while staying 
within the manufacturer's ratings. Again 
assuming a basic amplifier efficiency of 
‘60% for Class AB operation, 300 W of 


‘output requires a plate input power of. 


500 W. Tube dissipation is rated at 250 W, 
.So plate dissipation is not a problem, as 
the tube will only be dissipating 200 W in 
-this amplifier. If the recommended maxi- 


mum plate potential of 2000 V is used, 


the plate current for 500-W input will be 
250 mA, which is within the manufac- 
‘turer’s ratings. The plate load resistance 
can now be calculated. Using the same for- 


. mula as before, the value is determined to 
i 


be 5333 Q. " 
:' Thenextstepisto investigate the output 
circuit. The manufacturer's specification 


‘for Сорт is 4.7 pF. The inevitable circuit, 
‘strays along with the tuning capacitor add | 


to the circuit capacitance. A carefully built 
amplifier might only have 7 pF of stray 
capacitance, and a specially made tuning 
capacitor can be fabricated to have a 


“Xn = Zo tan / 


midrange value of 3 pF. Thé total circuit ` 


capacitance adds up to about 15 pF. At 
144 MHz this represents a capacitive reac- 


tance of only 74 Q. The Q, of a tank circuit . 


with this reactance with a plate load resis- 
tance of 5333 Q is 5333/74 = 72. A pi 
output matching network would be totally 
impractical, because the L required would 
be extremely small and circuit losses 
would be prohibitive. The simplest solu- 
tion is to connect an inductor in parallel 
with the circuit capacitance to form a par- 
allel-resonant tank circuit. . 

To keep tank circuit losses low with 
such a high Q}, an inductor with very high 
unloaded Q must be used. The lowest-loss 
inductors are formed from trànsmissiori 
line sections. These can take the form of 
either. coaxial lines or strip lines. Both 
have their advantages and disadvantages, 
but the strip line is so much easier to fab- 
ricate thatit is almost exclusively used in 
VHF tank circuits today. 

The reactance of a terminated transmis- 


sion line section is a function of both its 


characteristic impedance and its length 
(see the Transmission Lines chapter). 
The reactance of.a line terminated in a 
short circuit is 


where : 

Xy = is the circuit reactance 

Zo= the line's characteristic impedance 

£ = the transmission line length in 
degrees. Q3 


For lines shorter than a quarter wave- 
length (90?) the circuit reactance is induc- 
tive. In order to resonate with the tank cir- 
cuit capacitive reactance, the transmission 


line reactance must be the same value, but - 


inductive. Examination of the formula for 
transmission-line circuit reactance sug- 


gests that a wide range of lengths can yield 


the same inductive reactance, as long as 
the line Zo is appropriately scaled. Based 
on circuit Qconsiderations, the best band- 
width for a tank circuit results when the 


` ratio of Zp to Xy is between one and two. 
This implies that transmission line lengths 


between 26.5? and 45? give the best band- 
width. Between these two limits, and with 
some adjustment of Zo, practical trans- 
mission lines can be designed. A transmis- 
sion line length of 35? is 8 inches long at 
144 MHz, a workable dimension mechani- 


cally. Substitution of this value into the . 


transmission-line equation gives a Zo of 


105 Q. 


The width of the strip line and its place- 


ment relative to the ground planes deter- D 


mine the line impedance. Other stray ca- 
pacitances such as mounting standoffs 


also affect the impedance. Accurate cal- . 
culation of the line impedance for most ` 
^ Е | 


UU 


(42) ^ 


physical configurations requires extensive 
application of Maxwell's equations and is 
beyond the scope of this book. The spe- , 
cialized case in which the strip line is par- 
allel to and located halfway between two 
ground planes has been documented in 
Reference Data for Radio Engineers (see 
Bibliography). According to charts pre- 
sented in that book, a 105-Q strip line 
impedance is obtained by placing a line 
with a width of approximately 0.4 times 
the ground plane separation halfway be- 
tween the ground planes. Assuming the 
use of a standard 3-inch-deep chassis for 
the plate compartment, this yields a strip- 
line width of 1.2 inches. A strip line 1.2 
inches wide located 1.5 inches.above the 
chassis floor and grounded at one end has 
an inductive reactance of 74 Q at 144 


: MHz. 


The resulting amplifier schematic dia- 
gram is shown in Fig 13.21. L2 is the strip- 
line inductance just described. C3 is the 
tuning capacitor, made from two parallel 
brass plates whose spacing is adjustable. 
One plate is connected directly to the strip 
line while the other is connected to ground 
through a wide, low-inductance strap. C2 
is the plate blocking capacitor. This can be 
either a ceramic doorknob capacitor such 


` as the Centralab 850 series or a homemade 
. "Teflon sandwich." Both are equally ef- 


fective.at 144 MHz. | 
Impedance matching from the plate re- 
sistance- down to 50 О can be either 
through an inductive link or through ca- 
pacitive reactance matching. Mechani- 
cally, the capacitive approach is simpler 
to implement. Fig 13.22 shows the devel- 
opment of reactance matching through a 
series capacitor (C4 in Fig 13.21). By us- 


ing the parallel equivalent of the capacitor _ 


in Series with the 50-Q load, the load resis- 
tance can be transformed to the 5333-Q 
plate resistance. Substitution of the known 
values into the parallel- to-series equiva- 
lence formulas reveals that a 2.15 pF ca- 
pacitor at C4 matches the 50-Q load to the 
plate resistance. The resulting parallel: 
equivalent for the load is 5333 Q in paral- 
lel with 2.13 pF. The 2.13-pF capacitor is 


' effectively in parallel with the tank cir- 


cuit. 

A new plate line length must now be 
calculated to allow for the additional ca- 
pacitance. The equivalent circuit diagram: 
containing all the various reactances is 
shown in Fig 13.23. The total circuit ca- 


'pácitance is now just over 17 pF, which is 


a reactance of 64 Q. Keeping the strip-line 
width and thus its impedance constant at © 
105 Q dictates a new resonant line length 
of 31°. This calculates to be 7.14 inches 
for 144 MHz. 

The alternative coupling scheie is- 
through the use of an inductive link. The 
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Fig 13.21—Simplified schematic for a 


VHF power amplifier using a power 
tetrode. The output circuit is a 
parallel-tuned tank circuit with series 
capacitive-reactance output 
matching. 


CTUNE CLOAD 


RLOAD/ 
PARALLEL 


Fig 13.23—The reactances and resistances for the amplifier in Fig 13.21. 


link can be either tuned or untuned. The 
length of the link can be estimated based 
on the amplifier output impedance, in this 
case, 50 O. For an untuned link, the induc- 
tive reactance of the link itself should be 
approximately equal to the output imped- 
ance, 50 О. For a tuned link, the length 
depends on the link loaded Q, О, . The link 
Оу should generally be greater than two, 
but usually less than five. For a Q, of three 
this implies a capacitive reactance of 
150 Q, which at 144 MHz is just over 
7 pF. The self-inductance of the link 
should of course be such that its imped- 
ance at 144 MHz is 150 Q (0.166 uH). 
Adjustment of the link placement deter- 
mines the transformation ratio of the cir- 
cuit line. Some fine adjustment of this 
parameter can be made through adjust- 
ment of the link series tuning capacitor. 
Placement of the link relative to the plate 
inductor is an empirical process. 

The input circuit is shown in Figs 13.21 
and 13.23. Сук is specified to be 18.5 pF 
for the 4CX250. This is only — j60 Q at 
2 m, so the pi network again is unsuitable. 
Since a surplus of drive is available with a 
10-W exciter, circuit losses at the ampli- 
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fier input are not as important as at the 
output. An old-fashioned "split stator" 
tuned input can be used. L1 in Fig 13.21 
is series tuned by Cy and Cl. The two 


Fig 13.22—Series reactance matching 
as applied to the amplifier in Fig 13.21. 


capacitors are effectively in series 
(through the ground return). A 20-pF vari- 
able at C1 set to 18.5 pF gives an effective 
circuit capacitance of 9.25 pF. This will 
resonate at 144 MHz with an inductance 
of 0.13 uH at L1. L1 can be wound on a 
toroid core for mechanical convenience. 
The 50-Q input impedance is then matched 
by link coupling to the toroid. The grid 
impedance is primarily determined by the 
value for R1, the grid bias feed resistor. 


DESIGN EXAMPLE 3: 
A BROADBAND HF 
SOLID-STATE AMPLIFIER 


Linear power amplifier design using 
transistors at HF is a fundamentally simple 
process, although a good understanding of 
application techniques is important to in- 
sure that the devices are effectively pro- 
tected against damage or destruction due 
to parasitic self-oscillations, power tran- 
sients, load mismatch and/or overdrive. 

An appropriate transistor meeting the 
desired performance specifications is se- 
lected on the basis of dissipation and 
power output. Transistor manufacturers 
greatly simplify the design by specifying 
each type of power transistor according to 
its frequency range and power output. The 
amplifier designer need only provide suit- 


OUTPUT 


MRF464 


Fig 13.24—A simplified schematic of a broadband HF transistorized power 
amplifier. T1 and T2 are 4:1 broadband transformers to match the low input 


impedance of the transistor. 


able impedance matching to the device 
input and output, along with appropriate 
dc bias currents to the transistor. 

The Motorola MRF464 is an RF power 
transistor capable of 80 W PEP output with 
low distortion. Its usable frequency range 
extends through 30 MHz. At a collector 
potential of 28 V, a collector efficiency of 
40% is possible. Fig 13.24 shows the sche- 
matic diagram of a 2 to 30-MHz broad- 
band linear amplifier using the MRF464. 
The input impedance of the transistor is 
specified by the manufacturer to be 1.4 — 
j0.30 Q at 30 MHz and decreases to 9.0 — 
j5.40 Q at 2 MHz. Transformers ТІ and 
T2 match the 50-Q amplifier input imped- 
ance to the median value of the transistor 
input impedance. They are both 4:1 step- 
down ratio transmission-line transform- 
ers. A single 16:1 transformer could be 
used in place of T1 and T2, but 16:1 trans- 
formers are more difficult to fabricate for 
broadband service. 

The specified transistor output resis- 
tance is approximately 6 Q (in parallel 
with a corresponding output capacitance) 
across the frequency range. T3 is a ferrite- 
loaded conventional transformer with a 
step-up ratio of approximately 8:1. This 
matches the transistor output to 50 Q. 

The amplifier has a falling gain charac- 
teristic with rising frequency. To flatten 
out gain across the frequency range, nega- 
tive feedback could be applied. However, 
most power transistors have highly reac- 
tive input impedances and large phase er- 
rors would occur in the feedback loop. 
Instability could potentially occur. 

A better solution is to use an input cor- 
rection network. This network is used as a 
frequency-selective attenuator for ampli- 
fier drive. At 30 MHz, where transistor 
gain is least, the input power loss is de- 
signed to be minimal (less than 2 dB). The 
loss increases at lower frequencies to com- 
pensate for the increased transistor gain. 
The MRF464 has approximately 12 dB 
more gain at 1.8 MHz than at 30 MHz; the 
compensation network is designed to have 
12 dB loss at 1.8 MHz. A properly de- 
signed compensation network will result 
in an overall gain flatness of approxi- 
mately 1 dB. 


AMPLIFIER STABILIZATION 


Stable Operating Conditions 


Purity of emissions and the useful life 
(or even survival) of the active devices in 
a tube or transistor circuit depend heavily 
on stability during operation. Oscillations 
can occur at the operating frequency or far 
from it, because of undesired positive 
feedback in the amplifier. Unchecked, 


these oscillations pollute the RF spectrum. 


and can lead to tube or transistor over-dis- 
sipation and subsequent failure. Each type 
of oscillation has its own cause and its own 
cure. ; 

In a linear amplifier, the input and out- 
put circuits operate on the same frequency. 
Unless the coupling between these two cir- 
cuits is kept to a small enough value, suf- 
ficient energy from the output may be 
coupled in phase back to the input to cause 
the amplifier to oscillate. Care should be 
used in arranging components and wiring 
of the two circuits so that there will be 
negligible opportunity for coupling exter- 
nal to the tube or transistor itself. А high 
degree of shielding between input and 
output circuits usually is required. All RF 
leads should be kept as short as possible 
and particular attention should be paid to 
the RF return paths from input and output 
tank circuits to emitter or cathode. 

In general, the best arrangement using a 
tube is one in which the input and output 
circuits are on opposite sides of the chas- 
sis. Individual shielded compartments for 
the input and output circuitry add to the 
isolation. Transistor circuits are somewhat 
more forgiving, since all the impedances 
are relatively low. However, the high cur- 
rents found on most amplifier circuit 
boards can easily couple into unintended 
circuits. Proper layout, the use of double- 
sided circuit board (with one side used as 
a ground plane and low-inductance ground 
return), and heavy doses of bypassing on 
the dc supply lines often are sufficient to 
prevent many solid-state amplifiers from 
oscillating. 


VHF and UHF Parasitic 
Oscillations 


RF power amplifier circuits contain 
parasitic reactances that have the potential 
to cause so-called parasitic oscillations at 
frequencies far above the normal operating 
frequency. Nearly all vacuum-tube ampli- 
fiers designed for operation in the 1.8 to 
29.7 MHz frequency range exhibit tenden- 
cies to oscillate somewhere in the VHF- 
UHF range—generally between about 75 
and 250 MHz depending on the type and 
size of tube. A typical parasitic resonant 
circuit is highlighted by bold lines in Fig 
13.25. Stray inductance between the tube 
plate and the output tuning capacitor forms 
a high-Q resonant circuit with the tube's 
Cour. Cour normally is much smaller 
(higher XC) than any of the other circuit 
capacitances shown. The tube's Cy, and the 
tuning capacitor Cruyg essentially act as 
bypass capacitors, while the various chokes 
and tank inductances shown have high re- 
actances at VHF. Thus the values of these 
components have little influence on the 
parasitic resonant frequency. 


Oscillationis possible because the VHF 
resonant circuit is an inherently high-Q 
parallel-resonant tank that is not coupled 
to the external load. The load resistance at 
the plate is very high, and thus the voltage 
gain at the parasitic frequency can be quite 
high, leading to oscillation. 

The parasitic frequency, f,, is approxi- 
mately: 


f= 1000 
adm 43 
204 Lp Cour de 
where 


f, = parasitic resonant frequency in MHz 

Lp= total stray inductance between tube 
plate and ground via the plate tuning 
capacitor (including tube internal 
plate lead) in uH | 

Сорт = tube output capacitance in pF. 


In a well-designed HF amplifier, L, 
might be in the area of 0.2 pH and Сот for 
an 8877 is about 10 pF. Using these fig- 
ures, the equation above yields a potential 
parasitic resonant frequency of 


1000 


2140.2 x 10 


For a smaller tube, such as the 
3CX800A7 with Сот of 6 pF, f, = 145 
MHz. Circuit details affect f, somewhat, 
but these results do in fact correspond 
closely to actual parasitic oscillations ex- 
perienced with these tube types. VHF- 
UHF parasitic oscillations can be pre- 
vented (not just minimized!) by reducing 
the loaded Q of the parasitic resonant cir- 
cuit so that gain at its resonant frequency 
is insufficient to support oscillation. This 
is possible with any common tube, and it 
is especially easy with modern external- 
anode tubes like the 8877, 3CX800A7, and 
4CX800A. 

Z1 of Fig 13.25B is a parasitic suppres- 
sor. Its purpose is to add loss to the para- 
sitic circuit and reduce its Q enough to 
prevent oscillation. This must be accom- 
plished without significantly affecting 
normal operation. L, should be just large 
enough to constitute a significant part of 
the total parasitic tank inductance (origi- 
nally represented by Lp), and located right 
at the tube plate terminal(s). If L, is made 
quite lossy, it will reduce the Q of the para- 
sitic circuit as desired. 

The inductance and construction of L, 
depend substantially on the type of tube 
used. Popular glass tubes like the 3-500Z 
and 4-1000A have internal plate leads 
made of wire. This significantly increases 
Lp when compared to external-anode 
tubes. Consequently, L, for these large 
glass tubes usually must be larger in order 
to constitute an adequate portion of the 
total value of Lp. Typically a coil of 3 to 


f, - - 112.5 MHz 


RF Power Amplifiers 13.25 


CTUNE 
and 


Fe CsTRAY 


(Looks Like 
Bypass at VHF) 


Cin 


RFC T TUBE 


С ОАО 


Fig 13.25—At A, typical VHF/UHF parasitic resonance in plate circuit. The HF 
tuning inductor in the pi network looks like an RF choke at VHF/UHF. The tube’s 
output capacity and series stray inductance combine with the pi-network tuning 
capacity and stray circuit capacity to create a VHF/UHF pi network, presenting a 
very high impedance to the plate, increasing its gain at VHF/UHF. At В, 21 lowers 
the Q and therefore gain at parasitic frequency. 


5 turns of #10 wire, 0.25 to 0.5 inches in 
diameter and about 0.5 to 1 inches long is 
sufficient. For the 8877 and similar tubes 
it usually is convenient to form a “horse- 
shoe" in the strap used to make the plate 
connection. A “U” about | inch wide and 
0.75 to 1 inch deep usually is sufficient. In 
either case, L, carries the full operating- 
frequency plate current; at the higher fre- 
quencies this often includes a substantial 
amount of circulating tank current, and L, 
must be husky enough to handle it without 
overheating even at 22 MHz. 

Regardless of the form of L,, loss may 
be introduced as required by shunting L, 
with one or more suitable noninductive 
resistors. In high-power amplifiers, two 
composition or metal film resistors, each 
100 Q, 2 W, connected in parallel across 
L, usually are adequate. For amplifiers up 
to perhaps 500 W a single 47-Q, 2-W re- 
sistor may suffice. The resistance and 
power capability required to prevent VHF/ 
UHF parasitic oscillations, while not over- 
heating as a result of normal plate circuit 
current flow, depend on circuit param- 
eters. Operating-frequency voltage drop 
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across L, is greatest at higher frequencies, 
so itis important to use the minimum nec- 
essary value of L, in order to minimize 
power dissipation in R,. 

The parasitic suppressors described 
above very often will work without modi- 
fication, but in some cases it will be nec- 
essary to experiment with both L, and R, 
to find a suitable combination. Some de- 
signers use nichrome or other resistance 
wire for L,, but there is no credible evi- 
dence of any fundamental difference in 
performance as a result. Amplifier manu- 
facturer W4ETO has never seen an HF 
amplifier using modern tubes that could 
not be made completely free of VHF 
parasitics by using one of the simple para- 
sitic suppressor constructions described 
above. 

In exceptionally difficult cases, particu- 
larly when using glass tetrodes or pen- 
todes, additional parasitic suppression 
may be attained by connecting a low value 
resistor (about 10 to 15 Q) in series with 
the tube input, near the tube socket. This is 
illustrated by КІ of Fig 13.25B. If the tube 
has arelatively low input impedance, as is 


typical of grounded-grid amplifiers and 
some grounded-cathode tubes with large 
Сум, R1 may dissipate a significant por- 
tion of the total drive power. 


Testing Tube Amplifiers for VHF- 
UHF Parasitic Osciilations 


Every high-power amplifier should be 
tested before being placed in service, to 
insure that it is free of parasitic oscilla- 
tions. For this test, nothing is connected to 
either the RF input or output terminals, 
and the bandswitch is first set to the low- 
est-frequency range. If the input is tuned 
and can be bandswitched separately, it 
should be set to the highest-frequency 
band. The amplifier control system should 
provide monitoring for both grid current 
and plate current, as well as a relay, circuit 
breaker, or fast-acting fuse to quickly shut 
off high voltage in the event of excessive 
plate current. To further protect the tube 
grid, it is a good idea to temporarily insert 
in series with the grid current return line a 
resistor of approximately 1000 Q to pre- 
vent grid current from soaring in the event 
a vigorous parasitic oscillation breaks out 
during initial testing. 

Apply filament and bias voltages to the 
amplifier, leaving plate voltage off and/or 
cutoff bias applied until any specified tube 
warmup time has elapsed. Then apply the 
lowest available plate voltage and switch 
the amplifier to transmit. Some idling 
plate current should flow. If it does not, it 
may be necessary to increase plate voltage 
to normal or to reduce bias so that at least 
100 mA or so does flow. Grid current 
should be zero. Vary the plate tuning ca- 
pacitor slowly from maximum capaci- 
tance to minimum, watching closely for 
any grid current or change in plate current, 
either of which would indicate a parasitic 
oscillation. If a tunable input network is 
used, its capacitor (the one closest to the 
tube if a pi circuit) should be varied from 
one extreme to the other in small incre- 
ments, tuning the output plate capacitor at 
each step to search for signs of oscillation. 
If at any time either the grid or plate cur- 
rent increases to a large value, shut off 
plate voltage immediately to avoid dam- 
age! If moderate grid current or changes in 
plate current are observed, the frequency 
of oscillation can be determined by loosely 
coupling an RF absorption meter or a spec- 
trum analyzer to the plate area. It will then 
be necessary to experiment with parasitic 
suppression measures until no signs of 
oscillation can be detected under any con- 
ditions. This process should be repeated 
using each bandswitch position. 

When no sign of oscillation can be 
found, increase the plate voltage to its 
normal operating value and calculate plate 


dissipation (idling plate current times 
plate voltage). If dissipation is at least half 
of, but not more than, its maximum safe 
value, repeat the previous tests. If plate 
dissipation is much less than half of maxi- 
mum safe value, it is desirable (but not 
absolutely essential) to reduce bias until it 
is. If no sign of oscillation is detected, the 
temporary grid resistor should be removed 
and the amplifier is ready for normal op- 
eration. 


Parasitic Oscillations in Solid- 
State Amplifiers 


In low-power solid-state amplifiers, 
parasitic oscillations can be prevented by 
using a small amount of resistance in se- 
ries with the base or collector lead, as 
shown in Fig 13.26A. The value of R1 or 
R2 typically should be between 10 and 
22 Q. The use of both resistors is seldom 
necessary, but an empirical determination 
must be made. R1 or R2 should be located 
as close to the transistor as practical. 

At power levels in excess of approxi- 
mately 0.5 W, the technique of parasitic 
suppression shown in Fig 13.26B is effec- 
tive. The voltage drop across a resistor 
would be prohibitive at the higher power 
levels, so one or more ferrite beads placed 
over connecting leads can be substituted 
(Z1 and Z2). A bead permeability of 125 
presents a high impedance at VHF and 
above without affecting HF performance. 
The beads need not be used at both circuit 
locations. Generally, the terminal carry- 
ing the least current is the best place for 
these suppression devices. This suggests 
that the resistor or ferrite beads should be 
connected in the base lead of the transis- 
tor. 

C3 of Fig 13.27 can be added to some 
power amplifiers to dampen VHF/UHF 
parasitic oscillations. The capacitor 
should be low in reactance at VHF and 
UHF, but must present a high reactance at 
the operating frequency. The exact value 
selected will depend upon the collector 
impedance. A reasonable estimate is to use 
an Xc of 10 times the collector impedance 
at the operating frequency. Silver-mica or 
ceramic chip capacitors are suggested for 
this application. An additional advantage 
is the resultant bypassing action for VHF 
and UHF harmonic energy in the collector 
circuit. C3 should be placed as close to the 
collector terminal as possible, using short 
leads. 

The effects of C3 in a broadband ampli- 
fier are relatively insignificantatthe oper- 
ating frequency. However, whenanarrow- 
band collector network is used, the added 
capacitance of C3 must be absorbed into 
the network design in the same manner as 
the Cour of the transistor. 


Fig 13.26—Suppression methods for VHF and UHF parasitics in solid-state 


amplifiers. 


Fig 13.27—Illustration of shunt feedback in a transistor amplifier. C1 and АЗ make 
up the feedback network. 


Low-Frequency Parasitic 
Oscillations 


Bipolar transistors exhibit a rising gain 
characteristic as the operating frequency 
is lowered. To preclude low-frequency 
instabilities because of the high gain, 
shunt and degenerative feedback are often 
used. In the regions where low-frequency 
self-oscillations are most likely to occur, 
the feedback increases by nature of the 
feedback network, reducing the amplifier 
gain. In the circuit of Fig 13.27,.C1 and R3 
provide negative feedback, which in- 
creases progressively as the frequency is 


lowered. The network has a small effect at 
the desired operating frequency but has a 
pronounced effect at the lower frequen- 
cies. The values for C1 and R3 are usually 
chosen experimentally. C1 will usually be 
between 220 pF and 0.0015 uF for HF- 
band amplifiers while R3 may be a value 
from 51 to 5600 O. 

R2 of Fig 13.27 develops emitter de- 
generation at low frequencies. The bypass 
capacitor, C2, is chosen for adequate RF 
bypassing at the intended operating fre- 
quency. The impedance of C2 rises pro- 
gressively as the frequency is lowered, 
thereby increasing the degenerative feed- 
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back caused by R2. This lowers the ampli- 
fier gain. R2 in a power stage is seldom 
greater than 10 О, and may be as low as 1 
О. It is important to consider that under 
some operating and layout conditions R2 
can cause instability. This form of feed- 
back should be used only in those circuits 
in which unconditional stability can be 
achieved. 

R1 of Fig 13.27 is useful in swamping 
the input of an amplifier. This reduces the 
chance for low-frequency self oscilla- 
tions, but has an effect on amplifier per- 
formance in the desired operating range. 
Values from 3 to 27 Q are typical. When 
connected in shunt with the normally low 
base impedance of a power amplifier, the 
resistors lower the effective device input 
impedance slightly. R1 should be located 
as close to the transistor base terminal as 
possible, and the connecting leads must be 
kept short to minimize stray reactances. 
The use of two resistors in parallel reduces 
the amount of inductive reactance intro- 
duced compared to a single resistor. 

Although the same concepts can be ap- 
plied to tube-type amplifiers, the possibil- 
ity of self-oscillations at frequencies lower 
than VHF is significantly lower than in 
solid-state amplifiers. Tube amplifiers 
will usually operate stably as long as the 
input-to-output isolation is greater than 
the stage gain. Proper shielding and dc- 
power-lead bypassing essentially elimi- 
nate feedback paths, except for those 
through the tube itself. 

On rare occasions tube-type amplifiers 
will oscillate at frequencies in the range of 
about 50 to 500 kHz. This is most likely 
with high-gain tetrodes using shunt feed 
of dc voltages to both grid and plate 
through RF chokes. If the resonant fre- 
quency of the grid RF choke and its asso- 
ciated coupling capacitor occurs close to 
that of the plate choke and its blocking 
capacitor, conditions may support a tuned- 
plate tuned-grid oscillation. For example, 
using typical values of | mH and 1000 pF, 
the expected parasitic frequency would be 
around 160 kHz. 

Make sure that there is no low-imped- 
ance, low-frequency return path to ground 
through inductors in the input matching 
networks in series with the low imped- 
ances reflected by a transceiver output 
transformer. Usually, oscillation can be 
prevented by changing choke or capacitor 
values to insure that the input resonant 
frequency is much lower than that of the 
output. 


Amplifier Neutralization 


Depending on stage gain and inter- 
electrode capacitances, sufficient positive 
feedback may occur to cause oscillation at 


13.28 Chapter 13 


the operating frequency. This should not 
occur in well-designed grounded-grid 
amplifiers, nor with tetrode or pentodes 
operating at gains up to about 15 dB as is 
current practice at HF where 50 to 100 W 
of drive is almost always available. If tri- 
odes are grid-driven, however, and under 
certain other circumstances, neutraliza- 
tion may be necessary because of output 
energy capacitively coupled back to the 
input as shown in Fig 13.28. Neutraliza- 
tion involves coupling a small amount of 
output energy back to the amplifier input 
out of phase, to cancel the unwanted in- 
phase (positive) feedback. A typical cir- 
cuit is given in Fig 13.29. L2 provides a 
180° phase reversal because it is center 
tapped. C1 is connected between the plate 
and the lower half of the grid tank. C1 is 
then adjusted so that the energy coupled 
from the tube output through the neutral- 
ization circuit is equal in amplitude and 
exactly 180° out of phase with the energy 
coupled from the output back through the 
tube. The two signals then cancel and os- 
cillation is impossible. 

The easiest way to adjust a neutraliza- 
tion circuit is to connect a low-level RF 
source to the amplifier output tuned to the 
amplifier operating frequency. A sensitive 


= 


Fig 13.28—The equivalent feedback 
path due to the internal capacitance of 
the tube grid-plate structure in a power 
amplifier. 


RF detector like a receiver is then con- 
nected to the amplifier input. The ampli- 
fier must be turned off for this test. The 
amplifier tuning and loading controls, as 
well as any input network adjustments are 
then peaked for maximum indication on 
the RF detector connected at the input. C1 
is then adjusted for minimum response on 
the detector. This null indicates that the 
neutralization circuit is canceling energy 
coupled from the amplifier output to its 
input through tube, transistor, or circuit 
capacitances. 


Screen-Grid Tube Stabilization 


The plate-to-grid capacitance in a 
screen-grid tube is reduced to a fraction of 
a picofarad by the interposed grounded 
screen. Nevertheless, the power gain of 
these tubes may be so great in some cir- 
cuits that only a very small amount of feed- 
back is necessary to start oscillation. To 
assure a stable tetrode amplifier, it is usu- 
ally necessary to load the grid circuit, or to 
use a neutralizing circuit. 


Grid Loading 


The need for a neutralizing circuit may 
often be avoided by loading the grid cir- 
cuit to reduce stage gain, provided that the 
driving stage has some power capacity to 
spare. Loading by tapping the grid down 
on the grid tank coil, or by placing a 
“swamping” resistor from grid to cathode, 
is effective to stabilize an amplifier. Ei- 
ther measure reduces the gain of the am- 
plifier, lessening the possibility of oscilla- 
tion. If a swamping resistor is connected 
between grid and cathode with very short 
leads, it may help reduce any tendency 
toward VHF-UHF parasitic oscillations as 
well. In a class AB1 amplifier, which 
draws no grid current, a swamping resis- 
tor can be used to replace the bias supply 
choke if parallel feed is used. 

Often, reducing stage gain to the value 


Fig 13.29—Example of neutralization of a single-ended RF amplifier. 


Fig 13.30—A neutralization circuit may use either C1 or C2 to cancel the effect of 


the tube internal capacitance. 


required by available drive power is suf- 
ficient to assure stability. If this is not 
practical or effective, the bridge neutral- 
izing system for screen-grid tubes shown 
in Fig 13.30 may be used. C1 is the neu- 
tralizing capacitor. The value of C1 should 
be chosen so that at some adjustment of 
СІ, 


Cl _ Cp 
C3 ur (44) 
where 


Ср = tube grid-plate capacitance 


Сум = tube input capacitance. 

The grid-to-cathode capacitance must 
include all strays directly across the tube 
capacitance, including the capacitance of 
the tuning capacitor. 


A 1500-W LINEAR AMPLIFIER USING 3-500Z TUBES 


Here is a modern linear amplifier with 
features not always available on commer- 
cial amplifiers. The amplifier uses a pair of 
3-500Z high-mu power triodes, and oper- 
ates on the 80, 40, 20, 17, 15, 12 and 10-m 
bands. It produces 1500-W PEP with about 
100 W of drive. Information is included to 
take you through the steps necessary to 
ensure that the amplifier functions prop- 
erly when completed. Dick Stevens, 
WIQWIJ, designed and built this amplifier. 

Fig 13.31 shows the completed ampli- 
fier on top of the power supply cabinet. 
The amplifier cabinet is home-made, us- 
ing sheet aluminum and aluminum angle 
stock. The power supply cabinet is much 
larger than necessary, but is one the author 
had available. It provides a solid base for 
the amplifier and the combination fits 
nicely beside the operating table or desk. 

There are many practical reasons for 
building your own amplifier. You can build 
an amplifier that will perform better than 
many lower-priced commercial amplifiers. 
Using off-the-shelf new parts, the cost of 
this 1.5-kW amplifier should be around 
$1000. Searching flea markets for parts will 
reduce the cost even further. One word of 
caution: do not buy used tubes. The Refer- 
ences chapter lists addresses of possible 
components suppliers for this amplifier. 


FEATURES 


When you buy a pair of 3-500Z tubes 
for approximately $250, you need to pro- 
vide protective circuits to ensure long tube 


life. Filament in-rush current is acommon 
concern. When the filaments are cold their 
resistance is very low and the initial fila- 
ment current will be high. This will 


Fig 13.31—The (2) 3-500Z amplifier and 
HV supply. 


shorten tube life. Remember, you will turn 
the filaments on and off many times over 
the life of your amplifier. A relay, resistor 
and a few other small parts provide a pro- 
tective circuit. 

No matter how careful you are when.tun- 
ing up the amplifier, it is very easy to ex- 
ceed the maximum grid current rating. A 
transistor, relay and a few small parts pro- 
vide a "grid-trip" circuit to protect the grid 
from excessive current. You may be sur- 
prised how many times the grid-trip circuit 
operates during initial tune up and testing. 

Sequential keying protects the amplifier 
against "hot" relay switching. With this 
circuit, the antenna transfer relays are 
operated and the amplifier is in a ready 
condition before any RF is applied to the 
tubes. This circuit also protects the driv- 
ing transceiver, which in many cases can 
sink alimited amount of external TR cur- 
rent. This sequential keying circuit re- 
quires less than 5 mA, and will work with 
any modern transceiver. 

Automatic level control (ALC) is also 
provided. This circuit helps prevent exces- 
sive drive to the amplifier. Do not, how- 
ever, run the transceiver and amplifier "flat 
out" and expect the ALC to perform 
miracles. Remember that the amplifier can 
be overdriven before the ALC circuit does 
its job. The short delay before drive is re- 
duced can introduce distortion. If you build 
aclean amplifier and run it conservatively, 
it will help ensure a clean signal. 

Parasitic suppression is a beast that can 
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Fig 13.32—The high-voltage power supply 
is shown at A. B shows the filament trans- 
former and in-rush current protection 
circuit. Addresses for parts suppliers are 
given in the References chapter. 
C202—Oil-filled capacitor, 53 uF, 3.5 kV. 

If a similar unit cannot be found, the 

replacement should have at Jeast 25 uF 

and the same or higher voltage rating. 

D201-D204—Rectifier, 8 kV, 1A (K2AW’s 
Silicon Alley HV-8 or equiv). 

J1-J12—Pin numbers of 12-pin Jones 
connector used for connections between 
the amplifier and power supply. 

J13—Phono jack or other suitable 
connector for VOX/MOX line from. 
transceiver. 

J14—High-voltage connector (female). 

-K201, K202—DPST relay, 240 V ac, 25 A 
contacts; 120 V ac coil (Potter and 
Brumfield PR7AYO or equiv). 

K203—DPST relay, 125 V ac, 10 A contacts, 

^... 12 V dc coil (Radio Shack 275-218 or 
equiv). 

K204—SPST relay, 125 V ac, 10 A contacte; 
120 V ac coil. 

M201—High-voltage supply meter, 0- 1 тА 
movement. 

$201—DPST 20 A, 220 V switch (loéal 
electrical-supply stores). 

$202—SPST rocker switch, 6 A, 120 у 
(Radio Shack 275-690 or equiv). 

$203—High-voltage selector switch, see 
text. 

T201—Hipersil power transformer, 220, 240 
V ac primary; 1770, 2125, 2500 V ac, 1.5 A 
secondary, ICAS (Peter W. Dahl Co. no. 
ARRL-002 or equiv). 

T202—Filament transformer, 120 V ac 
primary; 5 V ac, 30 A center-tapped 
secondary (Hammond type 167 X5 or 
equiv). 


haunt all amplifiers, whether commercial 
or home built. Parasitic oscillation can 
destroy expensive vacuum tubes. This 
. amplifier incorporates the method of para- 
sitic suppression described by Richard 
Measures, AGO6K, in the plate circuit. The 


suppressors are described in more detail 


later in this write-up. 


POWER SUPPLY DESCRIPTION 


` The high-voltage power supply is a full- 
wave-bridge design that delivers user-se- 
lectable voltages of 2.5, 3.0, or 3.5 kV at 
1A. The voltage regulation is- excellent, 
due in part to a Peter Dahl Hipersil trans- 
former and a large 53-uF, 3.5-kV, oil- 
filled filter capacitor. (If the builder can- 
not locate such a capacitor, a suitable 


· replacement should be at least 25 НЕ ata 


- similar voltage rating.) 


Transformer T201 has a 240-V ac pri- 


mary with a 220-V input tap, and output 
` taps at 1770, 2125 and 2500-V ac. The 
transformer is rated for:1.5 A intermittent 
commercial and amateur service (ICAS). 
Fig 13.32 is the schematic diagram of 


`{һе next operation. Remove all 


plates and spacers will come 
‘loose. Be careful not to lose any 


Conversion of RADIOKIT No. pe Capacitor toa 
Two-Section Capacitor ` 


‘Step 1. Make two tie-rod-support plates as shown in Fig A. The back tie 
rod plate has a half circle notch at the bottom to clear the ground lug rivet. 
. Step 2. Locate the hole between the two rivets that hold the stator 
supports. This hole is predrilled with a #35 bit. Tap this hole with a #6-32 
tap. 

Step 3. Mount the front and back tie-rod plates to the capacitor with #6- 
32 x '/2-inch machine screws. 

Step 4. Measure the distance between the inside faces of the tie-rod 
plates. (This distance should be 
very close to 85/4 inches) Cut a 
piece of '/4-inch aluminum rod to 
just fit between the tie-rod plates. 
With a #35 bit, drill a hole in the 
end of the '/s-inch rod to a depth 
of '/zinch. Tap this hole for a 
16-32 screw. Mount the com- 
pleted tie rod between the tie-rod 
mounting plates. 

Step 5. The new tie rod will 
hold the capacitor together for 


а= no. 28 drill 
b — 1/4" drill 


1/8" thick 
aluminum 


nuts on the stator tie rods and 
remove the tie rods. All stator 


of these parts. 

Step 6. Using the brass stator 
tie rods as stock, cut two new tie 
rods 6’/s inches long and two 
new tie rods 23/4 inches long. 
With a #10-32 die, cut new 
threads on the plain ends to a 


. Fig A—Make two end plates as 
shown to hold the modified capacitor 
together after the stator-support rods 
have been cut to form the two 
sections. 


“length of 1/2 inches 


Step 7. Slide a shaft collar over the.'/4-inch rotor shaft all the way to the 
front end plate. Lock the set screw to hold the shaft to the front end plate. 
This will prevent the small ball bearings from falling out of position. 
Remove all three ‘/s-inch tie rods for complete disassembly of the capaci- 
tor. Be very careful not to lose the single ball bearing that centers the rotor 
shaft to the rear bearing. Loosen and remove the nut that holds the rotor 
plates to the shaft. Count from the rear of the rotor shaft and remove the 
sixth rotor plate. Where the sixth plate was you should now have two 
spacers. Replace the nut and tighten it. Reassemble the capacitor and the 
rotor, securing the frame with the three '/4-іпсһ tie rods. Be sure to replace 
the single ball bearing at the rear of the rotor. 

Step 8. Reassemble the front stator. Count off 21 stator plates and 40 
spacers. Using the 67/e-inch brass tie rod, assemble the stator. Install the 
finished stator on the front support insulators. Install #10 nylon wasters 
between the locking nuts and the insulators to prevent the insulators from 
breaking. Slide the 23/4-inch tie rods into the rear insulators. Add one #10 
nylon washer and two #10-32 nuts. Next, add one plate and then a spacer. 
Continue adding plates and spacers until you have 4 plates and three 
spacers. Lock the assembly together with #10-32 nuts. Add a #10 nylon 
washer and #10-32 nut to the outside of the tie rods. 

Step 9. Adjust the #10-32 nuts so you have proper spacing between the 
stator and rotor plates and tighten all locking nuts to hold the assembly in 
proper alignment. 

_ The measured capacity of the larger section should be 200 pF maximum 
and 30 pF minimum. The measured capacitance of the smaller section 
should be 43 pF maximum and 12 pF minimum. 

The finished capacitor should have 5 rotor and 4 stator plates on the 


rear section and 21 rotor and 21 stator plates on the front section. 
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must be connected to the ac ground conductor. 


Fig 13.33—Schematic diagram of the 3-500Z amplifier control circuitry. Resistors are 1, W unless noted. Capacitors are disc ceramic 
unless noted and those marked with a + are electrolytic. Addresses for parts suppliers are given in the References chapter. 


B101, B102—Blower, 4-inch 120 V ac K103, K104—SPST relay, 125 V ac, 10A @Q101-Q105—2N2222 or equiv. 
fan (Radio Shack 273-241 or equiv). contacts, 38 mA, 320 Q 12 V dc coil S103, S104, S105—SPST rocker switch, 
D101, D102, D103, D106, D107, D108, (Radio Shack 275-248 or equiv). 6 A, 120 V (Radio Shack 275-690 or 
D109, D111—Small-signal switching M101—Piate-current meter, 0-1 A equiv). 


diodes, 1N914 or equiv. movement. T101—Power transformer. Primary: 
D104, D105—1A, 100 PIV such as M102—Grid-current meter, 0-500 mA 120V, secondary: 18V, 2A. 
1N4002 or equiv. movement. U101—Bridge rectifier, 25 A, 100 PIV 


D110—Zener diode, 10 V, 50 W, 1N2808, 
1N3309 or equiv. 

K102—DPDT relay, 125 V ac, 10 А 
contacts, 130 mA, 160 12 V dc coil 
(Radio Shack 275-218 or equiv). 


P1-P6, P10, P11—Pin numbers of male 
12-pin Jones connector used for 
connections between the amplifier 
and power supply. 


(Radio Shack 276-1171 or equiv). 
U102—15-V regulator, UA7815C (Radio 
Shack 276-1772 or equiv). 
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Fig 13.34—Interior view of the power- 
supply cabinet. The high-voltage supply 
is on the bottom. The filter capacitor 
and bleeder resistor are visible on the 
left and the high-voltage transformer is 
on the right. The filament transformer 
and 15-V de supply for the control 
circuit are mounted on the shelf in the 
top right corner. The high-voltage 
SELECTOR Switch is clearly visible in the 
center of the photo. 


the high-voltage supply. (The HV circuit 
is hand wired; the photo shows general 
parts-placement information.) A protec- 
tive circuit limits the in-rush current when 
the supply is initially switched on. $203 is 
a high-voltage switch (with large contacts 
and ceramic insulation) used to select the 
output voltage. Under normal conditions, 
the 3-kV (dc) position is selected. The 
2.5-kV position can be used while tuning 
and the 3.5-kV position may be selected if 
the input voltage is a bit low. 

Along with the high-voltage supply, the 
power-supply cabinet also houses the fila- 
ment transformer and in-rush current-pro- 
tection relay. (Fig 13.32 shows these cir- 
cuits.) There is not sufficient room on the 
amplifier chassis to mount the trans- 
former. 

The 15-V dc control-circuit power sup- 
ply is also located in the power-supply 
cabinet, although this circuit is shown as 
part of the control circuit in Fig 13.33. 
(The control circuit is built on perfboard; 
no etching pattern or parts-placement dia- 
gram is needed.) Fig 13.34 shows the lay- 
out inside the power-supply cabinet. The 
high-voltage supply is on the bottom and 
the filament transformer and 15- V dc sup- 
ply are on the shelf. Notice the 53-uF filter 


capacitor and the 100-kO bleeder resistor 
on the left side. 

The B+ lead to the amplifier is made 
with high-voltage insulated wire (30-kV 
insulation, #22 wire) and a high-voltage 
connector. A braid ground strap bonds the 
power supply to the amplifier chassis. 


Circuit Operation 


When switch S201 is closed, 240-V ac 
is available to the power supply. Neon 
bulb DS201 lights, showing that power is 
available to the power supply and 120-V 
ac is available to the amplifier via pin 2 of 
the 12-pin Jones connector. 

When the filament switch (S104 in the 
control-circuit diagram, Fig 13.33) is 
closed, 120-V ac is applied (through pin 2 
of the Jones plug and R209) to the fila- 
ment transformer, T202. The resistor lim- 
its the filament in-rush current. The con- 
trol circuit also applied 15-V dc to R210 
and relay K204. When capacitor C204 has 
charged sufficiently to operate the relay, 
contacts K204A close, applying the full 
120-V to T202. 

To energize the HV supply, switches 
$103 and $202 must be closed. This ap- 
plies 15-V dc from the control circuit to 
relay K203. Relay K203 operates and 
closes contacts K201A and B, sending 
240 V through resistors R201 and R202 to 
the primary of T201. Indicator DS202 
lights. 

Resistors R201 and R202 limit the 
charging current through diodes D201- 
D204, protecting them from the high 
charging-current demands of the filter 
capacitor, C202. The ac voltage applied to 
the diode D205 is rectified and passed to 
the RC filter consisting of R203 and C201. 
After about 1 second, the voltage across 
C201 will reach 15 to 20-V dc and relay 
K202 will operate. Contacts K202A and 
K202B then close and the full 240-V ac is 
applied to T201. Diodes across the relay 
coils suppress voltage spikes. 

The negative return (B-) is isolated 
slightly above ground by R204. This is 
required for amplifier metering pur- 
poses. R207 acts somewhat like a high- 
voltage fuse and protects the 3-500Z am- 
plifier tubes in case of an arc-over. Meter 
M201 measures plate voltage; it is a 0 to 
1 mA movement with a 5-MQ multiplier 
resistor, R206. R206 consists of five 
1-MQ, 2-W, 2% resistors in series. If a 
different meter movement is used, a new 
value for the multiplier resistor must be 
calculated. R205 is a 100-kQ, 200-W 
bleeder resistor. 

To protect the amplifier from drive 
without plate voltage on the tubes, the 
VOX/MOX signal from the transceiver is 


routed through power-supply control re- 
lay contacts, K203B. Unless the supply is 
operating, a VOX/MOX signal from the 
transceiver won't reach the input and out- 
put relays, so the amplifier is bypassed. 


RF DECK 


The RF deck includes two 3-500Z tri- 
odes, the control circuit board, ALC board, 
input filters and the output pi network. It is 
built into an aluminum cabinet. Two small 
muffin fans blow cooling air directly onto 
the tubes, and there is a vent hole directly 
over the tubes. A piece of aluminum 
screening covers the hole; #6 hardware 
holds the screen in place. The screen edges 
are covered with glass-fiber electrical tape 
to prevent fraying. Figs 13.35 and 13.36 
show the internal construction of the am- 
plifier. 

To avoid a cluttered diagram, only part 
of the input circuit is shown in Fig 13.37. 
Each band has its own input filter, and the 
component values for these filters are 
given in Fig 13.38. One capacitor in each 
filter is adjustable, so the filters can be 
tuned for lowest SWR (1.5:1 or better). 
The inductors are wound on toroids. The 
core and winding information is also given 
in Fig 13.38. 

The filter board is mounted facing the 
rear panel. An access hole cut in the panel 
allows easy adjustment. A piece of alumi- 
num serves as a cover plate; it is held in 
place by two machine screws and PEM 
nuts (which press fit into holes in the 
panel). 

Each tube has a parasitic-suppression 
network connected directly to the plate 
lead. Each network includes a choke, 
which consists of 3 turns of #18 nichrome 
or Stainless steel wire with a 7 mm inside 
diameter. Two 100-Q, 2-W metal film re- 
sistors are parallel-connected to each other 
and the coil. 7t is important that the resis- 
tors do not go through the center of the 
coil. This network is clearly visible іп Fig 
13.36. 

The amplifier output goes through a 
low-pass filter (B & W Model FL-10/ 
1500) to reduce harmonic energy above 
30 MHz. This filter is mounted on the back 
panel. 


ALC Circuit 


The ALC circuit samples RF drive 
through a voltage divider circuit, C1 and 
C2. The sampled voltage is rectified by 
diode D2, and filtered by C8. R1 sets the 
threshold voltage, or operating point, of 
the ALC. When the rectified sample volt- 
age exceeds the threshold voltage set by 
R1,adc voltage is sent to the driving trans- 
ceiver to lower its output. The threshold 
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Fig 13.35—Photo of the amplifier chassis bottom. The Fig 13.36—Photo of the top side of the amplifier deck. The 


chain-drive arrangement visible at the bottom of the photo neat, uncluttered appearance of the RF section is evident. 
connects the input-filter band switch (S3 on Fig 13.37) with Notice the plate choke at right and the parasitic 

the output network band switch (S2 on Fig 13.37). One suppressors at the tube plates. The modified RADIOKIT 
knob on the front panel operates both switches. The capacitor is at the left and the inductors are in the center. 
control-circuit board is visible in the lower-right corner of Careful inspection of the coil stock shows the different 
the chassis and the ALC board is along the left edge. The turns spacing of the two coils, as well as the solder joint 
input-filter circuits (and band switch S3) are near the top of between the two sections. The 10-m coil mounts 

the photo. The B & W TVI filter is at the top of the photo. perpendicular to the other coils. The chain-driven band 
The bifilar filament choke is across the center of the switch arrangement is at the bottom of the photo, but the 
chassis. output BAND switch is hidden by the inductors. 


see Table 1 
L2 


100/2№ 
100/2W 


RF INPUT 
HOn 


RF 
OUTPUT 


J16 (о) О КбА 


K6 RFC3 
DS 2.5 mH 


L 1N4002 
epo 26 с12 
(see Fig 72) сз C4 0.001 
0.0 0.01 
Al 
5V 30А from 


Control Circuit 


R1 50k 47 k Except as indicated, decimol values of жж Chassis ground is not equivalent to the 
ALC BIAS capacitance are in microfarads (uF); ac-line ground. The ac neutral wire is 
B 7 others are in picofarads ( pF ); connected to chassis ground, so the chassis 
iom to +15 V on ALC OUT resistances are in ohms; k=1,000, must be isolated from the equipment cabinet, which 
Control Circuit Control Circuit M=1,000,000. must be connected to the ac ground conductor. 


Ж See text 
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to 
Antenna Relay (K5A) 


240—700 pF 
C1-808 


Filter 
Band 
(meters) (pF) 


'80 390+240—700 
. 40 240-700 
. 20` 95-350 
17 55-250 
15 ^ ' 55-250 
12 55-250 
10. 55-250 


core . (no. 20 wire) 


T-50-2 . 
T-50-2" 
T-50-2 
T-50-6 
T-50-6 
T-50-6 

` T-50-6 


Fig 13.38—Details of the eight input filters are shown. Each filter connects to 
the appropriate position on the band switch. The chart gives capacitor values 
and inductor winding information. The output capacitors (Co) are all silver-mica 
units. The input capacitors (Cj) are mica compression trimmers. The 80-m input 
capacitor has a 390 pF silver-mica capacitor in parallel with the trimmer. ARCO 
part numbers for the trimmer Endo. are: ::240- 700 рЕ, 4215; 95-350 рЕ, 428; 


. 55- 250 pF, 426. 


Fig 13.37—Schematic diagram of the 3-500Z amplifier RF deck. Resistors are '/; W 
unless noted. Capacitors are disc ceramic unless noted, and those marked with a+ 
are electrolytic. See Fig 13.38 for details of the input filter section. Addresses for . 
parts suppliers are given in the References chapter. 


C18—12.5 to 43 pF section of modified 
RADIOKIT no. 245 capacitor (or 
equiv). See the Sidebar for 
modification instructions. 

C19—30.5 to 200 pF, 4500 V, section of 
modified RADIOKIT capacitor. 

C20—40 to 1500 pF, 1700 V, air-variable 
capacitor, such as RADIOKIT no. 1600 
(or equiv). ` 

J15, J16—RF connectors to suit builder. 
The author used a BNC input 
‘connector and an N connector on the 
output. : 

J17—Phono jack or suitable connector 
for ALC line to transceiver. 

K5—SPDT relay, 12 V dc coil (Radio 
Shack 275-248 is suitable). з 

K6—SPDT coaxial relay, 12 V de, 160 
mA coil (Toh.Tsu. Electric Co. Ltd. 
CX-600 N, or equiv). 

P7, P8, P9, P12—Pin numbers of male 
12-pin Jones connector used for 
connections between the amplifier 
and power supply. E 


P14—High-voltage connector (male) and 


able (see text). 

RFC1—Plate choke, wound on ?/«inch 
diameter Teflon rod. See text for 

. winding details. 

RFC2—30 A filament choke, such as B & 
- W FC-25A. - 

RFC3—2'/2 mH choke. 

$2—Output rotary switch, nonshorting 
: 2-section, 7-position high- voltage 
ceramic wafer switch with 30? 
indexing. (The author used 2 wafers of 
a Radio Switch Corporation Model 86- 
4-8-30 4-wafer, 8-position switch.) 


. $3—Input rotary switch, nonshorting 


2-section, 7-position ceramic wafer 
Switch with 30° indexing. The author 
used an 11- -position Centralab 2513 

. switch. . 


. voltage is adjustable to cover nearly any 


operating condition of any transceiver. 
Fig 13.39 is a parts-placement diagram. 


Control Circuit 
The control circuit is shown in Fig 


' 13.33. When the transceiver VOX/MOX 


line is grounded (transmit), pin 4 of the 
Jones connector (P4) is grounded. This 
ground is connected through K102B to 
diodes D106, D107, D108 and D109. 

This causes Q104 and Q102 to stop con- 
ducting. Q105 then conducts, and relay 
K104 activates, sending 15-V dc to the 
antenna change-over relays (K5 and K6 
on the RF deck; see Fig 13.37). A short 
time later Q103 conducts, actuating relay 
K103. This puts the amplifier in the oper- 
ating condition. (The delay is set by the. 
time it takes C111 to charge after Q102 
stops conducting. This time delay allows 
the antenna relays to close before the am- 
plifier is keyed.) 

Grid-current protection is provided by 
Q101. Grid current is sensed from the 


. voltage drop across R101. The level is set 


by R107: When the grid current reaches a . 


‘level of 215 mA, Q101 conducts, causing 


relay K102 to activate. This opens con- 
tacts K102B in the VOX/MOX line and 


"switches the amplifier off. Contacts. 


K102A close to light DS102 (indicating a 
grid-trip condition) and provide a latched 
ground for the relay coil through S105. 
K102 will remain on until the RESET 


' Switch, S105, is opened or the power sup- . 


ply is switched off. 

The control, circuits are made on a 
printed circuit board. A full-size etching 
is available from the Technical Depart- 
ment Secretary. Write, call, fax or e-mail 
ARRL HQ and ask for the “95 Handbook 
3-500Z Amps" package. Fig 13.40 (on the 


. next page) is a control board parts-place- 
- ment diagram. The author's amplifier ex- 


hibited an RFI problem in the control cir- 
cuit during 80-m operation. The 
control-circuit relays cycled on and off 
when the amplifier output exceeded about 
500 W with the plate voltage set to 3 or 3.5 
kV. A few circuit modifications were 
made to cure this problem. Each lead to 
the control circuit board was filtered with 
an FB-73-801 bead and a 0.01-uF disk 
capacitor to ground. (See Fig 13.40 de- 
tail.) Several other bypass capacitors were 
added at various points in the circuit. In ` 
addition, 47-kQ resistors were added be- 
tween the base and emitter leads of Q102 
and Q104. A 15-kQ resistor was added 
between the base and emitter of Q101. The 
capacitors and resistors were added to 
the underside of the circuit board, and 


are shown with dashed lines on Fig 13.33 


and the parts-placement diagram. 
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To KSA 
Contact 


(ALC Bias Control) 


To Chassis bee ee 


Ground 


To J17 
ALC OUT 


Fig 13.39—Parts-placement diagram for the ALC circuit PC board. The component 
side of the board is shown, with an X-ray view of the circuit foil. 
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Fig 13.40—Parts-placement diagram for the control circuit PC board. The 
component side of the board is shown, with an X-ray view of the circuit foil. 


CONSTRUCTION HINTS 


The most difficult part of building this 
amplifier is the homemade enclosure, but 
if the aluminum stock is cut carefully if 
will go together without too much prob- 
lem. Be prepared to do quite a bit of cut- 
ting and filing however! 

A 10x14-inch chassis is the basic foun- 
dation for the amplifier, with the 14-inch 
side at the front and back. The cabinet 
made from 16-gauge aluminum completes 
the amplifier enclosure. The enclosure is 
11'/ inches high. To build the enclosure 
you need the following sheet-aluminum 
pieces: 


14'/4x11'/2 inches (front panel) 
12x11'/2 inches (sides) 

14x11'/2 inches (inner front panel) 
14x12 inches (top and bottom) 
14x8'/2 inches (back) 

cover to fit the input-filter access 
opening 


—— VK N = 


The inner front panel and both sides 
cover three sides of the chassis. The back 
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extends from the top of the chassis to the 
cabinet top. The pieces are connected by 
means of !/2-іпсһ aluminum angle, drilled 
and tapped for #6-32 machines screws. 

An opening in the back of the amplifier 
chassis allows access to the input-filter 
assembly for adjustment. An aluminum 
plate covers this opening. The RF INPUT 
and BYPASS BNC connectors, antenna re- 
lay (RF OUTPUT) and ALC output phono 
connectors and the Jones connector for 
filament and control-circuit power are all 
located on the rear chassis panel, as are the 
GRID TRIP and ALC LEVEL controls. 

The 3-500Z tubes are located 4 inches 
from the right side of the cabinet and are 
centered 4 inches apart. Locate the BAND 
switch and coil assembly 8 inches from 
the right side of the cabinet. The tuning 
capacitors are 2'/2 inches from the left side 
of the cabinet. The LOAD capacitor is cen- 
tered (62/4 inches down from the top), and 
the TUNE capacitor is centered (3 inches 
down from the top). Dimensions are given 


as a guide; alter them as needed for differ- 
ent components. 

The input band switch operates by 
means of a chain-drive linkage to the out- 
put BAND switch. The drive linkage is lo- 
cated between the two front panels, as 
shown in Figs 13.35 and 13.36. 

The TUNE capacitor is a modified 
RADIOKIT part (no. 245 or equiv). The 
sidebar describes the required modifica- 
tions. 

The tank coil is made in three sections 
(see Fig 13.36). The 10-m section consists 
of five turns of '/s-inch copper tubing 
(1'/-inch ID, 2!/2 inches long). The sec- 
ond section is a piece of B & W 2404T coil 
stock (5'/2 turns), and the third section is a 
piece of B & W 2406T stock (8'/2 turns). 
Table 13.7 lists the coil inductance and 
position of the band-switch taps for each 
band. Cut the pieces of coil stock and 
solder them together. Wind the 10-m coil. 

Cut a piece of '/s-inch Plexiglas 27/s 
inches wide by 8 inches long. File the 
Plexiglas edges so it will fit inside the coil 
stock as shown in the photo. Slide the 
Plexiglas through the center of the B & W 
coil-stock pieces. Mount the 10-m coil on 
the end nearest the 2404T coil stock. The 
assembled coil is supported by ?/ х 4%/s- 
inch fiber-reinforced plastic rods drilled 
and tapped for #6-32 machine screws. The 
BAND switch is mounted directly under the 
coil assembly. 

The plate RF choke is wound on a 
4-inch long piece of 3/s-inch diameter 
Teflon rod. The design is taken from an 
article by Doug DeMaw, WIFB, "Save 
Money—Build Your Own RF Choke!” 
April 1979, QST pp 30-31. The choke is 
centered between the 3-500Z vacuum 
tubes and mounted 2!/; inches down from 
the top of the right cabinet side. One end 
of the Teflon coil form is drilled and 
tapped so the coil can be fastened to the 
cabinet with a nylon machine screw. 

The choke is wound using #24 enam- 
eled wire. There are four close-wound 
sections with a '/4-inch x '/2-turn gap be- 
tween sections. Starting from the B+ end, 
close-wind 30 turns (this should occupy 


Table 13.7 


Plate Tank Circuit Inductor 
Information 


Band Inductance Tap Point 
(uH) 
10m 1.4 Junction of L1 and L2 
12m 1.6 1/2 turn on L2 
15m 1.9 11/2 turns on L3 
17m 2.2 2'/» turns on L3 
20m 2.8 31/2 turns on L3 
40m 5.6 41/2 turns on L3 
80m 11.0 Complete L1, L2, L3 


————— 


about !!/в inch) The next section is 46 
turns (about 1'/16 inches). Wind 21 turns 
(a little less than '/ inch) for the third 
section. The last section is 17 turns (about 
3/s inch). Complete the plate choke with a 
protective coating of Q-dope or similar 
varnish. Although this winding technique 
was used in this project, its benefits are 
minimal. See the discussion under RF 
chokes earlier in this chapter. 


TUNING AND OPERATION 


Use an ohmmeter to check all circuit 
paths in the power supply and RF deck for 
possible short circuits. Check the HV sup- 
ply for proper operation before connect- 
ing it to the RF deck. Before installing the 
tubes in their sockets, verify the operation 
of all control circuits. Connect the Jones 
power-supply cable and a heavy braid 
ground strap between the amplifier and 
power-supply cabinets. (Don'tconnectthe 
high-voltage lead between the RF deck 
and the power-supply cabinet. With the 
jack of the HV connector mounted on the 
supply cabinet, you needn't worry about a 
live high-voltage lead accidentally touch- 
ing the chassis or operator. You must, 
however, activate the HV supply to make 
the control circuit operational.) 

Turn on the power-supply main power 
switch and the amplifier POWER switch. 
The blowers should run and you should 
measure about 5 V ac at the tube sockets. 
Switch onthe PLATE VOLTAGE at the power 
supply and then the PLATE voltage switch 
on the amplifier. After a few seconds the 
relays should engage. Next, ground the 
amplifier VOX/MOX line and check to see 
that the control-circuit relays activate as 
expected. When everything is working 
properly, turn off all power and carefully 
install the tubes. Install the top and bottom 
covers on the amplifier chassis. 

Connect the HV lead to the amplifier. 
Attach a transceiver (capable of deliver- 
ing about 100 W) through a wattmeter to 
the RF INPUT. Route the amplifier RF OUT- 
PUT through a second wattmeter to a 
suitable dummy load. Install а уох/мох 
lead from the transceiver to the amplifier 
VOX/MOX line to make the amplifier trans- 
mit during the test. 

Flip on the power-supply main power 
switch and then the amplifier POWER 
switch to activate the filament supply. You 
should see the tubes begin to glow. Set the 
high-voltage SELECTOR switch to 2500, 
and then close the PLATE VOLTAGE switch 
on the power supply followed by the PLATE 
switch on the amplifier. (CAUTION: 
Never operate the high-voltage SELECTOR 


Table 13.8 

Amplifier Operating Conditions 
Measured in ARRL Lab, Pair 
3-500Zs 


Vp = 2500 
Frequency Grid Drive Output 
(MHz) Current (W) (W) 
(mA) 
3.8 230 115 940 
7.1 140 100 930 
14.2 140 100 940 
18.1 150 100 960 
21.2 140 100 960 
24.9 150 100 800 
28.5 120 100 720 
Vp = 3500 
Frequency Grid Drive Output 
(MHz) Current (W) (W) 
(MA) 
3.8 180 110 1480 
7.1 180 100 1470 
14.1 150 100 1320 
18.1 160 100 1280 
21.2 160 100 1080 
24.9 160 100 1290 
28.5 140 100 940 
Vp = 3000 
Frequency Grid Drive Output 
(MHz) Current (W) (W) 
(mA) 
3.8 160 110 1250 
7.1 160 100 1250 
14.2 140 100 1120 
18.1 140 100 1070 
21.2 150 100 1110 
24.9 150 100 930 
28.5 160 100 800 


——————————————— 


switch with the plate voltage on! Severe 
arcing will occur across the switch con- 
tacts and you may destroy the switch.) 
With the exciter set to transmit SSB, press 
the mike PTT switch and note the idling 
plate-current reading. It should be about 
120 mA. 

With the amplifier set to operate on 
80 m, apply about 10 W of CW drive and 
adjust the input-filter capacitor for that 
band to achieve the lowest possible SWR. 
(You should have no trouble adjusting the 
filter for an SWR of 2:1 or better.) Now 
adjust the TUNE and LOAD controls for 
maximum output. (The easiest way to tune 
this amplifier is to observe a wattmeter 
connected to the output and tune for maxi- 
mum power.) Recheck the input SWR with 
the amplifier running at full output. 

Adjust the input filter for each band in 
turn. Turn off the PLATE VOLTAGE and 
select 3000 V (and then 3500 V), running 


Fig 13.41—Worst-case spectral 
photograph of the 3-500Z amplifier. 
Power output is 950 W on 7.1 MHz with 
the plate voltage set at 2500 V. Each 
vertical division is 10 dB and each 
horizontal division is 5 MHz. AII 
harmonics and spurious emissions are 
at least 46 dB down. This amplifier 
complies with current FCC spectral- 
purity requirements. 


Fig 13.42—Worst-case spectral display 
of the amplifier output during two-tone 
intermodulation distortion (IMD) testing. 
The third-order products are approxi- 
mately 40 dB below PEP output. Vertical 
divisions are 10 dB; horizontal divisions 
are 2 kHz. The amplifier was operated at 
900 W PEP output on 14.1 MHz with the 
plate voltage set at 2500 V. 


through the amplifier-tuning process 
again each time. Keep detailed notes of 
the plate and grid currents for each band at . 
each plate-voltage setting. You should 
normally operate with 3000 V (use the 
3500-V switch position to get 3000 V if 
the line voltage is low at your location). 
Table 13.8 summarizes the operating con- 
ditions measured in the ARRL Lab. Fig 
13.41 shows the spectral output of the ampli- 
fier, with the signals going through the 
B & WFL-10/1500 low-pass filter. Fig 13.42 
shows the worst-case results of the Lab’s 
intermodulation-distortion (IMD) test. 
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6-M AMPLIFIER USING THE 3CX800A7 


The amplifier described here uses an 
EIMAC 3CX800A7 in a grounded-grid 
circuit. With 2200 V on the plate and 20- 
W drive, it will provide about 700-W out- 
put—enough for weak-signal work such 
as meteor scatter. The 3CX800A7 is well 
suited for this application. It combines low 
drive requirements normally associated 
with tetrodes, yet it offers the stability of 


grounded-grid triodes. Figs 13.55 through 
13.61 depict the amplifier. Dick Stevens, 
WIQW]J, designed and built this project. 


CIRCUIT DETAILS 


Fig 13.56 is a schematic diagram of the 
amplifier. The RF deck includes everything 
except the high-voltage power supply. This 
amplifier requires 2000- to 2200-V at about 


зсхөоо SOMHZ AMPLIFIER 
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Fig 13.55—The 3CX800A7 6-m amplifier is mounted on a rack panel. Meters are 


mounted behind the panel with bezels. 


Fig 13.57—The output network mounts on a separate subassembly. C15 connects 
to the rest of the circuit with wide copper straps. 
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half an ampere. The plate tank circuit is a pi- 
L network consisting of C11, C12, L3 and 
L4. This configuration gives somewhat bet- 
ter harmonic suppression than a standard pi 
network. The cathode input circuit is a T 
network consisting of L1, L2 and C8. A fila- 
ment choke is recommended above 50 MHz 


. to keep the filament above ground for RF. 


RFC2 is bifilar wound on a ferrite rod. Ac- 
cording to sources at EIMAC, use of a cen- 
ter-tapped transformer at T1 is not neces- 
sary. If you have a transformer of the correct 
voltage, but without a center tap, go ahead 
and use it. 

R1, in the B+ line, will protect the tube 
and power supply in case of a high-voltage 
arc. In this case, ВІ was mounted in the 
power supply. It doesn't matter if you mount 
itin the power supply orthe RF deck, but the 
use of this resistor is highly recommended. 
Cathode bias is provided by a 5.1-V Zener 
diode, D5. R3 prevents the cathode voltage 
from soaring if D5 fails. F2 will blow if ex- 
cessive cathode current is drawn. R4 nearly 
cuts the tube off on receive. 

All metering is done in the negative return 
lead for safety. C9, C10, D3 and D4 protect 
the meters. The antenna relay is located ex- 
ternally but is powered from the amplifier. 

A grid overcurrent trip circuit is included 
to protect the 3CX800A7 from damage. The 
cost of the tube makes protection circuitry a 
must! Grid current is sensed across R5. If the 
grid current exceeds a preset value, Q1 con- 
ducts and actuates K1. Contact K1A, in the 
K2 coil supply line, opens and removes power 
from K2, placing the amplifier in STANDBY. 
Torestore normal circuit operation, turn S2 to 
the off position; this will reset K1. S2 is “on” 
for normal operation. This switch provides an 
additional function: It controls the VOX cir- 
cuit and antenna bypass relay circuit, so that 
the amplifier can be switched in and out of the 
line between antenna and transceiver. 


CONSTRUCTION 


The amplifier is built on a 10x12x3-inch 
chassis (LMB 10123C). For the best pos- 
sible RF shielding, the plate circuitry is 
built inside its own 5x10x3-inch chassis 
(LMB 5103C) that is mounted on top of the 
main chassis. The chassis is attached to a 
standard 19x7 inches aluminum rack panel 
(Hammond PBPA 19 007). The meters are 
mounted to the front panel with bezels. 


Fig 13.56—Schematic diagram of the 
6-m amplifier using the 3CX800A7. 
Resistors are '/4-W carbon types unless 
noted. Capacitors are disc ceramic 
types unless noted. S.M. means silver- 
mica. Capacitors marked with polarity 
are electrolytic. See parts list on facing 
page. —> 
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B1—Dayton 4C012A 54-CFM blower. 

C8--100-pF air variable (Millen 22100 or 
equiv). 

C11— Modified air variable, 4 to 11 pF. See 
text. 

C12—8- to 140-pF air variable, receive 
spacing (Cardwell 149-6 or equiv). 

C13, C14—1000-pF, 5-kV disk-ceramic 
capacitor. 

C15—1500-pF, 5-kV RF-type doorknob 
capacitor. 

C16—3300-pF, 500-V S. M. capacitor. 

D1-D4—8600-PIV, 1-A silicon diode. 

D5—5.1-V, 10-W Zener diode (1N3996 or 
equiv). 

DS1, D$2—12-V dc pilot light. 


J1—Chassis-mount female BNC connector. 


J2—Chassis-mount female Type-N 


connector. 

J3, J6—Chassis-mount phono jack. 

J4, J5—Millen 37001 high-voltage 
connector. 

K1—DPDT miniature relay, PC-board 
mount, 12 V dc coil (RS 275-213). 

K2—DPDT relay, 12 V dc coil, 10 A 
contacts. 

L1, L2—10 turns £18 wire, 5/8-inch ID, 
1 inch long. 

L3—5 turns 1/8-inch copper tubing, 
1'/s-inch ID, 21/2 inches long. 

L4—5 turns #12 wire, '/2-inch ID, 
1% inches tong. 

M1—0-100 mA dc meter. 

M2—0-1 A dc meter. 

Q1—2N2222 or equiv. 

RFCt—10-uH RF choke. 40 turns #22 


OUTPUT 


$00 IV 
1A 


600 Piv 
1A 


JEZ 


SHORT 


TO 
TRANSMIT 


enameled wire on a '/4-inch ferrite form or 
a Radio Shack no. 273-101. 
RFC2—14 turns #16 enameled wire оп а 
'/e-inch-OD ferrite rod. See text. 
RFC3—40 turns #22 enameled wire 
closewound on a 2-inch-long by 
35-inch OD Teflon rod. See text. 
RFC4—Ohmite Z-144 RF choke. 
RFC5—Ohmite Z-50 RF choke. 
T1—Filament transformer. 120-V ac 
primary; 13.5 V, 1.5 A center-tapped 
secondary (Avatar AV-440 or equiv.). 
T2—Power transformer. 120-V ac primary; 
12.6 V, 1.2 A secondary. 
U1—50-PIV, 4-A bridge rectifier. 
U2—12-V, 1.5-A three-terminal regulator 
(LM7812 or equiv.). 
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Considerable care must be given to the tank 
circuit construction to keep stray capacitance 
to a minimum. To this end, the plate tuning 
capacitor (C11) is rebuilt from a receiving 
type. All available commercial capacitors had 
too high a minimum capacitance. 

The first step in construction is to fabri- 
cate the plate tuning capacitor. The capaci- 
tor is made from a stock Cardwell ER25AS 
split-stator capacitor having a maximum 
capacitance of 25 pF per section, with four 
stator and five rotor plates. The capacitor 
is 15/s inches long between the end bearing 
plates and is made up of individual stator 
and rotor plates held together with spac- 
ers, washers and nuts. 

Carefully disassemble the capacitor. Be 
careful not to lose any of the small parts. 
Two new #4-40 by 2'/s-inch-long tie rod 
bolts are needed. Reassemble the capacitor 
as a single section with four stator and three 
rotor plates with three spacers between 
plates. The completed capacitor will have a 
spacing adequate for 3.5-kV breakdown. 
The minimum capacitance is 4 pF and the 
maximum is 11 pF. Any capacitor of this 
type construction in the same general capaci- 
tance range should work. Alternatively, a 
small vacuum variable will work. 

The tuning and loading capacitors, as 
well as L3 and C15, are mounted on an 
aluminum subassembly, as shown in 
Fig 13.57. C12, the plate loading capaci- 
tor, is a standard value and required no 
modification. L3 is made of '/s-inch cop- 
per tubing and is suspended between C11 
and C12. The bottom of L3 should be about 
1/2 inch above the bottom of the subassem- 
bly. Additional details of the plate com- 
partment may be seen in Fig 13.58. 

The subassembly is made from pieces 
of aluminum sheet that measures 4°/4x5°/s 
inches. Fold up 2 inches on the longer side 
at a right angle to form an L bracket, as 
shown in Fig 13.57. The capacitor shafts 
are mounted 1 inch in from each end, in 
the center of the 2-inch lip. 

RFC3, the plate choke, is wound on a 
2-inch length of ?4-inch-OD Teflon rod. 
Drill each end to a depth of '/ inches and tap 
for #10-32 hardware. Screw a 1-inch length 
of #10-32 threaded rod (or a bolt with the 
head cut off) into each end. Starting at '/2 
inch from one end of the rod, wind 40 turns 
of 422 enameled wire. Leave extra wire at 
each end for making connections. The wind- 
ing should be about 1 inch long and centered 
onthe form. Secure both ends of the winding 
with epoxy cement. Slip a #10 solder lug 
over one of the pieces of threaded rod and 
solder one end of the winding to it. This will 
be the end that attaches to C15. 

The plate compartment is pressurized, 
anda chimney made from Teflon sheet that 
fits around the tube anode forces the air up 
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through the tube to an exhaust hole cut in 
the top of the plate compartment. The hole 
is shielded with aluminum screen. See 
Fig 13.59 for details of chimney and ex- 
haust hole screen construction. 

Fig 13.60 shows the underside of the 
amplifier chassis. A partition down the 
center of the chassis shields the input cir- 
cuitry. The tube socket, input network and 
filament choke mount on one side of the 
partition. The dc components and control 
circuitry mount on the other. Operating 
voltages reach the tube through feed- 
through capacitors in the partition. 

To ensure stability, the grid grounding 
straps should go from pin 4 to pin 7, and from 
pin4 to pin 11. Ground pin 4 to the chassis at 
a solder lug at one of the tube-socket mount- 
ing screws. Alternatively, EIMAC can sup- 
ply a collet to ground the grid. The cathode 
straps should go between pins 1-8, 2-9 and 
3-10. Solderthese straps together where they 
cross at the center of the socket and make the 
cathode RF connection to this point. 

Filament choke RFC2 is wound on a fer- 
rite core. Cut two 36-inch lengths of #16 
enameled wire and bifilar wind them on a 
'h-inch wooden dowel. Dress the ends to 
make the winding 2 inches long. Cut a 3-inch 
length of ferrite rod and file the ends so there 
are no sharp edges. Carefully slide the bifilar 
winding off the dowel and onto the ferrite 
rod. After the winding is centered on the rod, 


‚© give it a coat of epoxy to hold it in place. 


The grid protection circuitry is built on 
a small piece of Radio Shack part no. 276- 
159 prototyping board. One half the board 


is used. Most of the other components 
mount to the chassis or to terminal strips. 


INITIAL TUNE-UP AND 
ADJUSTMENT 


Connect an SWR meter between a 6-m 
transmitter capable of supplying 20 W and 
the amplifier input. Connecta wattmeter and 
a good 50-Q dummy load capable of han- 
dling atleast 700 W to the output connector. 
Close S1 and allow the 3CX800A7 to warm 
up for at least 3 minutes before applying 
plate voltage. Caution: never apply filament 
voltage without the blower running. Never 
apply drive without plate voltage and a load 
connected to the tube, or the tube grid-dissi- 
pation rating may be exceeded. 

Apply low plate voltage, about 1 kV, 
and a watt or two of drive. Adjust C8 for 
minimum input SWR. It might be neces- 
sary to spread or squeeze turns on L2 to 
get a 1.1:1 SWR. 

Adjust C11 and C12 for maximum out- 
put. There is not much leeway with L3. It 
has to be the correct value to resonate with 
the output capacitance of the 3CX800A7 
and the low capacitance of C11. Chances 
are that you may have to shut the amplifier 
off, disconnect the high voltage and spread 
the turns on L3 slightly to get the output 
circuit to resonate properly. The circuit 
should resonate with C11 set at '/2 mesh. 

When you get the output circuit to reso- 
nate at low power, bolt down all the covers 
and apply full plate voltage. Zero-signal plate 
current should be 65 to 70 mA. Apply a 
couple of watts drive and tune the amplifier 


Fig 13.58—Top view of the 3CX800A7 6-m amplifier. The blower pressurizes the 
plate compartment and air exhausts through a chimney made from Teflon sheet. A 
Dow-Key 260B is used here as a TR relay. T1 and K2 are mounted on top of the 
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Fig 13.60—The underside of the chassis is divided in half by a partition to shield 
the input circuit. 


Table 13.11 


Typical Operating Conditions for 
the 3CX800A7 6-m Amplifier 


Plate supply voltage 2200 V 
Zero-signal plate current 65 mA 
Single-tone plate current 500 mA 
Single-tone grid current 40 mA 
Drive power 20W 
Output power 700W 
Efficiency 6296 


for maximum output. Slowly increase the 
drive, keeping the output tuned for maxi- 
mum. With 10 W of drive from a typical 
multimode transceiver, output should be 400 
to 500 W. With 20-W drive, output should be 
approximately 700 W. Table 13.11 lists typi- 
cal operating conditions. Check the input 
SWR at full power and readjust as necessary. 

Most likely the grid overcurrent trip 
circuit will operate at some point during 
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Fig 13.61—Spectral output of the 
3CX800A7 6-m amplifier. Power output 
is 700 W on 50 MHz. Each vertical 
division is 10 dB and each horizontal 
division is 10 MHz. All harmonics and 
spurious emissions are greater than 
64 dB down. This amplifier complies 
with current FCC spectral purity 
requirements. ; 


the initial tune-up, placing the amplifier in 
STANDBY. Decrease the sensitivity by ad- 
justing R2, mounted on the grid-trip cir- 
cuit board. A hole is cut in the chassis 
bottom plate for access to this control. 
With the values shown, the circuit should 
trip at 20 mA with R2 set to a minimum. 
Adjust R2 slightly until the circuit holds at 
40 to 50 mA of grid current. The tube's 
maximum grid-current rating is 60 mA. 
A spectral photograph of the amplifier 
output is shown in Fig 13.61. It meets 
current FCC spectral-purity requirements. 
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A 144-MHz AMPLIFIER USING THE 3CX120027 


This 2-m, 1-kW amplifier uses the 
EIMAC 3CX1200Z7 triode. The original 
article by Russ Miller, N7ART, appeared in 
December 1994 QST. The tube requires a 
warmup of about 10 s after applying fila- 
ment voltage—no more waiting for three 
agonizingly long minutes until an amplifier 
can go on-line! 

The 3CX1200Z7 is different from the 
earlier 3CX1200A7 by virtue of its ex- 
ternal grid ring, redesigned anode assem- 
bly and a 6.3-V ac filament. One advan- 
tage to the 3CX1200Z7 is the wide range 
of plate voltages that can be used, from 
2000 to 5500 V. This amplifier looks 
much like the easily duplicated W6PO 
design. The RF deck is a compact unit, 
designed for table-top use (See Fig 13.62 


Table 13.12 
3CX120027 Specifications 
Maximum Ratings 


Plate voltage: 5500 V 
Plate current: 800 mA 
Plate dissipation: 1200 W 
Grid dissipation: 50 W 


Table 13.13 
CW Operating Data 


Plate voltage: 3200 V 

Plate current (operating): 750 mA 
Plate current (idling): 150 mA 
Grid current: 165 mA 

DC Power input: 2400 W 

RF Power output: 1200 W 

Plate dissipation: 1200 W 
Efficiency: 50% 

Drive power: 85 W 

Input reflected power: 1 W 


Fig 13.62—This table-top 2-m power 
amplifier uses a quick-warm-up tube, a 
real plus when the band suddenly 
opens for DX and you want to join in. 
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and schematic in Fig 13.63.). 

Table 13.12 gives some data on the 
3CX1200Z7 and Table 13.13 lists CW 
operating performance for this amplifier. 


Input Circuit 


Tuning is easy and docile. Grid bias is 
provided by an 8.2-V, 50-W Zener diode. 


to Control 
Board 


to Control Boord 


Cutoff bias is provided by a 10-kQ, 25-W 
resistor. A relay on the control board 
shorts out the cutoff-bias resistor, to place 
the amplifier in the TRANSMIT mode. 
The author didn't use a tube socket. In- 
stead, he bolted the tube directly to the top 
plate of the subchassis, using the four holes 
(drilled to clear a #6 screw) in the grid 


Except os indicated, decima! volues of 


capacitance оге in microfarads ( uF); 
others ore in picoforads (pF ); 
resistances аге in ohms; ke1,000. 


Fig 13.63—Schematic diagram of the 2-m amplifier RF deck. For supplier 
addresses, see the Address List in the References chapter. 


C1-C4—100 pF, 5 kV, Centralab 850. 

C5—1000 pF, 5 kV. 

C6—Anode-tuning capacitor; see text 
and Fig 13.66 for details. 

C7—Output-loading capacitor; see text 
and Fig 13.70 for details. 

C8-C10, C13—1000-pF silver mica, 
500 V. 

C11—30-pF air variable. 

C12—0.01 pF, 1 kV. 

D1—1000 PIV, 3-A diode, 1N5408 or 
equiv. 

D2—8.2-V, 50-W Zener diode, 
ECG 5249A. 

J1—Chassis-mount BNC connector. 

J2—Type-N connector fitted to output 
coupling assembly (see Fig 13.70). 

L1, L2—Plate lines; see text and Fig 
13.68 for details. 

L3— 5 t #14 enameled wire, 1/2-іпсћ 
diameter, close wound. 


L4—3 t #14, 5/s-inch diameter, ‘/4-inch 
spacing. 

RFC1—7 t #14, 5/s-inch diameter, 15/s 
inch long. 

RFC2, RFC3—10 t #12, 5/s-inch 
diameter, 2 inches long. 

T1—Filament transformer. Primary: 
120 V; secondary: 6.3 V, 25 A, center 
tapped. Available from Avatar 
Magnetics; part number AV-539. 

M1—Grid milliammeter, 200 mA dc full 
scale. 

M2—-Cathode ammeter, 2 A dc full 
scale. 

MOT1—140 free-air cfm, 120-V ac 
blower, Dayton 4C442 or equivalent. 

Sources for some of the “hard to get 

parts” include Fair Radio Sales and 

Surplus Sales of Nebraska. 


Fig 13.65—(below) Schematic diagram 
of the amplifier-control circuits. 


C3—0.47-uF, 25-V tantalum capacitor. 

D1-D5—1N4001 or equiv. 

D6—1N4007 or equiv. 

DS1—Yellow LED. 

DS2—Green LED. 

DS3—Red LED. 

K1—Keying-inhibit relay, DPDT, 12-V dc 
coil, 1-A contact rating (Radio Shack 
275-249 or equiv). 

K2—Amplifier keying relay, SPDT, 12-V 
dc coil, 2-A contact rating (Radio 
Shack 275-248 or equiv). 

K3—Filament delay relay, SPST, 12-V 
dc coil, 2-A contact rating (Radio 
Shack 275-248 or equiv). 

K4—Grid-overcurrent relay, ОРОТ, 12-V 
dc coil, 1-A contact rating (Radio 
Shack 275-249 or equiv). 

Q1, Q2, Q5—2N2222A or equiv. 

Q3—MPF102 or equiv. 

Q4—2N3819 or equiv. 

S1—Normally closed, momentary 

А pushbutton switch (Radio Shack 

Fig 13.64—This view of the cathode-circuit compartment shows the input tuned 275-1549 or equiv). 

circuit and filament chokes. T1—Power transformer, 120-V primary, 
18-V, 1-A secondary. i 

U1—+12 V regulator, 7812 or equiv. 
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Fig 13.66—This top 
view of the plate 
compartment 
shows the plate- 
line arrangement, 
C1-C4 and the 
output coupling 
assembly. 
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Fig 13.67—Anode collet details. 
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flange. Connections to the heater pins are 
via drilled and slotted brass rods. The input 
circuit is contained within a 3/2 x 6 x 7!/4- 
inch (HWD) subchassis (Fig 13.64). 


Control Circuit 


The control circuit (Fig 13.65) is a ne- 
cessity. It provides grid overcurrent pro- 
tection, keying control and filament surge 
control. To protect the tube filament from 
stressful surge current, a timer circuit 
places a resistor in series with the primary 
of the filament transformer. After four 
seconds, the timer shorts the resistor, al- 
lowing full filament voltage to be applied. 
C2 and R4 establish the time delay. 

Another timer inhibits keying for a total 
of 10 s, to give the internal tube tempera- 
tures a chance to stabilize. C1 and R3 de- 
termine the time constant of this timer. 
After 10 s, the amplifier can be keyed by 
grounding the keying line. When the am- 
plifier is not keyed, it draws no plate cur- 
rent. When keyed, idle current is approxi- 
mately 150 mA, and the amplifier only 
requires RF drive to produce output. A 
safety factor is built in: the keying circuit 
requires +12 V from the high-voltage sup- 
ply. This feature ensures that high voltage 
is present before the amplifier is driven. 

The grid overcurrent circuit should be 
set to trip if grid current reaches 200 mA. 
When it trips, the relay latches and the 
NORMAL LED extinguishes. Restoration 
requires the operator to press the RESET 
switch. 


Plate Circuit 


Fig 13.66 shows an interior view of the 
plate compartment. A 4x2'/4-inch tuning 
capacitor plate and a 2x2-inch output cou- 
pling plate are centered on the anode 
collet. See Fig 13.67. Sufficientclearance 
in the collet hole for the 3CX1200Z7 an- 
ode must be left for the fingerstock. The 
hole diameter will be approximately 3°/s 
inches. Fig 13.68 is a drawing of the plate 
line, Fig 13.69 is a drawing of the plate 
tuning capacitor assembly, and Fig 13.70 
shows the output coupling assembly. 


Cooling 


The amplifier requires an air exhaust 
through the top cover, as the plate com- 
partment is pressurized. Fashion a chim- 
ney from a 3!/2-inch waste-water coupling 
(black PVC) and a piece of !/32-inch-thick 
Teflon sheet. The PVC should extend 
down from the underside of the amplifier 
cover plate by 1'/s inches, with the Teflon 
sheet extending down 7/4 inch from the 
bottom of the PVC. 

The base of the 3CX1200Z7 is cooled 
using bleed air from the plate compart- 
ment. This is directed at the tube base, 


Fig 13.68—Plate line details. 


through a "/sinch tube set into the 
subchassis wall at a 45° angle. The recom- 
mended blower will supply more than 
enough air for any temperature zone. A 
smaller blower is not recommended, as it 
is doubtful that the base area will be cooled 
adequately. The 3CX1200Z7 filament 
draws 25 A at 6.3 V! It alone generates a 
great deal of heat around the tube base 
seals and pins, so good air flow is critical. 


Construction 


The amplifier is built into a 12x12x10- 
inch enclosure. A 12x10-inch partition is 
installed 7'/4 inches from the rear panel. 
The area between the partition and the 
front panel contains the filament trans- 
former, control board, meters, switches, 
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Fig 13.70—Details of the output coupling assembly. 


Zener diode and miscellaneous small 
parts. Wiring between the front-panel area 
and the rear panel is through a '/2-inch 
brass tube, located near the shorted end of 
the right-hand plate line. 

High voltage is routed from an MHV 
jack on the rear panel, through a piece of 
solid-dielectric RG-59 (not foam dielec- 
tric!), just under the shorted end of the left- 
hand plate line. The cable then passes 
through the partition to a high-voltage 
standoff insulator made from nylon. This 
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Fig 13.69—Piate tuning capacitor details. 


1/4-20 Threaded 
Shaft from Dial 


‘insulator is fastened to the partition near 


the high-voltage feedthrough capacitor. A 
10-Q, 25-W resistor is connected between 
the insulator and the feedthrough capaci- 
tor. 

The plate lines are connected to the dc- 
blocking capacitors on the plate collet with 
I?/x2-inch phosphor-bronze strips. The 
bottom of the plate lines are attached to 
the sides of the subchassis, with the edge 
of the L-shaped mounting bracket flush 
with the bottom of the subchassis. 

When preparing the subchassis top plate 
for the 3CX1200Z7, cut a 2!'/16-inch hole 
in the center of the plate. This hole size 
allows clearance between the tube enve- 
lope and the top plate, without putting 
stress on the envelope in the vicinity of the 
grid flange seal. 

Exercise care in placing the movable 
tuning plate and the movable output cou- 
pling disc, to ensure they cannot touch 
their fixed counterparts on the plate collet. 


Operation 


When the amplifier is first turned on, it 
cannot be keyed until: 

* 10 s has elapsed 

* High voltage is available, as con- 
firmed by presence of +12 V to the keying 
circuit 

Connect the amplifier to a dummy load 
through an accurate power meter capable 
of indicating 1500 W full scale. Key the 
amplifier and check the idling plate cur- 
rent. With 3200-V plate voltage, it should 
be in the vicinity of 150 mA. Now, apply 
a smal] amount of drive and adjust the in- 
put tuning for maximum grid current. 


‚ Adjust the output tuning until you see an 


indication of RF output. Increase drive and 
adjust the output coupling and tuning for 
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Fig 13.71—Schematic diagram of output harmonic filter. 


C1, C2—27-pF Centralab 850 series 
ceramic transmitting capacitor. 

J1, J2—Female chassis-mount N 
connector (UG-58 or equiv). 


the desired output. Do not overcouple the 
output; once desired output is reached, do 
not increase loading. Insert the hold-down 
screw to secure the output coupling ca- 
pacitor from moving. One setting is ad- 
equate for tuning across the 2-m band if 
the SWR on the transmission line is rea- 
sonably low. 

When you shut down the amplifier, 
leave the blower running for at least three 
minutes after you turn off the filament 
voltage. The 3CX1200Z7 is an excellent 


L1, L3—2 t #14 wire, 0.3125 inch ID, 
0.375 inch long. 

L2—3 t #14 wire, 0.3125 inch ID, 0.4375 
inch long. 


tube. The author tried it with excessive 
drive, plate-current saturation, excessive 
plate dissipation—all the abuse it's likely 
to encounter in amateur applications. 
There were no problems, but that doesn't 
mean you should repeat these torture tests! 


A Companion Power Supply 


A good, solid-state high-voltage power 
supply is a necessity to ensure linearity 
in SSB operation. Specifications of the 
power supply are given in Table 13.14. 


A 2-M BRICK AMP FOR HANDHELDS 


Perhaps you've been looking for a fun 
weekend project and need a bit more out- 
put from your HT while operating mobile. 
This Brick Amp project may be exactly 
what you're looking for—construction is 
easy and all the parts are readily available. 
The following was contributed by ARRL 
Laboratory Engineer, Mike Gruber, 
WAISVF. 

The Brick Amp is easily driven at the 
low-output power setting of most 
handhelds. The same design is used for 
either a 25 or a 50 W version—only the 
amplifier module is changed. See 
Fig 13.72 for a view of what's inside a 
typical module, alongside the finished 
amplifier. 

The low-power 25 W Brick Amp com- 
plies with the bioeffects guidelines set 
forth in the Safety chapter. The full 50 W 
version can be built when more output is 
required. (Note: The bioeffects guidelines 
recommend that field-strength measure- 
ments be made in mobile installations of 
greater than 25 W output. Be sure to con- 
sult the Safety chapter before building the 
50 W version.) 


Circuit Details 

The heart of this project is a Toshiba 
amplifier module. The S-AV7 is used for 
the 25 W output, while the mechanically 
identical S-AV17 is used in the 50 W ver- 
sion. Both modules are biased as class-C 
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amplifiers, keeping their efficiency up and 
making them ideally suited for FM or CW 
use. Since they are not linear, however, 
they are not useful for other modes, such 
as SSB or AM. 

From a builder's standpoint, these 
modules keep the parts count down to 
a minimum and construction simple. 
All you need to add for circuitry is input 
drive attenuation, if required, transmit/ 
receive switching, an output filter and the 
usual dc filter and decoupling compo- 
nents. Beginners and seasoned veterans 
alike will no doubt appreciate this Brick 
Amp's simplicity! 


DC Fiitering and Decoupling 


Seethe schematic diagram in Fig 13.73. 
C1 through C6 and chokes L1-L2 provide 
dc filtering and decoupling. D5 provides 
reverse-polarity protection, by blowing F1 
should the +13.8 V line be wrongly 
connected. 


The Input and Output Circuitry 


The Brick Amp's input circuitry con- 
sists of a resistive T-pad formed by R1, R2 
and R3. The pad attenuates the HT's out- 
put to the input level required by the mod- 
ule. Select the proper pad values based 
upon the HT output and the amplifier 
module selected. Refer to Table 13.15 for 
pad resistor values for typical HT output 
levels. 


Table 13.14 
Power Supply Specifications 


High voltage: 3200 V 
Continuous current: 1.2 A 
Intermittent current: 2 A 
Step/Start delay: 2 s 


The schematic and parts list for the 
author's power supply are in the Power 
Supplies and Projects chapter. 


Conclusion 


This amplifier is a reliable and cost-ef- 
fective way to generate a big 2-m signal— 
almost as quickly as a solid-state ampli- 
fier. To ensure that the output of the 
amplifier meets current spectral purity re- 
quirements, a high-power output filter, as 
shown in Fig 13.71, should be used. The 
author reports that he can run full output 
while his wife watches TV in a nearby 
room. 


Reduced drive power results in less than 
full rated output power, while excessive 
drive can result in exceeding the limits of 
the module. Proper T-pad selection is es- 


Table 13.15 

T-Pad Values 

25 W Module, S-AV17 

HT Power Attenuation R1,R3 R2 
(W) (dB) (2) (О) 
0.5 1 2.9 430 
0.8 2 5.6 220 
1.0 4 12 100 
1.5 6 16 68 
2.0 7 18 56 
2.5 8 22 47 
3.0 9 24 39 
4.0 10 27 36 
5.0 11 56/56* 62/62* 
50 W Module, S-AV7 

0.5 4 12 100 
0.8 6 16 68 
1.0 7 20 56 
1.5 9 24 39 
2.0 10 27 36 
2.5 11 27 30 
3.0 12 30 27 
4.0 13 33 24 
5.0 14 62/62* 43/43* 


Note: For power inputs up to and including 
4.0 W, use 2 W resistors for R1 and R3, 
1/2 W resistors for R2. All resistors are 
carbon composition or metal oxide. 

* Use parallel connected resistors: 2 W for R1 
and R3; 1 W for R2. 


(A) 
Fig 13.72—At A, photo of 
2-m Brick Amp assembly 
and at B, a 25 W power 
module with cover 
removed. | 


(В) 


sential for full rated output power without 
exceeding design limits. Be sure to use 
only noninductive resistors, such as car- 
bon or metal oxide, with the specified 
power ratings for the T pad. 

CAUTION: Some HTs can generate a 
momentary high power output pulse when 
keyed in the low power mode, especially 
when first keyed. Such a spike could ex- 
ceed the amplifier module specified input 
limits if a low-power T-pad is selected. 
Observe the HT output on an oscilloscope 
or check with its manufacturer to make 
sure it doesn’t exhibit this characteristic. 

The output circuitry is a low-pass filter 
consisting of C7, C8, C9, L3 and L4. 
Fig 13.74 shows the filtered output to be 
better than —60 dBc, the FCC requirement 
for spectral purity for a transmitter at this 
frequency and power class. 


The TR Switching Circuit 


While in the receive mode, signals from 
the antenna are applied to the receiver 


through the normally closed relay contacts 
of K2-1 and K1-1. The low-pass filter used 
in transmit remains in the circuit for re- 
ceive. This is a useful feature, since many 
HTs are prone to overload from strong out- 
of-band signals, such as from nearby 
UHF-TV transmitters. Further, harmonics 
generated by the TR switching circuit are 
suppressed to better than 60 dBc in the 
bypass mode. When the HT is keyed, RF is 
applied to voltage doubler D3 and D4. The 
junction of D3 and D4 is biased to approxi- 
mately 0.5 V by R4 and RS to facilitate 
diode turn-on at low RF levels. Once tran- 
sistor О1 is turned on, K2 is energized. 
The K2-2 contacts then energize K1 by 
applying +13.8 V to its coil. The K1-2 
relay contacts provide power for an op- 
tional transmit light. This two-relay sys- 
tem provides two features not possible 
with a single relay: 
1. Improved isolation between the input 
and output relay contacts. Coupling be- 
‘tween these contacts is sufficiently 


small to prevent the amplifier from os- 

cillating. (Initial experiments in the Lab 

with a single two-pole relay resulted in 
an excellent 2-m oscillator.) 

2. “Hot switching” the output relay is 
eliminated. Since K2 is activated first, 
RF cannot appear across the K1 output 
relay contacts until K2 is already closed. 
Contact bounce with output power ap- 
plied is thus eliminated, resulting in 
improved switching reliability and en- 
hanced contact life. 

This sequence is reversed when switch- 
ing from transmit to receive. Once the RF 
is removed, О1 is cut off and relay K2 is 
deenergized. Diodes D1 and D2 protect 
against voltage spikes created by the relay 
coils as their magnetic fields collapse upon 
deactivation. K1 is returned to the receive 
mode by the opening of the K2-2 contacts. 


Construction Details 


A surface-mount circuit board was se- 
lected for the Brick Amp, with traces on 
the top of the board and ground plane on 
the underside. Components connected to 
RF ground (such as the output filter ca- 
pacitors C7, C8 and C9), have their ground 
leads soldered on both top and bottom 
sides to provide good RF ground continu- 
ity. Otherwise, component leads are sol- 
dered directly to top-side PC traces. The 
PC board is mounted above the heat sink 
surface, using metal #6 flat washers as 
spacers. The amplifier module pins and 
their associated PC board pads are in close 
vertical alignment, eliminating excessive 
bending of the pins at solder time. 

The heat sink and case were selected on 
the basis of availability, ruggedness and 
heat dissipation ability. The heat sink may 
be overkill, especially for the 25 W ver- 
sion. It is, however, readily available and 
adequate for the task, even in a hot car on 
a summer day after a long-winded trans- 
mission (such as the author has been 
known to make on occasion). If you intend 
to mount the Brick Amp in a car trunk, the 
sharp edges of a heat sink could be hazard- 
ous to its other contents. Be sure to give 
your mounting options careful consider- 
ation before making your final decision. 

The case is die-cast aluminum, strong 
enough to withstand the most severe abuse 
in a car trunk, or any other mounting spot 
you may select. If you are budget minded 
and have a big junk box, here is where cost 
saving substitutions may be made. The 
only critical aspects of the heat sink is that 
it present a flat surface upon which to 
mount the module, large enough to mount 
the PC board, and that it meet the heat 
dissipating requirements for the condi- 
tions in which you intend to use the Brick 
Amp. 
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Fig 13.73—Schematic and parts list. Supplier contact information appears in the References chapter Address List. 


Case—Hammond cat. no. 1590D. 
Heat sink—5x7 inches, RF Parts. 
C1, C4—1.0 pF, 35 V dipped tantalum 
(RS 272-1434). 
C2, C3, C5, C11—0.01 uF, 500 V 
ceramic disc (RS 272-131). 
C6—47 uF, 25 V electrolytic 
(RS 272-1027). 
C7, C9—22 pF, DM-15 dipped mica. 
C8—39 pF, DM-15 dipped mica. 
C10—5 pF, DM-15 dipped mica. 
D1, D2—1N4001 diode. 


CAUTION: Before considering a heat 
sink, make sure that the module lies per- 
fectly flat againstthe sink's mounting sur- 
face. Attempts to mount a module on a 
surface that is not flat can cause perma- 
nent damage to the module! 

Begin construction by mounting the 
module at the center of the heat sink. Us- 
ing the module as a template, drill two 
holes with a #36 drill bit. Remove any 
burrs around the holes with an oversized 
drill, and thread them both with a #6 tap. 
Clean the holes and heat sink mounting 
surface with a rag. Lightly rub 400 to 600 
grit emery cloth (or fine steel wool) across 
the module and heat sink surfaces. It is not 
necessary to remove the black finish from 
the aluminum of the heat sink shown in 
Fig 13.72. Clean both surfaces and screw 
holes with a suitable solvent, such as de- 
natured alcohol or flux remover, to remove 
any dirt, grease or oil. Wipe the exposed 
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D3, D4—1N914 diode. 

D5—1N5401 diode. 

F1—10 A for 25 W, 15 A for 50 W. 

K1, K2—221D012 relay, RF Parts. 

FB1, FB2, FB3, FB4—56590-65/3B 
Ferroxcube, Communications 
Concepts Inc (CCI). 

L1, L2—VK200-20/4B Ferroxcube ferrite 
choke, CCI. 

L3, L4—70.5 nH, 7 t #20 AWG, 0.125 
inch ID, 0.33 inch long, 0.10 inch 
leads. 


surfaces with a clean cloth and let dry. 

Apply a very thin coat of thermal con- 
ducting grease to module and heat-sink 
mating surfaces. Place two #6 mounting 
screws through two flat washers and two 
#6 solder lugs (with internal lock teeth) 
pointing toward the PC board, through the 
mounting flanges on each side of the mod- 
ule. Alternately increase the torque on 
each screw until full torque is achieved 
and wipe off excess thermal compound 
with a rag. Be careful not to bend the 
module leads during this process. 

Next, slide the board in place, line up 
the pins with the correct pads, center the 
board and mark the four mounting holes 
onto the heat sink. Drill holes with a #36 
bit tap them for #6 screws. Deburr and 
clean with solvent as before. Next, solder 
jumper wires through the 6 holes so indi- 
cated. Bend as shown in the inset to the 
layout in Fig 13.75, and solder the wire on 


Q1—2N2222. 

R1, R2, R3—see Table 13.15. 

S1—20 A at 12 V. 

U1—Power module, Toshiba S-AV7 
(25 W) or S-AV17 (50 W). 

DS1, DS2— Pilot and transmit indicator 
lamps, 13.8 V. 

J1, J2—connectors, BNC or UHF as 
desired. 

Coax—RG-8X, 2 ft. 


the top and bottom of the PC board. These 
connections tie the underside ground plane 
foil on the board to ground. Install the 
components with ground connection 
through their holes now. 

Mount the board to the heat sink using 
#6 screws and two washers as spacers. 
Make sure that the soldered wires do not 
touch the heat sink as torque is applied to 
the screws. More washers may be added as 
necessary to prevent the solder connec- 
tions from touching the heat sink, but you 
must use an equal amount for each screw. 
Solder the module pins to the appropriate 
PC board pads, but be sure to leave suffi- 
cient free pin length to account for flexing 
from temperature changes and vibration. 

Solder the ground lug at the input side 
of the module to ground on top of the PCB. 
Solder a short piece of braid from the 
underside of the PCB to the ground lug at 
the output side of the module. 
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Frequency (MHz): 


Fig 13.74—Plot of output spectrum for 25 W Brick Amp showing that it meets 
current FCC specifications for output purity, with second harmonie reduced by 


more than 60 dB. 


Carefully bend the pins on each of the 
relays outward. Pliers may be used to ac- 
complish this, or you may wish to try gen- 
tly pressing all four lead tips against a hard 
surface. It is not necessary that they be at 
right angles to the relay, but they must be 
sufficiently bent to permit surface mount 
soldering. Avoid any unnecessary rework- 


ing or bending of these pins. Before sol- ` 


dering the relays onto the board, make 
certain they are oriented correctly. Care- 
fully line up each relay pin withi its pad and 
solder it in place. - 

Continue soldering the components on 
the board as shown in Fig 13.75. L3 and 
ГА can both be wound on the shank of a 
Уз inch drill bit. Other construction data 


for these coils is given in the parts list. - 


Finally, install the coax and +12 V dc 
jumpers. 

Fusethe Brick Amp with either aready- 
made cable having an in-line fuse pair, or 
a fuse holder in the case. Temporarily con- 
nect the ас power cable (with fuses in- 
stalled) to the proper PC board pads and 
test the Brick Amp for operation and 
function. ` 

Assuming the Brick Amp works cor- 
rectly, install its case. Cut a square hole in 


‘the case large enough to accommodate the 


PC board and module. Position the hole so 
that the heat sink will be centered on the 
case. Mark and drill and tap (#6) holes for 
four mounting screws. 

Install one or both of the optional lights, 
if desired. Make holes for both input and 
output connectors, dc power cable and on/ 
off switch. (NOTE: A BNC for the input, 
and a UHF connector for the output facili- 
tates coax connection to the HT and pre- 
vénts accidental input/output cable rever- 


sal.) Tailor the input/output connectors ` 


and cabinet layout to suit your require- 
ments. Install the heat sink and other com- 
ponents in the cabinet. Be sure to install 
the ferrite beads before soldering the wires 
and cables! 
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transmit light 
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+12V de RF Output 
both through jumpers) 
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Fig 13.75—Part-placement diagram for the 2-m brick. Inset shows how leads for through-hole jumpers are bent over on top 
and bottom of PC board to provide good continuity for RF ground currents. 
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AC/RE: 
(Oscillators 


; ust say in public that oscillators are 
one of the most important, funda- 
"ЄЎ mental building blocks in radio tech- 
nology and you will immediately be inter- 
rupted by someone pointing out that tuned- 
RF (TRF) receivers can be built without any 
form of oscillator at all. This is certainly true, 
but it shows how some things can be taken 
for granted. What use is any receiver with- 
out signals to receive? All intentionally 
transmitted signals trace back to some sort 
of signal generator — an oscillator or fre- 
quency synthesizer. In contrast with the TRF 
receivers just mentioned, a modern, all- 
mode, feature-laden, MF/HF transceiver 
may contain in excess of a dozen RF oscil- 
lators and synthesizers, while a simple QRP 
CW transmitter may consist of nothing more 
than a single oscillator. (This chapter was 
written by David Stockton, GM4ZNX.) 

In the 1980s, the main area of progress 
in the performance of radio equipment was 
the recognition of receiver intermodu- 
lation as a majorlimitto our ability to com- 
municate, with the consequent develop- 
ment of receiver front ends with improved 
ability to handle large signals. So success- 
ful was this campaign that other areas of 
transceiver performance now require simi- 
lar attention. One indication of this is any 
equipment review receiver dynamic range 
measurement qualified by a phrase like 
“limited by oscillator phase noise." A plot 
of a receiver's effective selectivity can 
provide another indication of work to be 
done: An IF filter's high-attenuation re- 
gion may appear to be wider than the 
filter's published specifications would 
suggest — almost as if the filter character- 
istic has grown sidebands! In fact, in a 


4 


way, it has: This is the result of local-os- 
cillator (LO) or synthesizer phase noise 
spoiling the receiver’s overall perfor- 
mance. Oscillator noise is the prime can- 
didate for the next major assault on radio 
performance. 

The sheer number of different oscillator 
circuits can be intimidating, but their great 
diversity is an illusion that evaporates 
once their underlying pattern is seen. Al- 
most all RF oscillators share one funda- 
mental principle of operation: an ampli- 
fier and a filter operate in a loop (Fig 14.1). 
There are plenty of filter types to choose 
from: 


* LC 

* Quartz crystal and other piezoelectric 
materials 

* Transmission line (stripline, microstrip, 
troughline, open-wire, coax and so on) 

* Microwave cavities, YIG spheres, di- 
electric resonators 

* Surface-acoustic-wave (SAW) devices 


Should any new forms of filter be in- 
vented, it's a safe guess that they will also 
be applicable to oscillators. There is an 
equally large range of amplifiers to choose 
from: 


* Vacuum tubes of all types 
* Bipolar junction transistors 


e Field effect transistors (JFET, 
MOSFET, GaAsFET, in all their variet- 
ies) 


* Gunn diodes, tunnel diodes and other 
negative-resistance generators 


It seems superfluous to state that any- 
thing that can amplify can be used in an 
oscillator, because of the well-known pro- 


AC/RF Sources (Oscillators and Synthesizers) 


ources 
thesizers) 


pensity of all prototype amplifiers to os- 
cillate! The choice of amplifier is widened 
further by the option of using single- or 
multiple-stage amplifiers and discrete de- 
vices versus integrated circuits. Multiply 
all of these options with those of filter 
choice and the resulting set of combina- 
tions is very large, but a long way from 
complete. Then there are choices of how 
to couple the amplifier into the filter and 
the filter into the amplifier. And then there 
are choices to make in the filter section: 
Should it be tuned by variable capacitor, 
variable inductor or some form of sliding 
cavity or line? 

Despite the number of combinations 
that are possible, a manageably small 
number of types will cover all but very 
special requirements. Look at an oscilla- 
tor circuit and “read” it: What form of fil- 
ter — resonator — does it use? What form 
of amplifier? How have the amplifier’s 
input and output been coupled into the fil- 
ter? How is the filter tuned? These are 
simple, easily answered questions that put 
oscillator types into appropriate catego- 


-«—— — Feedback 


Filter 


Fig 14.1 — Reduced to essentials, an 
oscillator consists of a filter and an 
amplifier operating in a feedback loop. 
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ries and make them understandable. The 
questions themselves may make more 
sense if we understand the mechanics of 
oscillation, in which resonance plays a 
major role. 


HOW OSCILLATORS WORK 


Maintained Resonance 


The pendulum, a good example of a 
resonator, has been known for millennia 
and understood for centuries. It is closely 
analogous to an electronic resonator, as 
shown in Fig 14.2. The weighted end of 
the pendulum can store energy in two dif- 
ferent forms: the kinetic energy of its 
motion and the potential energy of it being 
raised above its rest position. As it reaches 
its highest point at the extreme of a swing, 
its velocity is zero for an instant as it re- 
verses direction. This means that it has, at 

1 


Kinetic Energy 


Kinetic Energy = 1/2 m v? 


Displacement 


Velocity 


that instant, no kinetic energy, but because 
it is also raised above its rest position, it 
has some extra potential energy. 

Atthe center of its swing, the pendulum 
is at its lowest point with respect to grav- 
ity and so has lost the extra potential en- 
ergy. At the same time, however, it is 
moving at its highest speed and so has its 
greatest kinetic energy. Something inter- 
esting is happening: The pendulum's 
stored energy is continuously moving be- 
tween potential and kinetic forms. Look- 
ing at the pendulum at intermediate posi- 
tions shows that this movement of energy 
is smooth. Newton provided the keys to 
understanding this. It took his theory of 
gravity and laws of motion to explain the 
behavior of a simple weight swinging on 
the end of a length of string and calculus 
to perform a quantitative mathematical 
analysis. Experiments had shown the 


V = Voltage i = Current 


Potentiol 
Energy 


Energy in Inductor = 1/2 Li? 


Energy in Copacitor = 1/2 C V? 


Fig 14.2 — A resonator lies at the heart of every oscillatory mechanical and 
electrical system. A mechanical resonator (here, a pendulum) and an electrical 
resonator (here, a tuned circuit consisting of L and C in parallel) share the same 
mechanism: the regular movement of energy between two forms — potential and 
kinetic in the pendulum, electric and magnetic in the tuned circuit. Both of these 
resonators share another trait: Any oscillations induced in them eventually die 
out because of losses — in the pendulum, due to drag and friction; in the tuned 
circuit, due to the resistance, radiation and inductance. Note that the curves 
corresponding to the pendulum's displacement vs velocity and the tuned circuit's 
voltage vs current, differ by one quarter of a cycle, or 90°. 
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period of a pendulum to be very stable and 
predictable. Apart from side effects of air 
drag and friction, the length of the period 
should not be affected by the mass of the 
weight, nor the amplitude of the swing. 

A pendulum can be used for timing 
events, but its usefulness is spoiled by the 
action of drag or friction, which eventu- 
ally stops it. This problem was overcome 
by the invention of the escapement, a part 
of aclock mechanism that senses the posi- 
tion of the pendulum and applies a small 
push in the right direction and at the right 
time to maintain the amplitude of its swing 
or oscillation. The result is a mechanical 
oscillator: The pendulum acts as the filter, 
the escapement acts as the amplifier and a 
weight system or wound-up spring powers 
the escapement. 

Electrical oscillators are closely analo- 
gous to the pendulum, both in operation 
and in development. The voltage and cur- 
rent in the tuned circuit — often called 
tank circuit because of its energy-storage 
ability — both vary sinusoidally with time 
and are 90? out of phase. There are instants 
when the current is zero, so the energy 
stored in the inductor must be zero, but at 
the same time the voltage across the ca- 
pacitor is at its peak, with all of the 
circuit' s energy stored in the electric field 
between the capacitor's plates. There are 
also instants when the voltage is zero and 
the current is at a peak, with no energy in 
the capacitor. Then, all of the circuit's 
energy is stored in the inductor's magnetic 
field. 

Just like the pendulum, the energy 
stored in the electrical system is swing- 
ing smoothly between two forms; elec- 
tric field and magnetic field. Also like 
the pendulum, the tank circuit has 
losses. Its conductors have resistance, 
and the capacitor dielectric and induc- 
tor core are imperfect. Leakage of elec- 
tric and magnetic fields also occurs, 
inducing currents in neighboring ob- 
jects and just plain radiating energy off 
into space as radio waves. The ampli- 
tudes of the oscillating voltage and cur- 
rent decrease steadily as a result. Early 
intentional radio transmissions, such as 
those of Heinrich Hertz's experiments, 
involved abruptly dumping energy into 
a tuned circuit and letting it oscillate, or 
ring, as shown in Fig 14.3. This was 
done by applying a spark to the resona- 
tor. Hertz’s resonator was a gapped ring, 
a good choice for radiating as much of 
the energy as possible. Although this 
looks very different from the LC tank of 
Fig 14.2, it has inductance distributed 
around its length and capacitance dis- 
tributed across it and across its gap, as 
opposed to the lumped L and C values in 


Fig 14.2. The gapped ring therefore 
works just the same as the LC tank in 
-terms of oscillating voltages and cur- 
rents. Like the pendulum and the LC 
tank, its period, and therefore the fre- 
quency at which it oscillates, is inde- 
pendent of the magnitude of its excita- 
tion. 

Making a longer-lasting signal with 
the Fig 14.3 arrangement merely involves 
repeating the sparks. The problem is that 
a truly continuous signal cannot be 


made this way. The sparks cannot be ap- - 


plied often enough or always timed pre- 
cisely enough to guarantee that another 


spark reexcites the circuit at precisely the - 


right instant. This arrangement amounts 
to a crude spark transmitter, variations 
of which served as the primary means of 
transmission for the first generation of 
radio amateurs. The use of damped waves 
is now entirely forbidden by international 
treaty because of their great impurity. 
Damped waves looka lot like car-ignition 
waveforms and sound like car-ignition 
interference when received. 

What we need is a continuous wave 
(CW) oscillation — a smooth, sinusoidal 
signal of constant amplitude, without 
phase jumps, a “pure tone.” To get it, we 
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Fig 14.3 — Stimulating a resonance, 1880s style. Shock-exciting a gapped ring 
with high voltage from a charged capacitor causes the ring to oscillate at its 
resonant frequency. The result is a damped wave, each successive alternation of 
which is weaker than its predecessor because of resonator losses. Repetitively 
stimulating the ring produces trains of damped waves, but oscillation is not 


continuous. 


must add to our resonator an equivalent of ` - 


the clock's escapement — a means of syn- 
chronizing the application of energy and a 
"fast enough system to apply just enough 
energy every cycle to keep each cycle at 
the same amplitude. : 


Amplification | 

A sample of the tank’s oscillation can 
be extracted, amplified and reinserted. The 
gain can be set to exactly compensate the 
tank losses and perfectly maintain the os- 
cillation. The amplifier usually need only ` 
give low gain, so active devices can be 
used in oscillators not far below their unity 
(unity = 1) gain frequency. The amplifier's 
output must be lightly coupled into the 
tank — the aim is just to replace lost en- 
ergy, not forcibly drive the tank. Similarly, ’ 
the amplifier's input should not heavily 
load the tank. It is a good idea to think of 
coupling networks rather than matching 
networks in this application, because a 
matched impedance extracts the maximum 
available energy from a source, and this 
would certainly spoil an oscillator. 

Fig 14.4A shows the block diagram of 
an oscillator. Certain conditions must be 
met for oscillation. The criteria that sepa- 
rate oscillator loops from stable loops are 
often attributed to Barkhausen by those 
aiming to produce an oscillator and to 
' Nyquist by those aiming for amplifier sta- 
bility, although they boil down to the 
same boundary. Fig 14.4B shows the loop 


broken anda test signal inserted. (The loop 
can be broken anywhere; the amplifier 
input just happens to be the easiest place 
to do it.) The criterion for oscillation 
says that at a frequency. at which the phase 
shift around the loop is exactly zero, the 
net gain around the loop must equal or 
exceed unity (that is, one). (Later, when 
we design phase-locked loops, we must 
revisit this concept in order to check that 
those loops cannot oscillate.) Fig 14.4C 
shows what happens to the amplitude of 
an oscillator if the loop gain is made alittle 
higher or lower than one. 

The loop gain has to be precisely one if 
we. want a stable amplitude. Any inaccu- 
racy will cause the amplitude to grow to 


- clipping or shrink to zero, making the os- 
cillator useless. Better accuracy will only 


slow, not stop this process. Perfect preci- 
sion is clearly impossible, yet there are 
enough working oscillators in existence to 
prove that we are missing something im- 
portant. In an amplifier, nonlinearity is a 
nuisance, leading to signal distortion and 
intermodulation, yet nonlinearity is what 
makes stable oscillation possible. All of 
the vacuum tubes and transistors used in 
oscillators tend to reduce their gain at 
higher signal levels. With such compo- 
nents, only a tiny change in gain can shift 
the loop's operation between amplitude 


growth and shrinkage. Oscillation stabi- 
lizes at that level at which the gain of the 
active device sets the loop gain at exactly 


‘one. 


Another gain-stabilization technique 
involves biasing the device so that once 
some level is reached, the device starts to 
turn off over part of each cycle. At higher 
levels, it cuts off over more of each cycle. 
This effect reduces the effective gain quite 


‘strongly, stabilizing the amplitude. This 


badly distorts the signal (true in most com- 
mon oscillator circuits) in the amplifying 


device, but provided the amplifier is 


lightly coupled to a high-Q resonant tank, 
the signal in the tank should not be badly 
distorted. . 

Many radio amateurs now have some 
form of circuit-analysis software, usu- 


` ally running on a PC. Attempts to ana- 


lyze oscillators by this means often fail 
by predicting growing or shrinking am- 
plitudes, and often no signal at all, in 
circuits that are known to work. Com- . 
puter analysis of oscillator circuits can 
be done, but it requires a sophisticated 
program with accurate, nonlinear, RF- 
valid models of the devices ùsed, to be 
able to predict operating amplitude. 


- Often even these programs need some - 


special tricks to get their modeled oscil- 
lators to start. Such software is likely to 
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Amplifier 


Coupling Coupling 


(C) 


Loop Gain « 1 


Loop Gain = Exactly 1 


Loop Gain > 1 


Amplifier 


Oscillation (if started artificially) dies out; 
will not start otherwise. 


Sustained oscillation at fixed amplitude, 
but it needs something to start it. 


Oscilation self—starts, but keeps growing 
until clipping occurs. (A perfect, theoretical 
circuit would still need a push—start.) 


Fig 14.4 — The bare-bones oscillator block diagram of Fig 14.1 did not include 
two practical essentials: networks to couple power in and out of the resonator 
(A). Breaking the loop, inserting a test signal and measuring the loop's overall 
gain (B) allows us to determine whether the system can oscillate, sustain 


oscillation or clip (C). 


be priced higher than most private users 
can justify, and it still doesn't replace 
the need for the user to understand the 
circuit. With that understanding, some 
time, some parts and a little patience 
will do the job, unassisted. 

Textbooks give plenty of coverage to 
the frequency-determining mechanisms 
of oscillators, but the amplitude-deter- 
mining mechanism is rarely covered. It 
is often not even mentioned. There is a 


14.4 Chapter 14 


good treatment in Clarke and Hess, 
Communications Circuits: Analysis and 
Design. 


Start-Up 


Perfect components don't exist, but if 
we could build an oscillator from them, 
we would naturally expect perfect perfor- 
mance. We would nonetheless be disap- 
pointed. We could assemble from our per- 
fect components an oscillator that exactly 


met the criterion for oscillation, having 
slightly excessive gain that falls to the 
correct amount at the target operating level 
and so is capable of sustained, stable os- 
cillation. But being capable of something 
is not the same as doing it, for there is 
another stable condition. If the amplifier 
in the loop shown in Fig 14.4 has no input 
signal, and is perfect, it will give no out- 
put! No signal returns to the amplifier's 
input via the resonator, and the result is a 
sustained and stable lack of oscillation. 
Something is needed to start the oscilla- 
tor. 

This fits the pendulum-clock analogy: 
A wound-up clock is stable with its pendu- 
lum at rest, yet after a push the system will 
sustain oscillation. The mechanism that 
drives the pendulum is similar to a Class C 
amplifier: It does not act unless itis driven 
by a signal that exceeds its threshold. An 
electrical oscillator based on a Class C 
amplifier can sometimes be kicked into 
action by the turn-on transient of its power 
supply. The risk is that this may not al- 
ways happen, and also that should some 
external influence stop the oscillator, it 
will not restart until someone notices the 
problem and cycles the power. This can be 
very inconvenient! 

A real-life oscillator whose amplifier 
does not lose gain at low signal levels can 
self-start due to noise. Fig 14.5 shows an 
oscillator block diagram with the 
amplifier's noise shown, for our conve- 
nience, as a second input that adds with 
the true input. The amplifier amplifies the 
noise. The resonator filters the output 
noise, and this signal returns to the ampli- 
fier input.. The importance of having 
slightly excessive gain until the oscillator 
reaches operating amplitude is now obvi- 
ous. If the loop gain is slightly above one, 
the recirculated noise must, within the 
resonator's bandwidth, be larger than its 
original level at the input. More noise is 
continually summed in as a noise-like sig- 
nal continuously passes around the loop, 
undergoing amplification and filtering as 
it does. The level increases, causing the 
gain to reduce. Eventually, it stabilizes at 
whatever level is necessary to make the 
net loop gain equal to one. 

So far, so good. The oscillator is run- 
ning at its proper level, but something 
seems very wrong. It is not making a 
proper sine wave; it is recirculating and 
filtering a noise signal. It can also be 
thought of as a Q multiplier with a con- 
trolled (high) gain, filtering a noise input 
and amplifying it to a set level. Narrow- 
band filtered noise approaches a true sine 
wave as the filter is narrowed to zero 
width. What this means is that we cannot 
make a true sine-wave signal — all we can 


` dois make narrow-band filtered noise as 
an approximation to one. À high-quality, 
low-noise oscillator is merely one that 
does tighter filtering. Even a kick-started 
Class-C-amplifier oscillator has noise 
continuously entering its circulating sig- 
nal, and so behaves similarly. 

A small-sigrial gain greater than one is 
absolutely critical for reliable starting, but 
having too much gain can make the final 
operating level unstable. Some oscillators 
are designed around limiting amplifiers to 
make their operation predictable. AGC 
systems have also been used, with an RF 
detector and dc amplifier used to servo- 

' control the amplifier gain. It is notoriously 

- difficult to design reliable crystal oscilla- 
tors that can be published or mass-pro- 
-duced without having occasional individu- 
als refuse to start without some form of 
shock. 

Mathematicians have been intrigued by 
“chaotic systems" where tiny changes in 
initial conditions can yield large changes 


іп outcome. The most obvious example is: 


meteorology, but much of the necessary 
math was developed in the study of oscil- 
. lator start-up, because it is a case of cha- 
. otic activity in a simple system. The equa- 
tions that describe oscillator start-up are 
similar to those used to generate many of 
. the popular, chaotic fractal images. , 


PHASE NOISE 


Viewing an oscillator as a filtered-noise 
‘generator is relatively modern. The older 
approach was to think of an oscillator 
making a true sine wave with an added, 


unwanted noise signal. These are just dif- ` 


ferent ways of visualizing the same thing: 
They are equally valid views, which are 
used interchangeably, depending which 
: best makes some point clear. Thinking in 
terms of the signal-plus-noise version, the 
noise surrounds the carrier, looking like 
' sidebands and so can also be considered to 
be equivalent to random-noise FM and 
AM on the ideal sine-wave signal. This 
gives us a third viewpoint. Strangely, these 


^ 


noise sidebands are called phase noise. If , 


we consider the addition of a noise voltage 
to a sinusoidal voltage, we must take into 
account the phase relationship. A phasor 
diagram is the clearest way of illustrating 
this. Fig 14.6A represents a clean sine 
wave as a rotating vector whose length is 
equal to the, peak amplitude and whose 
'frequency is equal to the number of revo- 
lutions per second of its rotation. Moving 
things are difficult to.depict on paper, so 
phasor diagrams are usually drawn to 
show the dominant signal as stationary, 
with other components drawn relative to 
this. = 

Noise contains components at many 


у, Loop Gain . 
А Slightly > 1 
Coupling: : Coupling 
Resonator Network 


Fig 14.5 — An oscillator with noise. Real-world amplifiers, no matter how quiet, 
generate some internal noise; this allows real-world oscillators to self-start. 


frequencies, so its phase with respect to 
the dominant, theoretically pure signal 
— the "carrier" — is random. Its ampli- 
tude is also random. Noise can only be 
described in statistical terms because its 


voltage is constantly and randomly’ 


changing, yet it does have an average 


amplitude that can be expressed іп RMS · 


volts. Fig 14.6B shows noise added tó 
the carrier phasor, with the noise repre- 
sented as a füzzy, uncertain region in 


which the sum phasor wanders ran- - 


domly. The phase of the noise.is uni- 


formly random — no direction is more ` 
‘likely than any other — but the instan- 


taneous magnitude of the noise obeys a 
probability distribution like that shown, 
higher values being progressively rarer. 
Fig 14.6C shows how the extremities of 
the noise region can be considered as 
extremes of phase and amplitude varia- 
tion from the normal values of the car- 
rier, — 
Phase modulation and frequency modu- 
lation are closely related. Phase is the in- 
tegral of frequency, so phase modulation 
resembles frequency modulation in which 
deviation decreases with increasing modu- 


lating frequency. Thus, there is no need to ~ 


talk of “frequency noise” because phase 
noise already covers it. ` : 
Fig 14.6C clearly shows AM noise as 
the random variation of the length of the 
sum phasor, yet "amplitude noise" is 
rarely discussed. The oscillator's ampli- 


Айде control mechanism acts to reduce 


the AM noise by a small amount, but the 


main reason is that the output is often 


fed into some form of limiter that strips 
off AM components just as the limiting 


IF amplifier in an FM receiver removes’ 


any AM on incoming signals. The lim- 


iter can be obvious, like a circuit to con- ` 
vert the signal to logic levels, or it can | 


Oscillator Starting on 
Self-Generated Noise 


be implicit in some other function. A 
diode ring mixer may be driven by a 
sine-wave LO of moderate power, yet 
this signal drives the diodes hard on and 
hard off, approximating square-wave 
switching. This is a form of limiter, and 
it removes the effect of any AM on the 
LO. Fig 14.6D shows the result of pass- 
ing a signal with noise through a limit- 
ing amplifier. For these reasons, AM -. 
noise sidebands are rarely a problem in 
oscillators, and so are normally ignored. 
There is one subtle problem to beware 
of, however. If a sine wave drives some 
form of switching circuit or limiter, and 
the threshold is offset from the signal's 
mean, voltage, any level changes will 
affect the exact switching times and 
cause phase jitter. In this way, AM side- 
bands are translated into PM sidebands - 
and pass through the limiter. This is 
usually called AM-to-PM conversion 
and is a classic problem of limiters. 


Effects of Phase Noise | 


You would be excused for thinking that 
phase noise is a recent discovery, but all 
oscillators have always produced it. Other 
changes have elevated an unnoticed char- 
acteristic up to the status of a serious im- 
pairment. Increased crowding and power 
levels on the ham bands, allied with 
greater expectations of receiver perfor- 
mance as a result of other improvements, - 


‚ have made phase noise more noticeable, 


but the biggest factor has been the replace- 
ment of VFOs in radios by frequency syn- 
thesizers. It is a major task to develop a 
synthesizer that tunes in steps fine enough 
for SSB and CW while competing with the 


` phase-noise performance of a reasonable- 


quality LC VFO. Many synthesizers have 
fallen far short of that target. Phase noise 


is worse in higher-frequency oscillators 
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and the trend towards general-coverage, 
upconverting structures has required that 
local oscillators operate at higher and 
higher frequencies. Fig 14.7A shows 
Usually shown; with sketches of the relative phase-noise per- 
carrier stationary: : 

formance of some oscillators. The very 
high Q of the quartz crystal in a crystal 
oscillator gives it the potential for much 
2nft (radians) lower phase noise than LC oscillators. A 
medium-quality synthesizer has close-in 
phase noise performance approaching that 
of a crystal oscillator, while further from 
the carrier frequency, it degrades to the 
performance of a modest-quality LC os- 
cillator. There may be a small bump in the 
noise spectrum at the boundary of these 
two zones. A bad synthesizer can have 
extensive noise sidebands extending over 
many tens (hundreds in extreme cases) of 

| Е | kilohertz at high levels. 
a a ы К Phase noise on a transmitter’s local os- 
probability distribution of noise voltage. cillators passes through its stages, is am- 
plified and fed to the antenna along with 
the intentional signal. The intentional sig- 
nal is thereby surrounded by a band of 
noise. This radiated noise exists in the 
same proportion to the transmitter power 
as the phase noise was to the oscillator 
power if it passes through no narrow-band 
filtering capable of limiting its bandwidth. 
This radiated noise makes for a noisier 
band. In bad cases, nearby stations can be 
unable to receive over many tens of kilo- 
hertz. Fig 14.7B illustrates the difference 
between clean and dirty transmitters. 
Random amplitude variation due to noise The effects of receiver-LO phase noise 
(peak-to-peak) 2 А 
are more complicated, but at least it 

doesn’t affect other stations’ reception. 
Phasor sum of signa! and noise lies in The process is called reciprocal mixing. 
this shaded region. 


V = ASin (2nft) 


Reciprocal Mixing 


This is an effect that occurs in all 
mixers, yet despite its name, reciprocal 


Random phase variation due to noise (peak—to—peak) mixing is an LO, not a mixer problem. 
Imagine that the outputs of two suppos- 
(С) edly unmodulated signal generators are 


mixed together and the mixer output is fed 
into an FM receiver. The receiver pro- 
duces sounds, indicating that the resultant 
signal is modulated nonetheless. Which 
£-— Amplitude- Variation:hos:been Removed signal generator is responsible? This is a 
А trick question, of course. A moment spent 
thinking about how a change in the fre- 
quency of either input signal affects the 
output signal will show that FM or PM on 
either input reaches the output. The best 
answer to the trick question is therefore 


Phase Variation Remains “either or both.” 
The modulation on the mixer output is 
(b) the combined modulations of the inputs. 


This means that modulating a receiver's 


Fig 14.6 — At A, a phasor diagram of a clean (ideal) oscillator. Noise creates a logal oscillator is indistinguishable from 
region of uncertainty in the vector’s length and position (B). AM noise varies the using a clean LO and having the same 
vector’s length; PM noise varies the vector’s relative angular position (C) Limiting modulation present on all incoming sig- 
a signal that includes AM and PM noise strips off the AM and leaves the PM (D). nals. (This is also true for AM provided 
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that a fully linear multiplier is used as the 
mixer, but mixers are commonly driven 
‘into switching, which strips any AM off 
the LO signal. This is the chief reason why 
the phase component of oscillator noise is 
more important than any AM component.) 
The word indistinguishable is important 
in the preceding paragraph. Tt does not 
mean that the incoming signals are thèm- 
selves modulated, but that the signals in 
the receiver IF and the noise in the IF, 
sound exactly as if they were. What really 
háppens is that the noise components of 
the LO are extra LO signals that are offset 
from the carrier frequency. Each of them 
mixes other signals that are appropriately 
offset from the LO carrier into the 
receiver's IF. Noise is the sum of an infi- 


nite number of infinitesimal components |. 


spread over a range of frequencies, so the 
signals it mixes into the IF are spread into 
an infinite number of small replicas, all at 
different frequencies. This amounts to 
. scrambling these other signals into noise. 
It is tedious to look at the effects of re- 
ceiver LO phase noise this way. The con- 
cept of reciprocal mixing gives us an 
easier, alternative view that is much more 
digestible and produces identical results. 
. , A poor oscillator can have significant 
noise sidebands extending out many tens 
‚ОЁ kilohertz on either side of its carrier. 
This is the same, as far as the signals in the 
. receiver IF are concerned, as if the LO was 


clean and every signal entering the mixer : 


лай these noise sidebands. Not only will 
the wanted signal (and its noise sidebands) 
be received, but the noise sidebands added 
by the LO to signals near, but outside, the 
receiver's IF passband will overlap it. If 
the band is busy, each of many signals 
present will add its set of noise sidebands 
— and the effect is cumulative. This pro- 
duces the appearance of'a high back- 
ground-noise level on the band: Many 
hams tend to accept this, blaming "condi- 
tions." 

Hams now widely understand reception 
problems due to intermodulation, and al- 
most everyone knows to apply RF attenu- 
- ation until the signal gets no clearer. 
Intermodulation is a nonlinear effect, and 
the levels of the intermod products fall by 
. greater amounts than the reduction in the 
intermodulating signals. The net result is 
less signal, but with the intermodulation 
products dropped still further. This im- 
provement reaches a limit when more at- 
tenuation pushes the desired signal too 
. close to the receiver's noise floor. 

Reciprocal mixing is a linear process, 
and the mixer applies the same amount of 
noise "deviation" to incoming signals as 
· that present on the LO. Therefore the ratio 


of noise-sideband power to signal power - 
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Fig 14.7 — The effects of phase noise. At A, the relative phase-noise spectra of 
several different signal-generation approaches. At B, how transmitted phase 
noise degrades the weak-signal performance even of nearby receivers with 
phase-quiet oscillators, raising the effective noise floor. What is perhaps most 
insidious about phase noise in Amateur Radio communication is that its presence 


‚ in a receiver LO can allow strong, clean transmitted signals to degrade the 


receiver's noise floor just as if the transmitted signals were dirty. This effect, 


reciprocal mixing, is shown at C. 


is the same for each signal, and the same as 
that on the LO. Switching in RF attenua- 
tion reduces the power of signals entering 
the mixer, but the reciprocal mixing pro- 
cess still adds the noise sidebands at the 
same relative power to each. Therefore, 
no reception improvement results. Other 
than building a quieter oscillator, the only 
way of improving things is to use narrow 
preselection to band-limit the receiver's 
input response and reduce the number of 


incoming signals subject to reciprocal. 


mixing. This reduces the number of times 
the phase noise sidebands get added into 
the IF, signal. Commercial tracking 
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' preselectors — selective front-end cir- 


cuits that tune in step with a radio’s band 
changes and tuning, are expensive, but one 
that is manually tuned would make a 
modest-sized home-brew project - and 


_ could also help reduce intermodulation 


effects. When using a good receiver with 
a linear front end and a clean LO, ama- 
teurs accustomed to receivers with poor 
phase-noise performance report the im- 
pression is of a seemingly emptier band 
with gaps between signals — and then they 


begin to find readable signals in some of 


the gaps.. 
Fig 14.7C shows how a noisy oscillator 
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affects transmission and reception. The 
effects on reception are worst in Europe, 
on 40 m, at night. Visitors from North 
America, and especially Asia, are usually 
shocked by the levels of background noise. 
In ITU Region 1, the Amateur Radio 40-m 
allocation is 7.0 to 7.1 MHz; above this, 
ultra-high-power broadcasters operate. 
The front-end filters in commercial ham 
gear are usually fixed band-pass designs 
that cover the wider 40-m allocations in 
the other regions. This allows huge sig- 
nals to reach the mixer and mix large levels 
of LO phase noise into the IF. Operating 
colocated radios, on the same band, in a 
multioperator contest, requires linear front 
ends, preselection and state-of-the-art 
phase-noise performance. Outside of ama- 
teur circles, only warship operation is 
more demanding, with kilowatt transmit- 
ters and receivers sharing antennas on the 
same mast. 


A Phase Noise Demonstration 


Healthy curiosity demands some form 
of demonstration so the scale of a problem 
can be judged “by ear” before measure- 
ments are attempted. We need to be able to 
measuré the noise of an oscillator alone 
(to aid in the development of quieter ones) 
and we also need to be able to measure the 
phase noise of the oscillators in a receiver 
(a transmitter can be treated as an oscilla- 
tor). Conveniently, a receiver contains 
most of the functions needed to demon- 
strate its own phase noise. 
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Oscillator 
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———- 
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Fig 14.8 — Tuning in a strong, clean 
crystal-oscillator signal can allow you 
to hear your receiver’s relative phase- 
noise level. Listening with a narrow CW 
filter switched in allows you to get 
better results closer to the carrier. 
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No mixer has perfect port-to-port isola- 
tion, and some of its local-oscillator sig- 
nal leaks through into the IF. If we tune a 
general-coverage receiver, with its an- 
tenna disconnected, to exactly 0 Hz, the 
local oscillator is exactly at the IF center 
frequency, and the receiver acts as if it is 
tuned to a very strong unmodulated car- 
rier. A typical mixer might give only 
40 dB of LO isolation and have an LO 
drive power of at least 10 mW. If we tune 
away from 0 Hz, the LO carrier tunes away 
from the IF center and out of the passband. 
The apparent signal level falls. Although 
this moves the LO carrier out of the IF 
passband, some of its noise sidebands will 
not be, and the receiver will respond to 
this energy as an incoming noise signal. 
To the receiver operator, this sounds like 
arising noise floor as the receiver is tuned 
toward 0 Hz. To get good noise floor at 
very low frequencies, some professional/ 
military receivers, like the Racal RA1772, 
use very carefully balanced mixers to get 
as much port-to-port isolation as possible, 
and they also may switch a crystal notch 
filter into the first mixer’s LO feed. 

This demonstration cannot be done if 
the receiver tunes amateur bands only. As 
it is, most general-coverage radios inhibit 
tuning in the LF or VLF region. It could be 
suggested by a cynic that how low manu- 
facturers allow you to tune is an indication 
of how far they think their phase-noise 
sidebands could extend! 

The majority of amateur transceivers 
with general-coverage receivers are pro- 
grammed not to tune below 30 to 100 kHz, 
so means other than the “O Hz” approach 
are needed to detect LO noise in these 
radios. Because reciprocal mixing adds 
the LO’s sidebands to clean incoming sig- 
nals, in the same proportion to the incom- 
ing carrier as they exist with respect to the 
LO carrier, all we need do is to apply a 
strong, clean signal wherever we want 
within the receiver’s tuning range. This 
signal’s generator must have lower phase 
noise than the radio being evaluated. A 
general-purpose signal generator is un- 
likely to be good enough; a crystal oscilla- 
tor is needed. 

It's appropriate to set the level into the 
receiver to about that of a strong broadcast 
carrier, say S9 + 40 dB. Set the receiver's 
mode to SSB or CW and tune around the 
test signal, looking for an increasing noise 
floor (higher hiss level) as you tune closer 
towards the signal, as shown in Fig 14.8. 
Switching in a narrow CW filter allows 
you to hear noise closer to the carrier than 
is possible with an SSB filter. This is also 
the technique used to measure a receiver's 
effective selectivity, and some equipment 
reviewers kindly publish their plots in this 


format. QST reviews, done by the ARRL 
Lab, often include the results of specific 
phase-noise measurements. 


Measuring Receiver Phase Noise 


There are several different ways of 
measuring phase noise, offering different 
trade-offs between convenience, cost and 
effort. Some methods suit oscillators in 
isolation, others suit them in situ (in their 
radios). 

If you're unfamiliar with noise mea- 
surements, the units involved may seem 
strange. One reason for this is that a noise 
signal's power is spread over a frequency 
range, like an infinite number of infini- 
tesimal sinusoidal components. This can 
be thought of as similar to painting a 
house. The area that a gallon of paint can 
cover depends on how thinly it’s spread. If 
someone asks how much paint was used 
on some part of a wall, the answer would 
have to be in terms of paint volume per 
square foot. The wall can be considered to 
be an infinite number of points, each with 
an infinitesimal amount of paint applied 
to it. The question of what volume of paint 
has been applied at some specific point is 
unanswerable. With noise, we must work 
in terms of power density, of watts per 
hertz. We therefore express phase-noise 
level as a ratio of the carrier power to the 
noise's power density. Because of the 
large ratios involved, expression in deci- 
bels is convenient. It has been a conven- 
tion to use dBc to mean "decibels with 
respect to the carrier." 

For phase noise, we need to work in 
terms of a standard bandwidth, and 1 Hz is 
the obvious candidate. Even if the noise is 
measured in a different bandwidth, its 
equivalent power in 1 Hz can be easily 
calculated. A phase-noise level of 120 dBc 
in a 1-Hz bandwidth (often written as 
120 dBc/Hz) translates into each hertz of 
the noise having a power of 10-12 of the 
carrier power. In a bandwidth of 3 kHz, 
this would be 3000 times larger. 

The most convenient way to measure 
phase noise is to buy and use a commercial 
phase noise test system. Such a system 
usually contains a state-of-the-art, low- 
noise frequency synthesizer and a low- 
frequency spectrum analyzer, as well as 
some special hardware. Often, a second, 
DSP-based spectrum analyzer is included 
to speed up and extend measurements very 
close to the carrier by using the Fast 
Fourier Transform (FFT). The whole sys- 
tem is then controlled by a computer with 
proprietary software. With a good system 
like this costing about $100,000, this is 
not a practical method for amateurs, al- 
though a few fortunate individuals have 
access to them at work. These systems are 


also overkill for our needs, because we are 
not particularly interested in determining. 
phase-noise levels very close to and very 
far from the carrier. 


It’s possible to make: seipettibile Ye- 
ceiver-oscillator phase-noise measure- .. 


ments with less than $100 of parts and a 
multimeter. Although it's time-consum- 
ing, the technique is much more in keep- 
ing. with the amateur spirit than using a 
$100k system! An ordinary multimeter 


will produce acceptable results, a meter : 
capable of indicating “true RMS” ac volt-. - 


ages is preferable because it can give 


correct readings on sine waves and noise. . 


Fig 14.9 shows the setup. Measurements 


can only be made around the frequency of - 


the crystal oscillator, so if more than one 
band is to be tested, crystals must be 
changed, or else a set of appropriate oscil- 
lators is needed. The oscillator should pro- 
duce about +10 dBm (10 mW) and be very 
well shielded. (To this end, it's advisable 
to build the oscillator into a die-cast box 
and power it from internal batteries. A no- 
ticeable shielding improvement results 
even from avoiding the use of an external 
power switch; a reed-relay element inside 
the box can be positioned to connect the 


Е: battery when a small permanent magnet is 
placed against a marked place outside the | 


box.) 

' Likewise, great care must be taken with 
attenuator shielding. A total attenuation 
of around 140 dB is needed, and with so 
much attenuation in line, signal leakage 
can easily exceed the test signal that 
reaches the receiver. It's not necessary to 
be able to switch-select all 140 dB of the 


‘attenuation, nor is this desirable, as 


switches can leak. (The Test Procedures 
chapter of this Handbook contains a step 
attenuator that's satisfactory.) All of the 
attenuators' enclosure seams must be sol- 


dered. A pair of boxes with 30 dB of fixed ` 


attenuation each are needed to complete 
the set. With 140 dB of attenuation, coax 
cable leakage is also a problem. The only 
countermeasure against this is to mini- 


mize all cable lengths and to interconnect 


test-system modules with BNC plug-to- 


plug adapters (UG- ОВ where роѕ- 


sible. ' : 

Ideally, the receiver could simply be 
tuned across the signal from the oscillator 
and the response measured using its sig- 
nal-strength (S) meter. Unfortunately, re- 
ceiver S meters are notoriously imprecise, 
so an equivalent method is needed that 
does not rely on the receiver’s AGC sys- 
tem. i pane 

The trick is not to measure the response 
to a fixed level signal, but to measure the 
changes in applied signal power needed to 


give a fixed response. Here is a step-by- ' 


Crystal 
_ Oscillator 
(5 +10 dBm on 
chosen frequency) 


Attenuators to Give 
` 0-140 dB in 1dB Steps 


AC Voltmeter 
(True—RMS If Available) 


Receiver Under 
Test 


Fig 14.9 — Setup for measuring receiver-oscillator phase noise. 


Р 


step procedure based on that described by 


: John Grebenkemper, KI6WX, in March 


and April 1988 QST: © 
1. Connect the equipment as shown in 
Fig 14.9, but with the crystal oscillator off. 


‘Set the step attenuator to maximum attenu- 


ation. Set the receiver for SSB or CW re- 
ception with its narrowest available IF 


filter selected. Switch out any internal 


preamplifiers or RF attenuators. Select 


: AGC off, maximum AF and RF gain. It 
тау be necessary to reduce the AF gain to 


ensure the audio amplifier is at least 10 dB 


` below its clipping point. The ac voltmeter 
. огап oscilloscope on the AF output can be 
"used to monitor this. 

2. To measure noise, it is important to | 


know the bandwidth. being measured. A 
true-RMS ac voltmeter measures the 
power in the noise reaching it. To calcu- 
late the noise density, we need to divide by 
the ‘receiver’s noise bandwidth. The 
receiver’ s -6-dB IF bandwidth can be used 
as an approximation, but purists will want 
to plot the top 20 dB of the receiver’s band- 
width on linear scales and integrate the 
area under it to find the width of a rect- 


angle of equal area and equal height. This ' 
accounts properly for.the noise in the skirt . 


regions of the overall selectivity. (The 
very rectangular shape of common re- 
ceiver filters tends to minimize the error 
of just taking the approximation.) _. 
Switch on the test oscillator and set the 
attenuators to give an AF output above the 
noise floor and below the clipping level 


with the receiver peaked on the signal. 


Tune the receiver off to each side to find 
the frequencies at which the AF voltage is 
half that at the peak.. The difference be- 


tween these is the receiver's -6-dB band- ` 


width. High accuracy is not needed: 2596 
error in the receiver bandwidth will only 


: cause a 1-dB error in the final result. The 


receiver's published selectivity specifica- 


'tions will be close enough. The benefit.of 


integration is greater if the receiver has a 
very rounded, low- inging or low- -order 
filter. 

3. Retune the „receiver to the peak. 


E 
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Switch the oscillator off and note the 
noise-floor voltage. Turn the oscillator 


‚ back on and adjust the attenuator to give 


an AF output voltage 1.41 times (3 dB) | 
larger than the noise floor. voltage. This 
means that the noise power and the test 
signal power at the AF output are equal — 
a value that’s often called the MDS (mini- 
‘mum discernible signal) of a receiver. 
Choosing a test-oscillator level at which 


‘to do this test involves compromise.. 


Higher levels give more accurate results 
where the phasé noise is high, but limit the 
lowest level of phase noise that can be 


` measured because better receiver oscilla- - 


tors require a greater input signal to pro- 
duce enough noise to get the chosen AF- 


' output level. At some point, either we’ ve 


taken all the attenuation out and our mea- 
surement range is limited by the test 
oscillator’s available power, or we over- 
load the receiver’s front end, spoiling the 
results. 
`: Record the receiver frequency at the 
peak, (fo), the attenuator setting (Ag) and 
the audio output voltage (Vo). These are 
the carrier measurements against which all 
the noise measurements will be compared. 
4. Now you must choose the offset fre- 
quencies — the spacings from the carrier 


_— at which you wish to make measure- ` 


ments. The receiver’s skirt selectivity will 
limit how close to the carrier noise mea- ` 
surements can be made. (Any measure- 
ments made too close in.are valid mea- 
surements of the receiver selectivity, but 
because the signal measured under these 
conditions is sinusoidal and not noise like, | 


' the corrections for noise density and noise 


bandwidth are not appropriate.) It is diffi- 
cult to decide where the filter skirt-ends 
and the noise begins, and what corrections 
to apply in the region of doubt and uncer- 
tainty. A good practical approach is to lis- . 
ten to the audio and tune away from the 
carrier until you can’t distinguish a tone in 
the noise. The ear is superb at spotting sine 
tones buried in noise, so this criterion, al- 
though subjective, errs on the conserva- 
tive side. : 
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Table 14.1 Tune the receiver to a frequency off- 


SSB Phase Noise of ICOM IC-745 Receiver Section set from fy by your first chosen offset 


Oscillator output 3 dBm (0.5 mW) and adjust the attenuators to get an au- 
MPU Rowe эшет dio output volt 1 ibl 
Receiver bandwidth (Af) = 1.8 kHz 10 OUIpUL VO LASE ASC OSE AS роз 


to Vg. Record the total attenuation, A 
Audio noise voltage —0.070 V 0 : ui 
Audio reference voltage (Vo) = 0.105 V and {елишо DUNNE yoltage, Үр. The 


Reference attenuation (Ag) = 121 dB SSB phase norse (qualified as SSB be: 
cause we’re measuring the phase noise 


Offset Attenuation Audio Audio Ratio SSB Phase on only one side of the carrier, whereas 
Frequency (A) (dB) у, А VAV; Noise | some other methods cannot segregate 
(kHz) (volts) (volts) (dBc/Hz) between upper and lower noise side- 
4 35 0.102 0.122 1.20 -119 bands and measure their sum, giving 
5 32 0.104 0.120 1.15 -122* DSB phase noise) is now easy to calcu- 
6 30 0.104 0.118 1.13 —124* late: 
8 27 0.100 0.116 1.16 —127* 
10 25 0.106 0.122 1.15 ~129* L(f) = A; - Ag — 10 log(BW oie) (1) 
15 21 0.100 0.116 1.16 —133* Where 
25 14 01028 0422 120 ^Ш L(f) = SSB phase noise in dBc/Hz 
30 13 0.102 0.122 1.20 -141 BW oise = receiver noise bandwidth, Hz. 
40 10 0.104 0.124 1.19 —144 
50 8 0.102 0.122 1.20 -146 5. It’s important to check for overload. 
60 6 0.104 0.124 1.19 -148 Decrease the attenuation by 3 dB, and 
80 4 0.102 0.126 1.24 -150 ; 
100 3 0.102 0.126 1.24 —151 record the new audio output voltage, V». 
150 3 0.102 0.124 1.22 —151 If all is well, the output voltage should in- 
200 0 0.104 —154 crease by 2296 (1.8 dB); if the receiver is 
250 0 0.100 -154 operating nonlinearly, the increase will be 
300 0 0.98 -154 less. (An 18% increase is still acceptable 
400 0 0.96 -154 for the overall accuracy we want.) Record 
500 0 0.96 -154 s n 
600 0 0.97 -154 V/V; as a check: a ratio of 1.22:1 is ideal, 
800 0 0.96 —154 and anything less than 1.18:1 indicates a 
1000 0 0.96 -154 bad measurement. 
eR Е ; If too many measurements are bad, you 
*Asterisks indicate measurements possibly affected by receiver overload (see text). may be overdriving the receiver's AF 


Transmitter Phase-Noise Measurement in the ARRL Lab 


Here is a brief description of the technique used in setup shown in Fig B. Measurements from multiple 
the ARRL Lab to measure transmitter phase noise. passes are taken and averaged. A 3-Hz video band- 
The system essentially consists of a direct-conversion width also helps average and smooth the plots. These 
receiver with very good phase-noise characteristics. plots do not necessarily reflect the phase-noise charac- 
As shown in Fig B, we use an attenuator after the teristics of all units of a particular model. 
transmitter, a Mini-Circuits ZAY-1 mixer, a Hewlett- The log reference level (the top horizontal line on the 


Packard 8640B signal generator, a band-pass filter, an 
audio-frequency low-noise amplifier and a spectrum 
analyzer (HP 8563E) to make the measurements. 

The transmitter signal is mixed with the output of 
the signal generator, and signals produced in the 
mixing process that are not required for the measure- 
ment process are filtered out. The spectrum analyzer 
then displays the transmitted phase-noise spectrum. 
The 100 mW output of the HP 8640B is barely enough 
to drive the mixer—the setup would work better with 
200 mW of drive. To test the phase noise of an HP 
8640B, we use a second '8640B as a reference 
source. It is quite important to be sure that the phase 
noise of the reference source is lower than that of the 
signal under test, because we are really measuring the 
combined phase-noise output of the signal generator 
and the transmitter. It would be quite embarrassing to 
publish phase-noise plots of the reference generator 
instead of the transmitter under test! The HP 8640B Sue Bite 27 Wu юш WAR) 
has much cleaner spectral output than most transmit- af leva —8 
ters. 

A sample phase-noise plot for an amateur trans- Fig A —Sample phase noise plot for an amateur 
ceiver is shown in Fig A. It was produced with the test transceiver. 


iC—736.pn8/ Phase Noise 3.520 MHz/ 100 Watts 


— 


— 
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amplifier, so try reducing the AF gain 
and starting again back at Step 3. If this 
doesn’t help, reducing the RF gain and 
starting again at Step 3 should help if the 


compression is occurring late in the IF 


stages. 

6. Repeat Steps 4 and 5 at all the other 
offsets you wish to measure. If measure- 
ments are made at increments of about 
half the receiver’s bandwidth, any dis- 
_crete (non-noise) spurs will be found. A 
noticeable tone in the audio can indicate 
the presence of one of these. If it is well 
clear of the noise, the measurement is 
valid, but the noise bandwidth correction 
should be ignored, giving a result in dBc. 

Table 14.1 shows the results for an 


and Fig 14.10 shows this data in graphic 
form. His oscillator power was only 
—3 dBm, which limited measurements to 


` offsets less than 200 kHz. More power 


might have allowed noise measurements 
to lower levels, although receiver overload 
places a limit on this. This is not impor- 
tant, because the real area of interest has 
been thoroughly covered. When attempt- 
ing phase-noise measurements at large 
offsets, remember that any front-end 
selectivity, before the first mixer, will 
limit the maximum offset at which LO 
phase-noise measurement is possible. 


Measuring Oscillator and 
Transmitter Phase Noise 
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Fig 14.10 — The SSB phase noise of an 
ICOM IC-745 transceiver (serial number 


ICOM IC-745 as measured by KI6WX, 


scale in the plot) represents —60 dBc/Hz. It is common 
in industry to use a 0-dBc log reference, but such a 
reference level would not allow measurement of 
phase-noise levels below —80 dBc/Hz. The actual 
measurement bandwidth used on the spectrum 
analyzer is 100 Hz, but the reference is scaled for a 
1-Hz bandwidth. This allows phase-noise levels to be 
read directly from the display in dBc/Hz. Because each 
vertical division represents 10 dB, the plot shows the 
noise level between —60 dBc/Hz (the top horizontal 
line) and 7140 dBc/Hz (the bottom horizontal line). The 
horizontal scale is 2 kHz per division. The offsets ' 
shown in the plots are 2 through 20 kHz. 


What Do the Phase-Noise Plots Mean? 


Although they are useful for comparing different 
radios, plots can also be used to calculate the amount 
of interference you may receive from a nearby trans- 
mitter with known phase-noise characteristics. An 
approximation is given by 


Асам = NL + 10 x log(BW) 


where 

Асям = Interfering signal level, dBc 

NL = noise level on the receive frequency, dBc 

BW = receiver IF bandwidth, in Hz 

For instance, if the noise level is -90 dBc/Hz and 
you are using a 2.5-kHz SSB filter, the approximate 
interfering signal will be -56 dBc. In other words, if the 


transmitted signal is 20 dB over S9, and each S unit is : 


6 dB, the interfering signal will be as strong as an S3 
signal. 

The measurements made in the ARRL Lab apply 
only to transmitted signals. It is reasonable to assume 
that the phase-noise characteristics of most transceiv- 
ers are similar.on transmit and receiver because the 
same oscillators are generally used in local-oscillator 
(LO) chain. 

In some cases, the receiver may have better phase- 
noise characteristics than the transmitter. Why the 
possible difference? The most obvious reason is that 
circuits often perform less than optimally in strong RF 
fields, as anyone who has experienced RFI problems 
can tell you. A less obvious reason results from the 
way that many high-dynamic-range receivers work. To 
get good dynamic range, a sharp crystal filter is often 


„Пле. This filter removes all but a small slice of spec- 
. trum for further signal processing. If the desired filtered 


Measuring the composite phase noiseof 01528) as measured by KI6WX. 


placed immediately after the first mixer in the receive 


signal is a product of mixing an incoming signal with a 
noisy oscillator, signals far away from the desired one 
can end up in this slice. Once this slice of spectrum is 
obtained, however, unwanted signals cannot be 
reintroduced, no matter how noisy the oscillators used 
in further signal processing. As a result, some oscilla- 
tors in receivers don't affect phase noise. 

The difference between this situation and that in 
transmitters is that crystal filters are seldom used for 
reduction of phase noise in transmitting because of the 
high cost involved. Equipment designers have enough 
trouble getting smooth, click-free break-in operation in 
transceivers without having to worry about switching 
crystal filters in and out of circuits at 40-wpm keying 
speeds!—Zack Lau, KH6CP/1, ARRL Laboratory 
Engineer { 
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Fig B — ARRL transmitter phase-noise measurement 
setup. ; 
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Mixer with 
DC Output 
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Oscillator 
Under Test 


Attenuation 
As Needed 
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Generator 


1—MHz 
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Fig 14.11 — Arrangement for measuring phase noise by directly converting the 
signal under test to audio. The spectrum analyzer views the signal's noise 
sidebands as audio; the signal's carrier, converted to dc, provides a feedback 
signal to phase-lock the Hewlett-Packard HP8640B signal generator to the signal 


under test. 


areceiver's LO requires a clean test oscilla- 
tor. Measuring the phase noise of an incom- 
ing signal, whether from a single oscillator 
or an entire transmitter, requires the use of a 
clean receiver, with lower phase noise than 
the source under test. The sidebar, “Trans- 
mitter Phase-Noise Measurement in the 
ARRL Lab,” details the method used to 
measure composite noise (phase noise and 
amplitude noise, the practical effects of 
which are indistinguishable on the air) for 
QST Product Reviews. Although targeted at 
measuring high power signals from entire 
transmitters, this approach can be used to 
measure lower-level signals simply by 
changing the amount of input attenuation 
used. 

At first, this method — using a low-fre- 
quency spectrum analyzer and a low-phase- 
noise signal generator — looks unnecessar- 
ily elaborate. A growing number of radio 
amateurs have acquired good-quality spec- 
trum analyzers for their shacks since older 
model Tektronix and Hewlett-Packard in- 
struments have started to appear on the sur- 
plus market at affordable prices. The obvi- 
ous question is, “Why not just use one of 
these to view the signal and read phase-noise 
levels directly off the screen?” Reciprocal 
mixing is the problem. Very few spectrum 
analyzers have clean enough local oscilla- 
tors not to completely swamp the noise be- 
ing measured. Phase-noise measurements 
involve the measurement of low-level com- 
ponents very close to a large carrier, and that 
carrier will mix the noise sidebands of the 
analyzer’s LO into its IF. Some way of 
notching out the carrier is needed, so that the 
analyzer need only handle the noise side- 
bands. A crystal filter could be designed to 
do the job, but this would be expensive, and 
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one would be needed for every different os- 
cillator frequency to be tested. The alterna- 
tive is to build a direct-conversion receiver 
using a clean LO like the Hewlett-Packard 
HP8640B signal generator and spectrum- 
analyze its “audio” output with an audio 
analyzer. This scheme mixes the carrier to 
dc; the LF analyzer is then ac-coupled, and 
this removes the carrier. The analyzer can be 
made very sensitive without overload or re- 
ciprocal mixing being a problem. The re- 
maining problem is then keeping the LO — 
the HP8640B in this example — at exactly 
the carrier frequency. 8640s are based on a 
shortened-UHF-cavity oscillator and can 
drift a little. The oscillator under test will 
also drift. The task is therefore to make the 
8640B track the oscillator under test. For 
once we get something for free: The 
HP8640B's FM input is dc coupled, and we 
can use this as an electronic fine-tuning in- 
put. As a further bonus, the 8640B's FM 
deviation control acts as a sensitivity control 
for this input. We also get a phase detector 
for free, as the mixer output' s dc component 
depends on the phase relationship between 
the 8640B and the signal under test (remem- 
ber to use the dc coupled port of a diode ring 
mixer as the output). Taken together, the 
system includes everything needed to create 
a crude phase-locked loop that will auto- 
matically track the input signal over a small 
frequency range. Fig 14.11 shows the ar- 
rangement. 

The oscilloscope is not essential for op- 
eration, but it is needed to adjust the system. 
With the loop unlocked (8640B FM input 
disconnected), tune the 8640 off the signal 
frequency to give a beat at the mixer output. 
Adjust the mixer drive levels to get an 
undistorted sine wave on the scope. This 


ensures that the mixer is not being 
overdriven. While the loop is off-tuned, 
adjust the beat to a frequency within the 
range of the LF spectrum analyzer and use it 
to measure its level, “А,” in dBm. This 
represents the carrier level and is used as 
the reference for the noise measurements. 
Connect the FM input of the signal genera- 
tor, and switch on the generator's dc FM 
facility. Try a deviation range of 10 kHz 
to start with. When you tune the signal 
generator toward the input frequency, the 
scope will show the falling beat frequency 
until the loop jumps into lock. Then it will 
display a noisy dc level. Fine tune to get a 
mean level of 0 V. (This is a very-low-band- 
width, very-low-gain loop. Stability is not a 
problem, careful loop design is not needed. 
We actually want as slow a loop as possible; 
otherwise, the loop would track and cancel 
the slow components of the incoming 
signal’s phase noise, preventing their 
measurement.) 

When you first take phase-noise plots, it’s 
a good idea to duplicate them at the 
generator's next lower FM-deviation range 
and check for any differences in the noise 
levelin the areas of interest. Reduce the FM 
deviation range until you find no further 
improvement. Insufficient FM deviation 
range makes the loop's lock range narrow, 
reducing the amount of drift it can compen- 
sate. (It's sometimes necessary to keep gen- 
tly trimming the generator's fine tune con- 
trol.) 

Set up the LF analyzer to show the noise. 
A sensitive range and 100-Hz resolution 
bandwidth are appropriate. Measure the 
noise level, “A,,” in dBm. We must now 
calculate the noise density that this repre- 
sents. Spectrum-analyzer filters are nor- 
mally Gaussian-shaped and bandwidth- 
specified at their -3-dB points. To avoid 
using integration to find their true-noise 
power bandwidth, we can reasonably as- 
sume a value of 1.2 x BW. A spectrum ana- 
lyzer logarithmically compresses its IF sig- 
nal ahead of the detectors and averaging 
filter. This affects the statistical distribution 
of noise voltage and causes the analyzer to 
read low by 2.5 dB. To produce the same 
scale as the ARRL Lab photographs, the 
analyzer reference level must be set to —60 
dBc/Hz, which can be calculated as: 


Aver = А, — 10 log (1.2 x BW) + 62.5 dBm 
(2) 


where 

Ашу = analyzer reference level, dBm 

A, = carrier amplitude, dBm. 

This produces a scale of —60 dBc/Hz 
at the top of the screen, falling to 140 dBc/ 
Hz at the bottom. The frequency scale is Oto 
20 kHz with a resolution bandwidth (BW in 


the above equation) of 100 Hz. This method 
combines the power of both sidebands and 
so measures DSB phase noise. To calculate 
the equivalent SSB phase noise, subtract 3 
B for noncoherent noise (the general 
“hash” of phase noise) and subtract 6 dB for 
coherent, discrete components (that is, 
single-frequency spurs). This can be done 
by setting the reference level 3 to 6 dB 
higher. 


Low-Cost Phase Noise Testing 


All that expensive equipment may seem 
far beyond the means of the average Ama- 
teur Radio experimenter. With careful shop- 
ping and a little more effort, alternative 
equipment can be put together for pocket 
money. (All ofthe things needed — parts for 
a VXO, a surplus spectrum analyzer and so 
on — have been seen on sale cheap enough 
to total less than $100.) The HP8640B is 
good and versatile, but for use at one oscil- 
lator frequency, you can build a VXO for a 
few dollars. It will only cover one oscillator 
frequency, but a VXO can provide even 
better phase-noise performance than the 
8640B. 

You can also get away without an audio 
spectrum analyzer. A spectrum-analyzer 
forerunner, the wave analyzer, may suffice. 
A wave analyzer neither scans nor plots sig- 
nals. Ithas simple, hand-cranked tuning cali- 
brated with a mechanical scale or frequency 
counter and displays received-signal level 
on a meter. The telephone companies used 
some variants of these called selective level 
measuring sets (SLMSs) to measure channel 
powers and pilot tones on their systems, and 
some of these instruments covered the fre- 
quency range of interest. Surplus dealers 
see little demand for them; they get treated 
as "boat anchors" and sold cheaply for 
stripping. One of these instruments will 
do just fine, but you'll have to plot your 
noise graph manually, point-by-point. 

The mixer need not be an expensive, 
packaged unit. A Mini-Circuits Labs 
SRA-2H (see Address List in the Refer- 
ences chapter) or any other medium-level 
diode-ring unit will do just as well. 


OSCILLATOR CIRCUITS AND 
CONSTRUCTION 


LC Oscillator Circuits 


The LC oscillators used in radio equip- 
ment are usually arranged as variable fre- 
quency oscillators (VFOs). Tuning is 
achieved by either varying part of the ca- 
pacitance of the resonator or, less com- 
monly, by using a movable magnetic core to 
vary the inductance. Since the early days of 
radio, there has been a huge quest for the 
ideal, low-drift VFO. Amateurs and profes- 
sionals have spent immense effort on this 


Colpitts 
(A) 


Series- Tuned 
Colpitts 


(8) 


*k Reduce value and/or adjust 
feedbock for reliable starting 
with FET selected. 


Жж Use lowest value that allows 
reliable starting; 2.7 pF is 
suitable in the 3— to 12—MHz range. 


Fig 14.12 — The Colpitts (A), series-tuned Colpitts (B) and Hartley oscillator 
circuits. Rules of thumb: C3 and C4 at A and B should be equal and valued such 
that their Хе = 45 Q at the operating frequency; for C2 at A, Xo = 100 Q. For best 
stability, use COG or NPO units for all capacitors associated with the FETs' gates 
and sources. Depending on the FET chosen, the 1-kQ source-bias-resistor value 
shown may require adjustment for reliable starting. 


pursuit. A brief search of the literature re- 
veals a large number of designs, many ac- 
companied by claims of high stability. The 
quest for stability has been solved by the 
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development of low-cost frequency synthe- 
sizers, which can give crystal-controlled sta- 
bility. Synthesizers have other problems 
though, and the VFO still has much to offer 
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in terms of signal cleanliness, cost and power 
consumption, making it attractive for 
home construction. No one VFO circuit 
has any overwhelming advantage over any 
other — component quality, mechanical 
design and the care taken in assembly are 
much more important. 


7.0-7.3 MHz 


Ferrite 
Bead 


100 pF 


Fig 14.12 shows three popular oscilla- 
tor circuits stripped of any unessential 
frills so they can be more easily compared. 
The original Colpitts circuit (Fig 14.12A) 
is now often referred to as the parallel- 
tuned Colpitts because its series-tuned 
derivative (Fig 14.12B) has become com- 


R = Class-A bias value 


49 V 
Regulated 


+9 У 
Regulated 


Fig 14.13 — Three more oscillator examples: at A, a triode-tube Hartley; at B,a 
bipolar junction transistor in a series-tuned Colpitts; at C, a dual-gate MOSFET 


Hartley. 


14.44 Chapter 14 


mon. All three of these circuits use an 
amplifier with a voltage gain less than 
unity, but large current gain. The N-chan- 
nel JFET source follower shown appears 
to be the most popular choice nowadays. 
In the parallel-tuned Colpitts, C3 and C4 
are large values, perhaps 10 times larger 
than typical values for C1 and C2. This 
means that only a small fraction of the to- 
tal tank voltage is applied to the FET, and 
the FET can be considered to be only 
lightly coupled into the tank. The FET is 
driven by the sum of the voltages across 
C3 and C4, while it drives the voltage 
across C4 alone. This means that the tank 
operates as a resonant, voltage-step-up 
transformer compensating for the less- 
than-unity-voltage-gain amplifier. The 
resonant circuit consists of L, C1, C2, C3 
and C4. The resonant frequency can be 
calculated by using the standard formulas 
for capacitors in series and parallel to find 
the resultant capacitance effectively con- 
nected across the inductor, L, and then use 
the standard formula for LC resonance: 


1 


T fic 9) 
where 

f = frequency in hertz 

L = inductance in henries 

C = capacitance in farads. 


For a wide tuning range, C2 must be 
kept small to reduce the effect of C3 and 
C4 swamping the variable capacitor C1. 

The series-tuned Colpitts circuit works 
in much the same way. The difference is 
that the variable capacitor, Cl, is posi- 
tioned so that it is well-protected from 
being swamped by the large values of C3 
and C4. In fact, small values of C3, C4 
would act to limit the tuning range. Fixed 
capacitance, C2, is often added across СІ 
to allow the tuning range to be reduced to 
that required, without interfering with C3 
and C4, which set the amplifier coupling. 
The series-tuned Colpitts has a reputation 
for better stability than the parallel-tuned 
original. Note how C3 and C4 swamp the 
capacitances of the amplifier in both ver- 
sions. 

The Hartley is similar to the parallel- 
tuned Colpitts, but the amplifier source is 
tapped up on the tank inductance instead 
of the tank capacitance. A typical tap 
placement is 10 to 20% of the total turns 
up from the “cold” end of the inductor. 
(It’s usual to refer to the lowest-signal- 
voltage end of an inductor as cold and the 
other, with the highest signal voltage as 
hot.) C2 limits the tuning range as re- 
quired; C3 is reduced to the minimum 
value that allows reliable starting. This is 
necessary because the Hartley’s lack of the 


Colpitts's capacitive divider would other- - 


wise couple the FET's capacitances to the 
tank more strongly than in the Colpitts, 
potentially affecting the circuit's fre- 
quency stability. : 

In all three circuits, the 1-kQ source re- 
sistor aids frequency stability by keeping 


the source higher above ground than the . 


gate. Some commercial circuits accom- 


plish this by connecting the gate to a high- . 


value voltage divider (for example, 1 MQ 
from the positive rail to gate, 1 MQ from 
.gate to ground). The gate-to-ground 
clamping diode (1N914 or similar) long 
used by radio amateurs as a means of 
avoiding gate-source conduction has been 
shown by Ulrich Rohde, KA2WEU, to 
degrade oscillator phasé-noise perfor- 
mance, and its use is virtually unknown in 
professional circles. 

Fig 14.13 shows some more VFOs to 
illustrate the use of different devices. The 
triode Hartley shown includes permeabil- 
ity tuning, which has no sliding contact 
like that to a capacitor's rotor and can be 
made reasonably linear by artfully spac- 
ing the coil turns. The slow-motion drive 
can Бе done with a screw thread. The dis- 
advantage is that special care is needed to 
avoid backlash and eccentric rotation of 
the core. If a nonrotating core is used, the 
slides have to be carefully designed to 
prevent motion in unwanted directions. 
The Collins Radio Company made exten- 
sive use of tube-based permeability 
tuners, and a semiconductor version can 


-still be found in a number of Ten-Tec 


radios. 

Vacuum tubes cannot run as cool as 
competitive semiconductor circuits, so 
care is needed to keep the tank circuit away 
from the tube heat. In many amateur and 
commercial vacuum-tube oscillators, os- 
cillation drives the tube into grid current 


at the positive peaks, causing rectification’ 


‘and producing a negative grid bias. The 
oscillator thus runs in Class C, in which 
the conduction angle reduces as the signal 
amplitude increases until the’ amplitude 
stabilizes. As in the FET circuits of Fig 


14.12, better stability and phase-noise: 


performance can be achieved in a vacuum- 
tube oscillator by moving it out of true 


Class C — that is, by including a bypassed . 
cathode-bias resistor (the resistance ap- ' 
propriate for Class A operation is a good · 


starting value). A small number of people 
still build vacuum-tube radios partly to be 
different, partly for fun, but.the semicon- 


` ductor long ago achieved dominance іп ' 


“VFOs. . 

The voltage regulator (VR) tube shown 
in Fig 14.13 has a potential drawback: It is 
a gas-discharge device with a high strik- 
ing voltage at:which it starts to conduct 


and a lower extinguishing voltage, at 
which it stops conducting. Between these 
extremes lies a region in which decreasing 
voltage translates to increasing current, 


which implies negative resistance. When - 


the regulator strikes, it discharges any 


capacitance connected across it to the ex- 


tinguishing voltage. The capacitance then 
charges through the source resistor until 
the tube strikes again, and the process re- 
peats. This relaxation oscillation demon- 
strates how negative resistance can cause 
oscillation. The oscillator translates the 
resultant sawtooth modulation of its power 
supply into frequency and amplitude 
variation. Because of VR tubes’ ability to 
support relaxation oscillation, a tradi- 
tional rule of thumb is to keep the capaci- 
tance directly connected across a VR tube 
to 0.1 НЕ or less. A value much lower than 
this can provide sufficient bypassing in 
Fig 14.13A because the dropping resistor 
acts аѕ а decoupler, increasing the 
bypass’s effectiveness. 


There is a relatéd effect called squeg- | 
ging, which can be loosely defined as - 


oscillation on more than one frequency at 
a time, but which may also manifest itself 
as RF oscillation interrupted at an AF rate, 
as in a superregenerative detector. One 


form of squegging occurs when an oscilla-- 


tor is fed from a power supply with a high 


source impedance. The power supply 


charges up the decoupling capacitor until 
oscillation starts. The oscillator draws 
current and pulls down the capacitor volt- 


age, starving itself of power until oscilla- : 
tion stops. The oscillator stops drawing. 


current, and the decoupling capacitor then 
recharges until oscillation restarts. The 
process, the low-frequency. cycling of 
which is a form of relaxation oscillation, 
repeats indefinitely. The oscillator output 
can clearly be seen to be pulse modulated 
if an oscilloscope is used to view it at a 
suitable timé-base setting. This fault is а 
well-known consequence of poor design 
in battery-powered radios. As dry cells 
become exhausted, their internal resis- 


tance rises quickly and circuits they power ` 


can begin to misbehave. In audio stages, 
such misbehavior may manifest itself in 
the putt-putt sound of the slow relaxation 
oscillation called motorboating. 
Compared to the frequently used JFET, 
bipolar transistors, Fig 14.13B, are rela- 
tively uncommon in oscillators because 
their low input and output impedances are 
more difficult to couple into a high-Q tank 


without excessively loading it. Bipolar 
, devices do tend to give better sample-to- 


sample amplitude uniformity for a given. 


: oscillator circuit, however, as JFETs of a 


given type tend to vary 1 more in their char- 
‘acteristics. - 


AC/RF Sources (Oscillators and Synthesizers) 


The dual-gate MOSFET, Fig 14.13C, is 


-very rarely seen in VFO circuits. It im- 


poses the cost of the components needed 


` to bias and suppress VHF parasitic oscil- 


lation at the second gate, and its inability 
to generate its own AGC through gate- 
source conduction forces the addition of a 
blocking capacitor, resistor and diode at 


- the first gate for amplitude control. 


VFO Components and . 


‚ Construction 


Tuning Capacitors and Reduction 
Drives 


As most commercially made radios now 
use frequency synthesizers, it has become 
increasingly difficult to find certain key 
components needed to construct a good 
VFO. The slow-motion drives, dials, gear- 
boxes, associated with names like Millen, 
National, Eddystone and Jackson аге no 
longer available. Similarly, the most suit- 


. able silver-plated variable capacitors with 


ballraces at both ends, although still made, 
are not generally marketed and are expen- 
sive. Three approaches remain: scavenge 
suitable parts from old equipment; use 
tuning diodes instead of variable capaci- 
tors — an approach that, if uncorrected 
through phase locking, generally degrades | 
stability and phase-noise performance; or 
use two tuning capacitors, one with a ca- 
pacitance range !/s to !/о that of the other, 


.in a bandset/bandspread approach. 


Assembling a variable capacitor to a 
chassis and its reduction drive to a front 
panel can result in backlash — an annoy- 
ing tuning effect in which rotating the 
capacitor shaft deforms the chassis 
and/or panel rather than tuning the capaci- 
tor. One way of minimizing this is to use 
the reduction drive to support the capaci- 
tor, and use the capacitor to support oscil- 
lator circuit board. 


Fixed Capacitors 


Traditionally, silver-mica-fixed capaci- 
tors have been used extensively in oscilla- 
tors, but their temperature coefficient is not 
aslow ascan be achieved by othertypes, and 
some silver micas have been known to be- 
have erratically. Polystyrene film has be- 


. come a proven alternative. One warning is 


worth noting: Polystyrene capacitors exhibit ` 
a permanent change in value should they 
ever be exposed to temperatures much over 


“70°C; they do not return to their old value on 
_ cooling. Particularly suitable for oscillator 


construction are the low-témperature-coef- 
ficient ceramic capacitors, often described 
as NPO or COG types. These names are actu- 
ally temperature-coefficient codes. Some 


ceramic capacitors are available with delib- 


erate, controlled temperature coefficients so 
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that they can be used to compensate for other 
causes of frequency drift with temperature. 
For example, the code N750 denotes a part 
with a temperature coefficient of —750 
parts per million per degree Celsius. These 
parts are now somewhat difficult to ob- 
tain, so other methods are needed. 

In a Colpitts circuit, the two large-value 
capacitors that form the voltage divider for 
the active device still need careful selec- 
tion. It would be tempting to use any avail- 
able capacitor of the right value, because 
the effect of these components on the tank 
frequency is reduced by the proportions of 
the capacitance values in the circuit. This 
reduction is not as great as the difference 
between the temperature stability of an 
NPO ceramic part and some of the low- 
cost, decoupling-quality X7R-dielectric 
ceramic capacitors. It’s worth using low- 
temperature coefficient parts even in the 
seemingly less-critical parts of a VFO cir- 
cuit — even as decouplers. Chasing the 
cause of temperature drift is more chal- 
lenging than fun. Buy critical components 
like high-stability capacitors from trust- 
worthy sources. 


Inductors 


Ceramic coil forms can give excellent 
results, as can self-supporting air-wound 
coils (Miniductor). If you use a magnetic 
core, make it powdered iron, never ferrite, 
and support it stably. Stable VFOs have 
been made using toroidal cores, but again, 
ferrite must be avoided. Micrometals mix 
number 6 has a low temperature coeffi- 
cient and works well in conjunction with 
NPO ceramic capacitors. Coil forms in 
other materials have to be assessed on an 
individual basis. 

A material's temperature stability will 
not be apparent until you try it in an oscil- 
lator, but you can apply a quick test to 
identify those nonmetallic materials that 
are lossy enough to spoil a coil's Q. Put a 
sample of the coil-form material into a 
microwave oven along with a glass of 
water and cook it about 10 s on low power. 
Do not include any metal fittings or ferro- 
magnetic cores. Good materials will be 
completely unaffected; poor ones will heat 
and may even melt, smoke, or burst into 
flame. (This operation is a fire hazard if you 
try more than a tiny sample of an unknown 
material. Observe your experiment continu- 
ously and do not leave it unattended.) 

Wes Hayward, W7ZOI, suggests an- 
nealing toroidal VFO coils after winding. 
Roy Lewallen, W7EL reports achieving 
success with this method by boiling his 
coils in water and letting them cool in air. 


Voltage Regulators 


VFO circuits are often run from locally 
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regulated power supplies, usually from re- 
sistor/Zener diode combinations. Zener 
diodes have some idiosyncrasies which 
could spoil the oscillator. They are noisy, 
so decoupling is needed down to audio fre- 
quencies to filter this out. Zener diodes are 
often run at much less than their specified 
optimum bias current. Although this saves 
power, it results in a lower output voltage 
than intended, and the diode's impedance 
is much greater, increasing its sensitivity 
to variations in input voltage, output cur- 
rent and temperature. Some common Ze- 
ner types may be designed to run at as 
much as 20 mA; check the data sheet for 
your diode family to find the optimum 
current. 

True Zener diodes are low-voltage de- 
vices; above a couple of volts, so-called 
Zener diodes are actually avalanche types. 
The temperature coefficient of these 
diodes depends on their breakdown volt- 
age and crosses through zero for diodes 
rated at about 5 V. If you intend to use 
nothing fancier than a common-variety 
Zener, designing the oscillator to run from 
5 V and using a 5.1-V Zener, will give you 
a free advantage in voltage-versus-tem- 
perature stability. There are some diodes 
available with especially low temperature 
coefficients, usually referred to as refer- 
ence or temperature-compensated diodes. 
These usually consist of a series pair of 
diodes designed to cancel each other's 
temperature drift. Running at 7.5 mA, the 
1N829A gives 6.2 V +5% and a tempera- 
ture coefficient of just +5 parts per million 
(ppm) maximum per degree Celsius. A 
change in bias current of 1046 will shift 
the voltage less than 7.5 mV, but this 
increases rapidly for greater current 
variation. The 1N821A is a lower-grade 
version, at +100 ppm/°C. The LM399 is 
a complex IC that behaves like a 
superb Zener at 6.95 V, +0.3 ppm/°C. 
There are also precision, low-power, 
three-terminal regulators designed to be 
used as voltage references, some of which 
can provide enough current to run а VFO. 
There are comprehensive tables of all 
these devices between pages 334 and 337 
of Horowitz and Hill, The Art of 
Electronics, 2nd ed. 


Oscillator Devices 


The 2N3819 FET, a classic from the 
1960s, has proven to work well in VFOs, 
but, like the MPF102 also long-popular 
with ham builders, it’s manufactured to 
wide tolerances. Considering an oscil- 
lator’s importance in receiver stability, 
you should not hesitate to spend a bit more 
on a better device. The 2N5484, 2N5485 
and 2N5486 are worth considering; to- 
gether, their transconductance ranges span 


that of the MPF102, but each is a better- 
controlled subset of that range. The 
2N5245 is a more recent device with 
better-than-average noise performance 
that runs at low currents like the 2N3819. 
The 2N4416/A, also available as the plas- 
tic-cased PN4416, is a low-noise device, 
designed for VHF/UHF amplifier use, that 
has been featured in a number of good 
oscillators up to the VHF region. Its low 
internal capacitance contributes to low 
frequency drift. The J310 (plastic; the 
metal-cased U310 is similar) is another 
popular JFET in oscillators. 

The 2N5179 (plastic, PN5179 or 
MPS5179) is a bipolar transistor capable 
of good performance in oscillators up to 
the top of the VHF region. Care is needed 
because its absolute-maximum collector- 
emitter voltage is only 12 V, and its col- 
lector current must not exceed 50 mA. 
Although these characteristics may seem 
to convey fragility, the 2N5179 is suffi- 
cient for circuits powered by stabilized 
6-V power supplies. 

VHF-UHF devices are not really neces- 
sary in LC VFOs because such circuits are 
rarely used above 10 MHz. Absolute fre- 
quency stability is progressively harder to 
achieve with increasing frequency, so 
free-running oscillators are rarely used to 
generate VHF-UHF signals for radio com- 
munication. Instead, VHF-UHF radios 
usually use voltage-tuned, phase-locked 
oscillators in some form of synthesizer. 
Bipolar devices like the BFR90 and 
MRF901, with frs in the 5-GHz region and 
mounted in stripline packages, are needed 
at UHF. 

Integrated circuits have not been men- 
tioned until now because few specific RF- 
oscillator ICs exist. Some consumer ICs 
— the NE602, for example — include the 
active device(s) necessary for RF oscilla- 
tors, but often this is no more than a single 
transistor fabricated on the chip. This 
works just as a single discrete device 
would, although using such on-chip de- 
vices may result in poor isolation from the 
rest of the circuits on the chip. There is one 
specialized LC-oscillator IC: the Motorola 
MC1648. This device has been made since 
the early 1970s and is a surviving member 
of a long-obsolete family of emitter- 
coupled-logic (ECL) devices. Despite the 
MC164S8's antiquity, it has no real compe- 
tition and is still widely used in current 
military and commercial equipment. 
Market demand should force its continued 
production for some more years to come. 
Its circuitry is complex for an oscillator, 
with a multitransistor oscillator cel] con- 
trolled by a detector and amplifier in an 
on-chip ALC system. The MC1648's first 
problem is that the ECL families use only 


about a 1-V swing between logic levels. 
Because the oscillator is made using the 
‚ваше  ECL-optimized semiconductor 
manufacturing processes and circuit de- 

. Sign techniques, this same limitation ap- 
plies to the signal in the oscillator tuned 
circuit. It is possible to improve this situ- 
ation by using a tapped or transformer- 
coupled tank circuit to give improved Q, 
but this risks the occurrence of the 
device's second problem. 

Periodically, semiconductor manufac- 
turers modernize their plants and scrap old 
assembly lines used to make old products. 
Any surviving devices then must undergo 
some redesign to allow their production 
by the new processes. One common result 


of this is that devices are shrunk, when - 


possible, to fit more onto a wafer. All this 
increases the fy of the transistors in the 
device, and such evolution has rendered 
today’s MC1648s capable of operation at 
much higher frequencies than the speci- 
fied 200-MHz limit. This allows higher- 
frequency use, but great care is needed in 
the layout of circuits using it to prevent 
spurious oscillation. A number of old 
designs using this part have needed 
reengineering because the newer parts 
generate spurious oscillations that the old 
ones didn't, using PC-board traces as para- 
sitic tuned circuits. 

The moral is that a UHF-capable device 
requires UHF-cognizant design and lay- 
out even if the device will be used at far 
lower frequencies. Fig 14.14 shows the 
MC1648 in a simple circuit and with a 
tapped resonator. These more complex 
circuits have a greater risk of presenting a 
-stray resonance within the device's oper- 
ating range, risking oscillation at an un- 
.wanted frequency. This device is not a 
prime choice for an HF VFO because the 
physical size of the variable capacitor and 
the inevitable lead lengths, combined with 


the need to tap couple to get sufficient Q ` 


for good noise performance, makes spuri- 


ous oscillation difficult to avoid. The 


MCI1648 is really intended for tuning- 
diode control in phase-locked loops oper- 
ating at VHF. This difficulty is inherent in 
wideband devices, especially oscillator 
circuits connected to their tank by a single 
"hot" terminal, where there is simply no 
isolation between the amplifier's input and 
, output paths. Any resonance in the associ- 


ated circuitry can control the frequency of 


oscillation. 

The popular NE602 mixer IC has a 
built-in oscillator and can be found in 
many published circuits. This device has 
separate input and output pins to the tank 
and has proved to be quite tame. It's still 
a relatively new part and may not have 
, beén "improved" yet (so far, it has pro- 


gressed from the NE602 to the NE602A, 
the A version affording somewhat higher 
dynamic range than the original NE602). 
It might be a good idea for anyone laying 
out a board using one to take a little extra 


care to keep PCB traces short in the oscil-. 


lator section to build in some safety mar- 
gin so that the board can be used reliably 
in the future. Experienced (read: “bitten”) 
professional designers know that their de- 
signs are going to be built for possibly 
more than 10 years and have learned to 
make allowances for the, progressive im- 
provement of semiconductor manufac- 
ture. 


Three High-Performance HF VFOs 


The G3PDM Vackar.VFO 


The Vackar VFO shown in Fig 14.15 
was developed over 20 years ago by Peter 
Martin, G3PDM, for the Mark II version 
of his high-dynamic range receiver. This 
can be found in the Radio Society of Great 
Britain's Radio Communication Hand- 
book, with some further comments on the 
oscillatorin RSGB's Amateur Radio Tech- 
niques. This is a prime example of an os- 
cillator that has been successfully opti- 
mized for maximum frequency stability. 
Not only does it work. extremely well, but 
it still represents the highest stability that 
can be achieved. Its developer commented 


MC1648 : 


on a number of points, which also apply to 
the construction of different VFO circuits. 


* Use a genuine Vackar circuit, with C1/ 
(C44 C6) and C3/C2 = 6. 

* Usea strong box, die-cast or milled from 

: solid metal. 

Use a high-quality variable capacitor 

(double ball bearings, silver plated). 

* Adjust feedback control C2, an air- 

dielectric trimmer, so that circuit just os- 

cillates. 

Thoroughly clean all variable capacitors 

in an ultrasonic bath. 

* Use an Oxley "Tempatrimmer," a fixed 
capacitor whose temperature coefficient 
is variable over a wide range, for adjust- 
able temperature compensation. (The 
"Thermatrimmer" is a lower cost, 
smaller range alternative.) 

* CI, C3 and C6 are silver-mica types 
glued to a solid support to reduce sensi- 
tivity to mechanical shock. 

* The gate resistor is a 4.7-kO, 2-W 
carbon-composition type to minimize 
self-heating. | 

* The buffer amplifier is essential. 

* Circuits using an added gate-ground di- 

ode seem to suffer increased drift. 

Its power supply should be well-regu- 

lated. Make liberal use of decoupling ca- 

pacitors to prevent unintentional feed- 
back via supply rails. 


Vec 2 
MC1648 
Output 


= 0.8 V P-P 
Square Wave, 100 MHz 


MC1648 


Fig 14.14 — One of the few ICs ever designed solely for oscillator service, the 
ECL Motorola MC1648 (A) requires careful design to avoid VHF parasitics when 
operating at HF. Keeping its tank Q high is another challenge; B and C show 
means of coupling the IC's low-impedance oscillator terminals to the tank with a 


link or by tapping up on the tank coil. 


AC/RF Sources (Oscillators and Synthesizers) 
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=== 


Die—Cast Box 


FEEDBACK 


* OXLEY "TEMPATRIMMER" 
6.5pF +2000 ppm (see text) 


Fig 14.15 — G3PDM's Vackar VFO has proved popular 
for the 2N3819. Generally, VFOs can be adapted to work at other frequencies 
compute an adjustment factor: foia / fnew: Multiply the value of each frequency- 
frequency increases, it may help to increase fee 


FB = Ferrite Bead 


Single—Point Ground to Box 


+10 V Regulated 


Output +17 dBm 
(50 mW) 


Regulated 


Fig 14.16 — This low-noise oscillator design by K7HFD operates at an unusually 
high power level to achieve a high C/N (carrier-to-noise) ratio. Need other 
frequencies? See Fig 14.15 (caption) for a frequency-scaling technique. 


* Single-point grounding for the tank and 
FET is important. This usually means us- 
ing one mounting screw of the tuning 
capacitor. 

• The inductor used a ceramic form with а 
powdered-iron core mounted on a 
spring-steel screw. 
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• Short leads and thick solid wire (#16 to 
#18 gauge) are essential for mechanical 
stability. 

Operating in the 6-MHz region, this 
oscillator drifted 500 Hz during the first 
minute as it warmed up and then drifted at 


Output 


(5.88 — 6.93 
MHz) 


and successful for two decades. The MPF102 can be used as a substitute 
(within the limits of the active device). To do so, 
determining or feedback L or C by the factor. As 
dback even more than indicated by the factor. 


2 Hz in 30 minutes. It must be stressed that 
such performance does not indicate a won- 
derful circuit so much as care in construc- 
tion, skillful choice of components, artful 
mechanical layout and diligence in adjust- 
ment. The 2-W gate resistor may seem 
strange, but 20 years ago many compo- 
nents were not as good as they are today. 
A modern, low-inductance component of 
low temperature coefficient and more 
modest power rating should be fine. 

The buffer amplifier is an important part 
of a good oscillator system as it serves to 
prevent the oscillator seeing any impedance 
changes in the circuit being driven, which 
could otherwise affect the frequency. 

The Oxley Tempatrimmer used by 
G3PDM was arare and expensive compo- 
nent, used commercially only in very high- 
quality equipment, and it may no longer 
be made. An alternative temperature com- 
pensator can be constructed from currently 
available components, as will be described 
shortly. G3PDM also referred to his “stan- 
dard mallet test,” where a thump with a 
wooden hammer produced an average 
shift of 6 Hz, as an illustration of the ben- 
efits of solid mechanical design. 


The K7HFD Low-Noise Oscillator 


The other high performance oscillator 
example, shown in Fig 14.16, was designed 
for low-noise performance by Linley 
Gumm, K7HED, and appears on page 126 of 
ARRL’s Solid State Design for the Radio 
Amateur. Despite its publication in the 
home-brewer's bible, this circuit seems to 


have been overlooked by many builders. It 
uses no unusual components and looks 
simple, yet it is a subtle and sophisticated 
circuit. It represents the antithesis of 
G3PDM's VFO: In the pursuit of low noise 
sidebands, a number of design choices have 
been made that will degrade the stability of 
frequency over temperature. 

. The effects of oscillator noise have al- 
ready been covered, and Fig 14.6 shows the 
effect of limiting on the signal from a noisy 
oscillator. Because AM noise sidebands can 
get translated into PM noise sidebands by 
imperfect limiting, there is an advantage to 
stripping off the AM as early as possible, in 
the oscillator itself. An ALC system in the 
oscillator will counteract and cancel only the 
AM components within its bandwidth, but 
an oscillator based on a limiter will do this 
over a broad bandwidth. K7HFD’s oscilla- 
tor uses a differential pair of bipolar transis- 
tors as a limiting amplifier. The dc bias volt- 
age at the bases and the resistor in the 
common emitter path to ground establishes 
a controlled dc bias current. The ac voltage 
between the bases switches this current be- 
tween the two collectors. This applies a rect- 
' angular pulse of current into link winding 
L2, which drives the tank. The output im- 
pedance of the collector is high in both the 


current on and current off states. Allied with .. 


the small number of turns of the link wind- 
ing, this presents a very high impedance to 
the tank circuit, which minimizes the damp- 
ing of the tank Q. The input impedance of 
the limiter is also quite high and is applied 
across only a one-turn tap of L1, which simi- 
larly minimizes the effect on the tank Q. The 
input transistor base is driven into conduc- 
tion only on one peak of the tank waveform, 


so the circuit is working in Class C. The. 


output transformer has the inverse of the 
current pulse applied to it, so the output is 


not a low distortion sine wave, although the : 


` output harmonics will not be as extensive as 
simple theory would suggest because the 
circuit’s high output impedance allows stray 
capacitances to attenuate high-frequency 
components. The low-frequency transistors 
used also act to reduce the harmonic power. 

With an output of +17 dBm, this isa power 
oscillator, running with a large dc input 
power, so appreciable heating results that 
can cause temperature-induced drift. The 
circuit’s high-power operation is a deliber- 
ate ploy to create a high signal-to-noise ratio 
by having as high a signal power as possible. 
This also reduces the problem of the 
oscillator’s broadband noise output. The 
limitation on the signal level in the tank is 
. the transistors’ base-emitter-junction break- 
down voltage. The circuit runs with a few 
volts peak-to-peak across the one-turn tap, 
so the full tank is running at over 50 V P-P. 
The single easiest way to damage a bipolar 


- transistor is to reverse bias the base-emitter 


junction until it avalanches. Most devices 
are only rated to withstand 5 V applied this 
way, the current needed to do damage is 
small, very little power is needed. If the ava- 
lanche current is limited to less than that 
needed to perform immediate destruction of 
the transistor, it is likely that there will be 
some degradation of the device, a reduction 
in its bandwidth and gain along with an in- 
crease in its noise. These changes are irre- 
versible and cumulative. Small, fast signal 
diodes have breakdown voltages of over 
30 V and less capacitance than the transistor 
bases, so one possible experiment would be 
to try the effect of adding a diode in series 
with the base of each transistor and running 
the circuit at even higher levels. 

The amplitude must be controlled by the 
drive current limit. The voltage on L2 must 
never allow the collector of the transistor 
driving it to go into saturation, if this hap- 
pens, the transistor presents a very low 
impedance to L2 and badly loads the tank, 
wrecking the Q and the noise performance. 
The circuit can be checked to verify the 
margin from saturation by probing the hot 
end of L2 and the emitter with an oscillo- 
scope. Another, less obvious, test is to vary 
the power-supply voltage and monitor the: 
output power. While the circuit is under 
current control, there is very little change 
in output power, but if the supply is low 
enough to allow saturation, ‘the output 
power will change significantly. 

The use of the 2N3904 is interesting, as it 
is not normally associated with RF oscilla- 
tors. It is a cheap, plain, general-purpose 
type more often used at ас or audio frequen- 


cies. There is evidence that suggests some _ 


transistors, which have good noise perfor- 
mance at RF, have worse noise performance 
at low frequencies, and that the low-fre- 
quency noise they create can modulate an 
oscillator, creating noise sidebands. Experi- 
ments with low-noise audio transistors may 
be worthwhile, but many such devices have 
very low fr and high junction capacitances. 
In the description of this circuit in Solid State 
Design for the Radio Amateur, the results of 
a phase-noise test made using a spectrum 
analyzer with a crystal filter as a preselector 
are given. Ten kilohertz out from the carrier, 
in a 3-kHz measurement bandwidth, the 
noise was over 120 dB below the carrier 
level. This translates into better than —120 
^ 10 log (3000), which equals —154.8 dBc/ 
Hz, SSB. At this offset, –140 dBc is usually 
considered to be excellent. This is state-of- 


‚ the art performance by today’s standards — 


in a 1977 publication. 


A JFET Hartley VFO 


Fig 14.17 shows an 11.1-MHz version 
of a VFO and buffer closely patterned | 


after that used in 7-MHz transceiver de- 
signs published by Roger Hayward, 
KA7EXM, and Wes Hayward, W7ZOI 
(The Ugly Weekender) and Roy Lewallen, 
WTEL (the Optimized QRP Transceiver). 
In it, a 2N5486 JFET Hartley oscillator 
drives the two-2N3904 buffer attributed 
to Lewallen. This version diverges from 
the originals in that its JFET uses source 
bias (the bypassed 910-Q resistor) instead 
of a gate-clamping diode and is powered 
from a low-current 7-V regulator IC in- 
stead of a Zener diode and dropping resis- 
tor. The 5-dB pad sets the buffer’s output 
to a level appropriate for “Level 7” 
(+7-dBm-LO) diode ring mixers. 

The circuit shown was originally built 
with a gate clamping diode, no source bias 
and a 3-dB output pad. Rebiasing the os- 
cillator as shown increased its output by 
2 dB without degrading its frequency sta- 
bility (200 to 300-Hz drift at power up, 
stability within +20 Hz thereafter at a con- 
stant room temperature). 


` Temperature Compensation - 


The general principle for creating a 
high-stability VFO is to use components 
with minimal temperature coefficients in 
circuits that are as insensitive as possible 
to changes in components’ secondary 
characteristics. Even after careful minimi- 
zation of the causes of temperature sensi- 
tivity, further improvement can still be 
desirable. The traditional method was to 
split one of the capacitors in the tank so 
that it could be apportioned between low- ` 
temperature-coefficient parts and parts 
with deliberate temperature dependency. 
Only a limited number of different; con- 
trolled temperature coefficients are avail- 
able,-so the proportioning between low 


‘coefficient апас controlled coefficient 


parts was. varied to “dilute” the tempera- 
ture sensitivity of a part more sensitive 
than needed. This was a tedious process, 
involving much trial and error, an under- 
taking made more complicated by the dif- 
ficulty of arranging means of heating and 
cooling the unit being compensated. 
(Hayward described such a means in De- 


'cember 1993 QST.) As commercial and 


military equipment have been based on 
frequency synthesizers for some time, 
supplies of capacitors with controlled tem- 
perature sensitivity are drying up. An al- 
ternative approach is needed. 

-A temperature-compensated crystal : 
oscillator (TCXO) is an improved-sta- 
bility version of a crystal oscillator, that 
is used widely in industry. Instead of 
using controlled-temperature coeffi- 
cient-capacitors, most TCXOs use a 
network of thermistors and normal re- 
sistors to control the bias of a tuning 
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Fig 14.17 — Incorporating ideas from KA2WEU, KA7EXM, W7ZOI and W7EL, the oscillator at A achieves excellent stability 
and output at 11.1 MHz without the use of a gate-clamping diode, as well as end-running the shrinking availability of 
reduction drives through the use of bandset and bandspread capacitors. L1 consists of 10 turns of B & W #3041 Miniductor 
(422 tinned wire, 5/s inch in diameter, 24 turns per inch). The source tap is 21/2 turns above ground; the tuning-capacitor taps 
are positioned as necessary for bandset and bandspread ranges required. T1’s primary consists of 15 turns of #28 enameled 
wire on an FT-37-72 ferrite core; its secondary, 3 turns over the primary. B shows a system for adding fixed TR offset that 
can be applied to any LC oscillator. The RF choke consists of 20 turns of 426 enameled wire on an FT-37-43 core. Need other 
frequencies? See Fig 14.15 (caption) for a frequency-scaling technique. 


diode. Manufacturers measure the tem- 


+ Supply perature vs frequency characteristic of 

62v sample oscillators, and use a computer 

Reference program to calculate the optimum nor- 

Diode mal resistor values for production. This 
(1N829A or ; s; 

iw8214) | 45 NC кп can reliably achieve at least a tenfold 

ШШ" improvement in stability. We аге not 

L—Á interested in mass manufacture, but the 

idea of a thermistor tuning a varactor is 

"NTC" 100 kp "РТС" Oscillator worth stealing. The parts involved are 

R8 Tank likely to be available for a long time. 


Browsing through component suppli- 
ers’ catalogs shows ready availability of 


4.5- to 5-kQ-bead thermistors intended 
for temperature-compensation pur- 
R1 — Choose for 8.5 mA from supply; 1% metal film. Single common connection poses, at less than a dollar each. Fig 
R2=R5 at D2; see text. А и 

р 14.18 shows a circuit based on these. 

R3=R4, Closest 1%-metal-film values to 4 $ 
25 °C resistance of thermistors used. Commonly available thermistors have 
negative temperature coefficients, so as 
Fig 14.18 — Oscillator temperature compensation has become more difficult temperature rises, the voltage at the 


because of the scarcity of negative-temperature-coefficient diodes. This circuit, 
by GM4ZNX, uses a bridge containing two identical thermistors to steer a tuning А К 
Tae аш corraction, The b 2. делег diode used (а ING21A of Тво) ле в, — 000 Whilethatat heclock wise (Cw) 
temperature-compensated part; just any 6.2-V Zener will not do. end drops. Somewhere near the center, 


counterclockwise (ccw) end of R8 in- 
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there is no change. Increasing the volt- 
age on the tuning diode decreases its ca- 
pacitance, so settings toward R8’s ccw 
end simulate a negative-temperature- 
coefficient capacitor; toward its clock- 
wise end, a positive-temperature-coef- 


ficient part. Choose КІ to pass 8.5 mA’ 


from whatever supply voltage is avail- 
able to the 6.2-V reference diode, D1. 
The 1N821A/1N829A-family -diode 
used has a very low temperature coeffi- 
cient and needs 7.5 mA bias for best per- 
formance; the bridge takes 1 mA. R7 and 
R8 should be good-quality multiturn 
trimmers. D2 and C1 are best deter- 
mined via trial and error; practical com- 
ponents aren't known well enough to 
rely on analytical models. Choose the 
least capacitance that provides enough 
compensation range. This reduces the 
noise added to the oscillator. (It is pos- 
sible, though tedious, to solve for the 
differential varactor voltage with re- 
spect to R2 and RS, via differential cal- 
culus and circuit theory. The equations 
in Hayward's 1993 article can then be 
modified to accommodate the additional 
capacitors formed by D2 and C1.) Use a 
single ground point near D2 to reduce 
the influence of ground currents from 
other circuits. Use good-quality metal- 
film components for the circuits fixed 
resistors. 

The circuit requires two adjustments, 
one at each of two different temperatures, 
and achieving them requires a stable fre- 

, quency counter that can be kept far enough 
from the radio so that the radio, not the 
counter, is subjected to the temperature 
extremes. (Using a receiver to listen to the 
oscillator under test can speed the adjust- 
ments.) After connecting the counter to the 
oscillator to be corrected, run the radio 
containing the oscillator and compensator 
in aroom-temperature, draft-free environ- 


ment until the oscillator's frequency : 


reaches its stable operating temperature 
rise over ambient. Lock its tuning, if pos- 
sible. Adjust R7 to balance the bridge. This 
causes a drop of 0 V across R8, a condition 

‚ you can reach by winding R8 back and 
forth across its range while slowly adjust- 
ing R7. When the bridge is balanced and 0 
V appears across R8, adjusting R8 causes 
no frequency shift. When you’ve found 
this R7 setting, leave it there, set R8 is to 
the exact center of its range and record the 
oscillator frequency. 

Run the radio in a hot environment and 
allow its frequency to stabilize. Adjust R8 
to restore the frequency to the recorded 
value. The sensitivity of the oscillator to 
temperatute should now be significantly 
reduced between the temperatures at 
which you performed the adjustments. 


You will also have somewhat improved 
the oscillator’s stability outside this range. 
For best results with any temperature- 


compensation scheme, it’s important to . 


group all the oscillator and compensator 
components in the same box, avoiding dif- 
ferences in airflow over components. A 
good oscillator should not dissipate much 
power, so it’s feasible, even advisable, to 
mount all of the oscillator components in 
an unventilated box. In the real world, 
temperatures change, and if the compo- 
nents being compensated and the compo- 


nents doing the compensating have differ-. 


ent thermal time constants, a change in 
temperature can cause a temporary change 
in frequency until the slower components 
have caught up. One cure for this is to build 
the oscillator in a thick-walled metal box 
that’s slow to heat or cool, and so domi- 
nates and reduces the possible rate of 
change of temperature of the circuits in- 


side. This is sometimes called a cold oven. 


Shielding and Isolation 


Oscillators contain inductors running at 
moderate power levels and so can radiate 
strong enough signals to cause interference 


with other parts of a radio, or with other ra- . 


dios. Oscillators are also sensitive to radi- 


ated signals. Effective shielding is therefore . 


important. A VFO used to drive a power 
amplifier and antenna (to form a simple CW 
transmitter) can prove surprisingly difficult 
to shield well enough. Any leakage of the 
power amplifier's high-level signal back 
into the oscillator can affect its frequency; 
resulting in a poor transmitted note. If the 
radio gear is in the station antenna's near 
field, sufficient shielding may be even more 
difficult. The following rules of thumb con- 
tinue to serve ham builders well: 
* Use a complete metal box, with as few 
holes as possible drilled in it, with good 
contact around surface(s) where its lid(s) 
fit(s) on. 
Use feedthrough capacitors on power and 
- control lines that pass in and out of the 
VFO enclosure, and on the transmitter or 
transceiver enclosure as well. 


fies the signal by the desired-amount and 
provide sufficient attenuation of signal 
energy flowing in the reverse direction. 
This is known as reverse isolation and is a 
frequently overlooked loophole in shield- 
ing. Figs 14.15 and 14.17 include buffer 
circuitry of proven performance. As an- 
other (and higher-cost) option, consider 
using a high-speed buffer-amplifier IC 
(such as the LM6321N by National Semi- 
conductor, a part that combines the high 
input impedance of an op атр with the 
ability to drive 50-Q loads directly up into 
the VHF range). 
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Use buffer amplifier circuitry that ampli- ` 


* Use a mixing-based frequency-generation 
‘scheme instead of one that operates 
straight through or by means of multipli- 
cation. Such a system’s oscillator stages 
.can operate on frequencies with no direct 
frequency relationship to its output fre- 
quency. 

e Use the time-tested technique of running 
your VFO at a subharmonic of the output 
signal desired — say, 3.5 MHz in a 
7-MHz transmitter — and multiply its out- 
put frequency in a suitably nonlinear stage 


` for further amplification at the desired fre- 


quency. 


Quartz Crystals in Oscillators 


Because crystals afford Q values and fre- 
quency stabilities that are orders of magni- 
tude better than those achievable with LC 
circuits, fixed-frequency oscillators are usu- 
ally on quartz-crystal resonators. Master 
references for frequency counters and syn- 
thesizers are always based on crystal oscil- 
lators. . р 

"So glowing is the executive summary of 
the crystal's reputation for stability that new- 
comers to radio experimentation naturally 
believe that the presence of a crystal in an 
oscillator will force oscillation at the fre- 
quency stamped on the can. This impression 
is usually revised after the first few experi- 
ences to the contrary! There is no sure-fire 
crystal oscillator circuit (although some are 
better than others); reading and experience 
soon provide a learner with plenty of anec- 
dotes to the effect that: 


* Some circuits have a reputation of being 
temperamental, even to the point of not 
always starting. 

* Crystals sometimes mysteriously oscillate 
on unexpected frequencies. 


Even crystal manufacturers have these 
problems, so don't be discouraged from 


, building crystal oscillators. The occasional 


uncooperative oscillator is a nuisance, not a 
disaster, and it just needs a little individual 
attention. Knowing how a crystal behaves is 
the key to a cure. 


Quartz and the Piezoelectric Effect 


Quartz is a crystalline material with a 
regular atomic structure that can be distorted 
by the simple application of force. Remove 
the force, and the distorted structure springs 
back to its original form with very little en- 
ergy loss. This property allows acoustic 
waves — sound — to propagate rapidly 
through quartz with very little attenuation, 


` because the velocity of an acoustic wave 


depends on the elasticity and density (mass/ 
volume) of the medium through which the 
wave travels. 

If you heat a material, it expands. Heating 
may cause other characteristics of a material 
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to change — such as elasticity, which affects 
the speed of sound in the material. In quartz, 
however, expansion and change in the speed 
of sound are very small and tend to cancel, 
which means that the transit time for sound 
to pass through a piece of quartz is very 
stable. 

The third property of this wonder material 
is that it is piezoelectric. Apply an electric 
field to a piece of quartz and the crystal lat- 
tice distorts just as if a force had been ap- 
plied. The electric field applies a force to 
electrical charges locked in the lattice struc- 
ture. These charges are captive and cannot 
move around in the lattice as they can ina 
semiconductor, for quartz is an insulator. A 
capacitor’s dielectric stores energy by creat- 
ing physical distortion on an atomic or mo- 
lecular scale. [n a piezoelectric crystal’s lat- 
tice, the distortion affects the entire 
structure. In some piezoelectric materials, 
this effect is sufficiently pronounced that 
special shapes can be made that bend visibly 
when a field is applied. 

Consider a rod made of quartz. Any sound 
wave propagating along it eventually hits an 
end, where there is a large and abrupt change 
in acoustic impedance. Just as when an RF 
wave hits the end of an unterminated trans- 
mission line, a strong reflection occurs. The 
rod's other end similarly reflects the wave. 
Atsome frequency, the phase shift of around 
trip will be such that waves from successive 
round trips exactly coincide in phase and re- 
inforce each other, dramatically increasing 
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Fig 14.19 — Thickness-shear vibration 
at a crystal's fundamental and third 
overtone (A); B shows how the modern 
crystals commonly used by radio 
amateurs consist of etched quartz 
discs with electrodes deposited 
directly on the crystal surface. 
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the wave's amplitude. This is resonance. 

The passage of waves in opposite direc- 
tions forms a standing wave with antinodes 
at the rod ends. Here we encounter a seem- 
ing ambiguity: not just one, but a family of 
different frequencies, causes standing waves 
— a family fitting the pattern of '/», \/2, 5/2, 
77 and so on, wavelengths into the length of 
the rod. And this is the case: A quartz rod 
can resonate at any and all of these frequen- 
cies. 

The lowest of these frequencies, where 
the crystal is '/> wavelength long, is called 
the fundamental mode. The others are named 
the third, fifth, seventh and so on, overtones. 
There is a small phase-shift error during re- 
flection at the ends, which causes the fre- 
quencies of the overtone modes to differ 
slightly from odd integer multiplies of the 
fundamental. Thus, a crystal's third over- 
tone is very close to, but not exactly, three 
times, its fundamental frequency. Many 
people are confused by overtones and har- 
monics. Harmonics are additional signals at 
exact integer multiples of the fundamental 
frequency. Overtones are not signals at all; 
they are additional resonances that can be 
exploited if a circuit is configured to excite 
them. 

The crystals we use most often resonate in 
the 1- to 30-MHz region and are of the AT 
cut, thickness shear type, although these last 
two characteristics are rarely mentioned. A 
15-MHz-fundamental crystal of this type is 
about 0.15 mm thick. Because of the wide- 
spread use of reprocessed war-surplus, pres- 
Sure-mounted FT-243 crystals, you тау 
think of crystals as small rectangles on the 
order of a half inch in size. The crystals we 
commonly use today are discs, etched and/ 
or doped to their final dimensions, with 
metal electrodes deposited directly on the 
quartz. A crystal' s diameter does not directly 
affect its frequency; diameters of 8 tol5 mm 
are typical. 

AT cutis one of anumber of possible stan- 
dard designations for the orientation at 
which a crystal disc is sawn from the origi- 
nal quartz crystal. The crystal lattice atomic 
structure is asymmetric, and the orientation 
of this with respect to the faces of the disc 
influences the crystal’s performance. Thick- 
ness shear is one of a number of possible 
orientations of the crystal’s mechanical vi- 
bration with respect to the disc. In this case, 
the crystal vibrates perpendicularly to its 
thickness. This is not easy to visualize, and 
diagrams don’t help much, but Fig 14.19A 
is ап attemptat illustrating this. Place a moist 
bathroom sponge between the palms of your 
hands, move one hand up and down, and 
you'll see thickness shear in action. 

There is a limit to how thin a disc can be 
made, given requirements of accuracy and 
price. Traditionally. fundamental-mode 


crystals have been made up to 20 MHz, al- 
though 30 MHz is now common at a moder- 
ately raised price. Using techniques pio- 
neered in the semiconductor industry, 
crystals have been made with a central re- 
gion etched down to a thin membrane, sur- 
rounded by a thick ring for robustness. This 
approach can push fundamental resonances 
to over 100 MHz, but these are more lab 
curiosities than parts for everyday use. The 
easy solution for higher frequencies is to use 
a nice, manufacturably thick crystal on an 
overtone mode. All crystals have all modes, 
so if you order a 28.060-MHz, third-over- 
tone unit for a little QRP transmitter, you'll 
get a crystal with a fundamental resonance 
somewhere near 9.353333 MHz, but its 
manufacturer will have adjusted the thick- 
ness to plant the third overtone exactly on 
the ordered frequency. An accomplished 
manufacturer can do tricks with the flatness 
of the disc faces to make the wanted over- 
tone mode a little more active and the other 
modes a little less active. (As some builders 
discover, however, this does not guarantee 
that the wanted mode is the most active!) 

Quartz's piezoelectric property provides 
a simple way of driving the crystal electri- 
cally. Early crystals were placed between a 
pair of electrodes in a case. This gave ama- 
teurs the opportunity to buy surplus crystals, 
open them and grind them a little to reduce 
their thickness, thus moving them to higher 
frequencies. The frequency could be re- 
duced very slightly by loading the face with 
extra mass, such as by blackening it with a 
soft pencil. Modern crystals have metal elec- 
trodes deposited directly onto their surfaces 
(Fig 14.19B), and such tricks no longer 
work. 

The piezoelectric effect works both ways. 
Deformation of the crystal produces voltage 
across its electrodes, so the mechanical en- 
ergy in the resonating crystal can also be 
extracted electrically by the same electrodes. 
Seen electrically, at the electrodes, the me- 
chanical resonances look like electrical reso- 
nances. Their Q is very high. A Q of 10,000 
would characterize a poor crystal nowadays; 
100,000 is often reached by high-quality 
parts. For comparison, a Q of over 200 for an 
LC tank is considered good. 


Accuracy 


A crystal's frequency accuracy is as out- 
standing as its Q. Several factors determine 
a crystal's frequency accuracy. 

First, the manufacturer makes parts with 
certain tolerances: +200 ppm for a low-qual- 
ity crystal for use as in a microprocessor 
clock oscillator, +10 ppm for a good-quality 
part for professional radio use. Anything 
much better than this starts to get expensive! 
Acrystal’s resonant frequency is influenced 
by the impedance presented to its terminals, 


and manufacturers assume that once a crys- 
tal is brought within several parts per mil- 
lion of the nominal frequency, its user will 
perform fine adjustments electrically. 
Second, a crystal ages after manufacture. 
Aging could give increasing or decreasing 
frequency; whichever, a given crystal usu- 
ally keeps aging in the same direction. Ag- 
ing is rapid at first and then slows down. 
Aging is influenced by the care in polishing 
the surface of the crystal (time and money) 


and by its holder style. The cheapest holder . 


is a soldered-together, two-part metal can 
with glass bead insulation for the connec- 
tion pins. Soldering debris lands on the crys- 
tal and affects its frequency. Alternatively, a 
two-part metal can be made with flanges that 


are pressed together until they fuse, a pro- ` 


cess called cold-welding. This is much 
cleaner and improves aging rates roughly 
fivefold compared to soldered cans. An all- 
glass case can be made in two parts and fused 
together by heating in a vacuum. The 
vacuum raises the Q, and the cleanliness 
results in aging that’s roughly ten times 

` slower than that achievable with a soldered 
can. The best crystal holders borrow from 
vacuum-tube assembly processes and have 
a getter, a highly reactive chemical sub- 
stance that traps remaining gas molecules, 
but such crystals are used only for special 
purposes. 

Third, temperature influences a crystal. A 
reasonable, professional quality part might 
be specified to shift not more than +10 ppm 
over 0 to 70°C. An AT-cut crystal has an S- 
shaped frequency-versus-temperature char- 
acteristic, which can be varied by slightly 
changing the crystal cut’s orientation. Fig 
14.20 shows the general shape and the effect 
of changing the cut angle by only a few sec- 


onds of arc. Notice how all the curves con- . 


verge at 25°C. This is because this tempera- 
ture is normally chosen as the reference for 
specifying a crystal. The temperature stabil- 


ity specification sets how accurate the manu- . 


facturer must make the cut. Better stability 
may be needed for a crystal used as a re- 
ceiver frequency standard, frequency 
counter clock and so on. A crystal's tem- 
perature characteristic shows a little hyster- 
esis. In other words, there's a bit of offset to 
the curve depending whether temperature is 
increasing or decreasing. This is usually of 
no consequence except in the highest-preci- 
sion circuits. 

Itisthe temperature of the quartz which is 
important, and as the usual holders for crys- 
tals all give effective thermal insulation, 
only a couple of milliwatts dissipation by 
the crystal itself can be tolerated before self- 
heating becomes troublesome. Because such 
heating occurs in the quartz itself and does 
not come from the surrounding environ- 
ment, it defeats the effects of temperature 


compensators and ovens. 

The techniques shown earlier for VFO for 
temperature compensation can also be ap- 
pliedto crystal oscillators. An after-compen- 
sation drift of 1 ppm is routine and 0.5 ppm 
is good. The result is a temperature-com- 
pensated crystal oscillator (TCXO). Re- 
cently, oscillators have appeared with built- 
in digital thermometers, microprocessors 
and ROM look-up tables customized on a 
unit-by-unit basis to control a tuning diode 
via a digital-to-analog converter (DAC) for 
temperature compensation. These digitally 
temperature-compensated oscillators 
(DTCXOs) can reach 0.1 ppm over the tem- 
perature range. With automated production 
and adjustment, they promise to become the 
cheapest way to achieve this level of stabil- 
ity. 

Oscillators have long been placed in tem- 
perature-controlled ovens, which are typi- 
cally held at 80?C. Stability of several parts 
per billion can be achieved over tempera- 
ture, but this is a limited benefit as aging can 
easily dominate the accuracy. These are usu- 
ally called oven-controlled crystal oscilla- 
tors (OCXOs). . 

Fourth, the crystal is influenced by the 


impedance presented to it by the circuit in- 


which it is used. This means that care is 
needed to make the rest of an oscillator cir- 
cuit stable, in terms of impedance and phase 
shift. | І 

Gravity can slightly affect crystal reso- 
nance. Turning an oscillator upside down 
usually produces a small frequency shift, 
usually much less than 1 ppm; turning the 
oscillator back over reverses this. This ef- 


_fect is quantified for the highest-quality ref- - 


erence oscillators. 


The Equivalent Circuit of a Crystal 


Because a crystal is a passive, two-ter- 
minal device, its electrical appearance is 
that of an impedance that varies with fre- 
quency. Fig 14.21A shows a very simpli- 
fied sketch of the magnitude (phase is ig- 
nored) of the impedancé of a quartz 
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Fig 14.20 — Slight changes in a crystal 
cut’s orientation shift its frequency- 
versus-temperature curve. 
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Fig 14.21 — Exploring а crystal’s 


. impedance (A) and equivalent circuit 


(B) through simplified diagrams. C and 
D extend the investigation to include 
overtones; E, to spurious responses 

not easily predictable by theory or 
controllable through manufacture. A 
crystal may oscillate on any of its 
resonances under the right conditions. . 
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Typical Equivalent Circuit Values for а Variety of Crystals 


Crystal Type Series L 
1-MHz fundamental 3.5H 
10-MHz fundamental 9.8 mH 
30-MHz third overtone 14.9 mH 
100-MHz fifth overtone 4.28 mH 


Choose for 
Reliable 
Oscillation 


X, = 300 0 at desired frequency 

C15 ЗХ to 4X C2 

Q = 2N2222 or 3904 below 30 MHz 

Y = Specify serles- resonant when ordering. 


Fig 14.22 — A basic series-mode 
crystal oscillator. A 2N5179 can be 
used in this circuit if a lower supply 
voltage is used; see text. 


crystal. The general trend of dropping im- 
pedance with increasing frequency im- 
plies capacitance across the crystal. The 
sharp fall to a low value resembles a 
series-tuned tank, and the sharp peak re- 
sembles a parallel-tuned tank. These are 
referred to as series and parallel reso- 
nances. Fig 14.21B shows a simple circuit 
that will produce this impedance charac- 
teristic. The impedance looks purely re- 
sistive at the exact centers of both reso- 
nances, and the region between them has 
impedance increasing with frequency, 
which looks inductive. 

C1 (sometimes called motional capaci- 
tance, Сы. to distinguish it from the 
lumped capacitance it approximates) and 
L1 (motional inductance, L,,) create the 
series resonance, and as CO and R1 are 
both fairly small, the impedance at the 
bottom of the dip is very close to R1. At 
parallel resonance, L1 is resonating with 
C1 and CO in series, hence the higher fre- 
quency. The impedance of the parallel 
tank is immense, the terminals are con- 
nected to a capacitive tap, that causes 
them to see only a small fraction of this, 
which is still a very large impedance. The 
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Series C Series R Shunt C 
(pF) (Q) (pF) 
0.007 340 3 

0.026 7 6.3 
0.0018 27 6.2 
0.0006 45 7 


overtones should not be neglected, so 
Figs 14.21C and 14.21D show them in- 
cluded. Each overtone has series and par- 
allel resonances and so appears as a series 
tank in the equivalent circuit. CO again 
provides the shifted parallel resonance. 

This is still simplified, because real-life 
crystals have a number of spurious, un- 
wanted modes which add yet more reso- 
nances, as shown in Fig 14.21E. These are 
not well controlled and may vary a lot even 
between crystals made to the same speci- 
fication. Crystal manufacturers work hard 
to suppress these spurs and have evolved 
a number of recipes for shaping crystals to 
minimize them. Just where they switch 
from one design to another varies from 
manufacturer to manufacturer. 

Always remember that the equivalent 
circuit is just a representation of crystal 
behavior and does not represent circuit 
components actually present. Its only use 
is as an aid in designing and analyzing 
circuits using crystals. Table 14.2 lists 
typical equivalent-circuit values for a 
variety of crystals. It is impossible to build 
a circuit with 0.026 to 0.0006-pF capaci- 
tors; such values would simply be 
swamped by strays. Similarly, the induc- 
tor must have a Q orders of magnitude 
better than is practically achievable, and 
impossibly low stray C in its winding. 

The values given in Table 14.2 are 
nothing more than rough guides. A 
crystal's frequency is tightly specified, but 
this still allows inductance to be traded for 
capacitance. A good manufacturer could 
hold these characteristics within a 
+25% band or could vary them over a 
5:1 range by special design. Similarly 
marked parts from different sources vary 
widely in motional inductance and capaci- 
tance. 

Quartz is not the only material that 
behaves in this way, but it is the best. 
Resonators can be made out of lithium 
tantalate and a group of similar materials 
that have lower Q, allowing them to be 
pulled over a larger frequency range in 
VCXOs. Much more common, however, 
are ceramic resonators based on the tech- 
nology of the well-known ceramic IF fil- 
ters. These have much lower Q than quartz 


and much poorer frequency precision. 
They serve mainly as clock resonators for 
cheap microprocessor systems in which 
every last cent must be saved. A ceramic 
resonator could be used as the basis of a 
wide range, cheap VXO, but its frequency 
stability would not be as good as a good 
LC VFO. 


Crystal Oscillator Circuits 


Crystal oscillator circuits are usually 
categorized as series- or parallel-mode 
types, depending on whether the 
crystal's low- or high-impedance reso- 
nance comes into play at the operating 
frequency. The series mode is now the 
most common; parallel-mode operation 
was more often used with vacuum tubes. 
Fig 14.22 shows a basic series-mode 
oscillator. Some people would say that 
it is an overtone circuit, used to run a 
crystal on one of its overtones, but this 
is not necessarily true. The tank (L-C1- 
C2) tunes the collector of the common- 
base amplifier. C1 is larger than C2, so 
the tank is tapped in a way that trans- 
forms to a lower impedance, decreasing 
signal voltage, but increasing current. 
The current is fed back into the emitter 
via the crystal. The common-base stage 
provides a current gain of less than 
unity, so the transformer in the form of 
the tapped tank is essential to give loop 
gain. There are two tuned circuits, the 
obvious collector tank and the series- 
mode one “in” the crystal. The tank kills 
the amplifier's gain away from its tuned 
frequency, and the crystal will only pass 
current at the series resonant frequen- 
cies of its many modes. The tank reso- 
nance is much broader than any of the 
crystal's modes, so it can be thought of 
as the crystal setting the frequency, but 
the tank selecting which of the crystal's 
modes is active. The tank could be tuned 
to the crystal's fundamental, or one of 
its overtones. 

Fundamental oscillators can be built 
without a tank quite successfully, but 
there is always the occasional one that 
starts up on an overtone or spurious 
mode. Some simple oscillators have 
been known to change modes while run- 
ning (an effect triggered by changes in 
temperature or loading) or to not always 
start in the same mode! A series-mode 
oscillator should present a low imped- 
ance to the crystal at the operating fre- 
quency. In Fig 14.22, the tapped collec- 
tor tank presents a transformed fraction 
of the 1-kQ collector load resistor to one 
end of the crystal, and the emitter pre- 
sents a low impedance to the other. To 
build a practical oscillator from this cir- 
cuit, choose an inductor with a reactance 


of about 300 Q at the wanted frequency ` 


and calculate C1 in series with C2 to 
fesonate with it. Choose СІ to be 3 to 4 
times larger than C2. The amplifier's 
quiescent (“idling”) current sets the 
gain and hence the operating level. This 
is not easily calculable, but can be found 
by experiment. Too little quiescent cur- 
rent and the oscillator will not start re- 
liably; too much and the transistor can 


drive itself into saturation. If an oscillo- 


scope is available, it can be used to 
check the collector waveform; other- 
wise, some form of RF voltmeter can be 
used to allow the collector voltage to be 
set to 2 to 3 V RMS. 3.3 КО would be a 
suitable starting point for the emitter 
bias resistor. The transistor type is not 


‘critical; 2N2222A or 2N3904 would be’ 


fine up to 30 MHz; a 2N5179 would al- 
low operation as ап overtone oscillator 
to over 100 MHz (because of the low 
collector voltage rating of the 2N5179, 
a supply voltage lower than 12 V is re- 
quired). The ferrite bead on the base 


gives some protection against, parasitic, 


oscillation at UHF.. 

If the crystal is shorted, this circuit 
should still oscillate. This gives an easy 
way of adjusting the tank; it is even 
better to temporarily replace the crystal 
with a small-value (tens of ohms) resis- 
tor to simulate its equivalent series re- 
sistance (ESR), and adjust L until the 
circuit oscillates close to the wanted 
frequency. Then restore the crystal and 
set the quiescent current. If a lot of these 
oscillators were built, it would some- 
times be necessary to adjust the current 
individually due to the different equiva- 
lent series resistance of individual crys- 
tals. One variant of this circuit has the 
emitter connected directly to the C1/C2 
. junction, while the crystal is a decoupler 
for the transistor base (the existing ca- 
pacitor and ferrite bead not being used). 
This works, but with a greater risk of 
parasitic oscillation. - 

We commonly want to trim a crystal 
oscillator's frequency. While off-tuning 
the tank a little will pull the frequency 
slightly, too much detuning spoils the 
mode control and can stop oscillation (or 
worse, make the circuit unreliable). The 
answer to this is to add a trimmer capaci- 
tor, which will act as part of the equivalent 
series tuned circuit, in series with the crys- 
tal. This will shift the frequency in one 
way only, so the crystal frequency must be 
respecified to allow the frequency to be 
varying around the required value. It is 
‘common to specify a crystals frequency 
with a standard load (30 pF is commonly 
specified), so that the manufacturer grinds 
the crystal such that the series resonance 
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Fig 14.23 — A Butler crystal oscillator. 


-of the specified mode is accurate when 


measured with a capacitor of this value in 
series. A.15- to 50-pF trimmer can be used 
in series with the crystal to give fine fre- 


quency adjustment. Too little capacitance: 


can stop oscillation or prevent reliable 
starting. The Q of crystals is so high that 
marginal oscillators can take several sec- 


. onds to start! 4 ` 
This circuit can be improved by reduc- 


ing the crystal’s driving impedance with 
an emitter follower as in Fig 14.23. This is 
the Butler oscillator. Again the tank con- 
trols the mode to either force the wanted 
overtone or protect the fundamental mode. 


_ The tank need not be tapped because Q2 


provides current gain, although the circuit 
is sometimes seen with C split, driving Q2 
from a tap. The position between the emit- 
ters offers a good, low-impedance envi- 
ronment to keep the crystal’s in-circuit Q 


high. R, in the emitter of Q1, is again se- · 


lected to give reliable oscillation. The cir- 
cuit has been shown with a capacitive load 
for the crystal, to suit a unit specified for 
a 30-pF load. An alternative circuitto give 
electrical fine tuning is also shown. The 


e 
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diodes across the tank act as limiters to 
stabilize the operating amplitude and limit 

` the power dissipated in the crystal by clip- 
ping the drive voltage to Q2. The tank 
should be adjusted to peak at the operating 
frequency, not used to trim the frequency. | 
The capacitance in series with the crystal : 
is the proper frequency trimmer. 

- The Butler circuit works well, and has 
been used in critical applications to 
140 MHz (seventh-overtone crystal, 
2N5179 transistor). Although the compo- 
nent count is high, the extra parts are cheap 
ones. Increasing the capacitance in series 
with the crystal reduces the oscillation fre- 
quency but has a progressively diminishing · 
effect. Decreasing the capacitance pulls the 
frequency higher, to a point at which oscil- 
lation stops; before this point is reached, 
start-up will become unreliable. The pos- 

‘sible amount of adjustment, called pulling 
range, depends on the crystal; it can range 
from less than ten to several hundred parts 
per million. Overtone crystals have much 
less pulling range than fundamental crystals 
on the same frequency; the reduction in pull- 
ing is roughly proportional to the square 
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of the overtone number. 


Low-Noise Crystal Oscillators 


Fig 14.24A shows a crystal operating 
in its series mode in a series-tuned 
Colpitts circuit. Because it does not in- 
clude an LC tank to prevent operation 
on unwanted modes, this circuit is in- 
tended for fundamental mode operation 
only and relies on that mode being the 
most active. If the crystal is ordered for 
30-pF loading, the frequency trimming 


30 pF 
Nominal 


capacitor can be adjusted to compensate 
for the loading of the capacitive divider 
of the Colpitts circuit. An unloaded 
crystal without a trimmer would oper- 
ate slightly off the exact series resonant 
frequency in order to create an induc- 
tive impedance to resonate with the di- 
vider capacitors. Ulrich Rohde, 
KA2WEU, in Fig 4-47 of his book Digi- 
tal PLL Frequency Synthesizers — 
Theory and Design, published an el- 
egant alternative method of extracting 
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Fig 14.24 — The crystal in the series-tuned Col 
low-noise version, which uses the crystal as a 


version by adding a common-base output amplifier and ALC loop. 
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an output signal from this type of cir- 
cuit, shown in Fig 14.24B. This taps off 
a signal from the current in the crystal 
itself. This can be thought of as using, 
the crystal as a band-pass filter for the 
oscillator output. The RF choke in the 
emitter keeps the emitter bias resistor 
from loading the tank and degrading the 
Q. In this case (3-MHz operation), it has 
been chosen to resonate close to 3 MHz 
with the parallel capacitor (510 pF) asa 
means of forcing operation on the 


7 0.1 uF 


2N2857 


470 Q 0.1 WF 


pitts oscillator at A operates in its series-resonant mode. B shows KA2WEU's 
filter and features high harmonic suppression. The circuit at C builds on the B 


wanted mode. The 10-0 resistor and the 
transformed load impedance will reduce 
the in-circuit Q of the crystal, so a fur- 
ther.development substituted a common 
base amplifier for the resistor and trans- 
former. This is shown in Fig 14.24C. 
The common-base amplifier is run at a 
large quiescent current to give a very 
low input impedance, its collector is 
tuned to give an output with low har- 
monic content, and an emitter follower 
is used to buffer this from the load. This 
oscillator sports a simple ALC system, 
in which the amplified and rectified sig- 
nal is used to reduce the bias voltage on 
the oscillator transistor’s base. This cir- 
cuit is described as achieving a phase 
noise level of 168 dBc/Hz a few kilo- 
hertz out from the carrier. This may 
seem far beyond what may ever be 
needed, but frequency multiplication to 
high frequencies, whether by classic 
multipliers or by frequency synthesiz- 
ers, multiplies the deviation of any FM/ 
PM sidebands as well as the carrier fre- 
quency. This means that phase noise 
worsens by 20 dB for each tenfold mul- 
tiplication of frequency. A clean crystal 
oscillator and a multiplier chain is still 
the best way of generating clean micro- 
wave signals for use with narrow-band 
modulation schemes. 

Ithas already been mentioned that over- 
tone crystals are much harder to pull than 
fundamental ones. This is another way of 
saying that overtone crystals are less in- 
fluenced by their surrounding circuit, 
which is helpful in a frequency standard 


oscillator like this one. Even though 5 . 


MHz is іп the main range of fundamental- 
mode crystals and this circuit will work 
well with them, an overtone crystal has 
, been used. To further help stability, the 
power dissipated in the crystal is kept to 
about 50 uW. The common-base stage is 
effectively driven from a higher imped- 
ance than its own input impedance, under 
which conditions it gives a very low noise 
figure. 


VXOs 


Some crystal oscillators have frequency 
trimmers. If the trimmer is replaced by a 
variable capacitor as a front-panel control, 
we have a variable crystal oscillator 
(VXO): a crystal-based VFO with a nar- 
row tuning range, but good stability and 
noise performance. VXOs are often used 
in small, simple QRP transmitters to tune 
a few kilohertz around common calling 
frequencies. Artful constructors, using op- 
timized circuits and components, have 
achieved 1000-ppm tuning ranges. Poor- 
quality "soft" crystals are more pullable 
Шап high-Q ones. Overtone crystals are 
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Fig 14.25 — A wide-range variable-crystal oscillator (VXO). 


os 


not suited to VXOs: For frequencies be- 
yond the usual limit for fundamental mode 
crystals, use a fundamental unit and fre- 
quency multipliers. Е 

ICOM апа Mizuho made some 2 т SSB 
transceivers based on multiplied VXO lo- 
cal oscillators. This system is simple and 
can yield better performance than many 
expensive synthesized radios. SSB filters 
are available at 9 or 10.7 MHz, to yield 
sufficient image rejection with a single 
conversion. Choice of VXO frequency 
depends on whether the LO is to be above 
or below signal frequency and how much 
multiplication can be tolerated. Below 
8 MHz multiplier filtering is difficult. 
Above 15 MHz, the tuning range per crys- 
tal narrows. A 50-200 kHz range per crys- 
tal should work with a modern front-end 
design feeding a good 9 MHz IF, for a con- 
test quality 2 m SSB Receiver. 

The circuit in Fig 14.25 is a JFET VXO 
from Wes Hayward, W7ZOI, and Doug 
DeMaw, WIFB, optimized for wide-range 
pulling. Published in Solid State Design 
for the Radio Amateur, many have been 
built and its ability to pull crystals as far as 
possible has-been proven. Ulrich Rohde, 
KA2WEU, has shown that the diode ar- 
rangement as used here to make signal-de- 
pendent negative bias for the gate confers 
a phase-noise disadvantage, but oscillators 
like this that pull crystals as far as possible 
need any available means to stabilize their 
amplitude and aid start-up. In this case, the 
noise penalty is worth paying. This circuit 
can achieve a 2000-ppm tuning range with 
amenable crystals. If you have some over- 
tone crystals in your junk box whose fun- 
damental frequency is close to the wanted 
value, they are worth trying. 


This sort of circuit doesn’t necessarily 
stop pulling at the extremes of the possible 
tuning range, sometimes the range is set 
by the onset of undesirable behavior such 
as jumping mode or simply stopping 
oscillating. L was a 16-uH slug-tuned in- 
ductor for 10-MHz operation. It is impor- 
tant to minimize the’ stray and inter- 
winding capacitance of L as this dilutes 
therange of impedance that is presented to 
the crystal. — | 

One trick that can be used to aid the 
pulling range of oscillators is to tune out 
the CO of the equivalent circuit with an 
added inductor. Fig 14.26 shows how. L 
is chosen to resonate with СО for the in- 
dividual crystal, turning it into a high 
impedance parallel-tuned circuit. The Q 
of this circuit is orders of magnitude less 
than the Q of the true series resonance 
of the crystal, so its tuning is much 
broader. The value of СО 15 usually just 
a few picofarads, so L has to be a fairly 
large value considering the frequency it 
is resonated at. This means that L has to 
have low stray capacitance or else it will 
self-resonate at a lower frequency. The 
tolerance on СО and the variations ofthe. 
stray C of the inductor means that indi- 
vidual adjust-ment is needed. This tech- 
nique can also work wonders in crystal 
ladder filters. 


Logic-Gate Crystal Oscillators 


A 180? phase-shift network and an in-  - 


verting amplifier can be used to make an 


oscillator. A single stage RC low-pass 


network cannot introduce more than 90? 
of phase shift and only approaches that as 
the signal becomes infinitely attenuated. . 
Two stages can only approach 180? and 


AC/RF Sources (Oscillators and Synthesizers) 14.27 


then have immense attenuation. It takes 
three stages to give 180° and not destroy 
the loop gain. Fig 14.27A shows the basic 
form of the phase shift oscillator; 
Fig 14.27B is an example the phase-shift 
oscillator as commonly used in commer- 
cial Amateur Radio transceivers as an 
audio sidetone oscillator. The frequency- 
determining network of an RC oscillator 
has a Q of less than one, which is a mas- 
sive disadvantage compared to an LC or 
crystal resonator. The Pierce crystal oscil- 
lator is a converted phase shift oscillator 
with the crystal taking the place of one 
series resistor, Fig 14.27C. At the exact 
series resonance, the crystal looks resis- 
tive, so by suitable choice of the capacitor 
values, the circuit can be made to oscil- 
late. The crystal has a far steeper phase/ 
frequency relationship than the rest of the 


Fundamental Crystal 


To Rest 
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Fig 14.26 — Using an inductor to “tune 
out“ CO can increase a crystal 
oscillator’s pulling range. 
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network, so the crystal is the dominant 
controller of the frequency. The Pierce 
circuit is rarely seen in this full form, in- 
stead, a cut-down version has become the 
most common circuit for crystal clock 
oscillators for digital systems. Fig 14.27D 
shows this minimalist Pierce, using a logic 
inverter as the amplifier. Къ, provides dc 
negative feedback to bias the gate into its 
linear region. At first sight it appears that 
this arrangement should not oscillate, but 
the crystal is a resonator (not a simple re- 
sistor) and oscillation occurs offset from 
the series resonance, where the crystal ap- 
pears inductive, which makes up the miss- 
ing phase shift. This is one circuit which 
cannot oscillate exactly on the crystal's 
series resonance. This circuit is included 
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in many microprocessors and other digital 
ICs that need a clock, it is also the usual 
circuit inside the miniature clock oscilla- 
tor cans. It is not a very reliable circuit, as 
operation is dependent on the crystal’s 
equivalent series resistance and the output 
impedance of the logic gate, occasionally 
the logic device or the crystal needs to be 
changed to start oscillation, sometimes 
playing with the capacitor values is neces- 
sary. It is doubtful whether these circuits 
are ever designed, values (the two capaci- 
tors) seem to be arrived at by experiment. 
Once going, the circuit is reliable, but its 
drift and noise are moderate, not good — 
acceptable for a clock oscillator. The com- 
mercial packaged oscillators are the same, 
but the manufacturers have handled the 
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Fig 14.27 — In a phase-shift oscillator (A) based on logic gates, a chain of RC 
networks — three or more — provide the feedback and phase shift necessary for 
oscillation, at the cost of low Q and considerable loop loss. Many commercial 
Amateur Radio transceivers have used a phase-lead oscillator similar to that 
shown at B as a sidetone generator. Replacing one of the resistors in A with a 
crystal produces a Pierce oscillator (C), a cut-down version of which (D) has 
become the most common clock oscillator configuration in digital systems. 


production foibles on a batch-by-batc 
basis. . | 


RC Oscillators 


Plenty of RC oscillators are capable of 
operating to several megahertz. Some of. 
these are really constant-current-into- 
capacitor circuits which are easier to make 
in silicon. Like the phase-shift oscillator 
above, the timing circuit Q is less than one, 
.giving very poor noise performance that’s 
unsuitable even to the least demanding 
radio application. One example is the os- 
cillator section .of the CD4046 phase- 
locked-loop IC. This oscillator has .poor 
stability over temperature, large batch-to- 
‘batch variation and a wide variation in its 
voltage-to-frequency relationship. Itis not 
recommended that this sort of oscillator is 
used at RF in radio systems. (The 24046 
phase detector section is very useful, how- 
ever, as we'll see later.) These oscillators 
are best suited to audio applications. . 


` УНЕ AND UHF OSCILLATORS 


A traditional way to make signals at 
higher frequencies is to make a signal at a 
lower frequency (where ‘oscillators are 


easier) and multiply it up to the wanted. 


range. Multipliers are still one of the 
easiest ways of making a clean UHF/ 
microwave signal. The design of a multi- 
plier depends on whether the multiplica- 
tion factor is an odd or even number. For 
odd multiplication, a Class-C biased am- 
plifier can be used to create a series of har- 
monics; a filter selects the one wanted. For 
even multiplication factors, a full-wave- 
rectifier arrangement of distorting devices 
'can be used to create a series of harmonics 
with strong even-order components, with 
a filter selecting the wanted component. 
At higher frequencies, diode-based pas- 
sive circuits are commonly used. Oscilla- 
tors using some of the LC circuits already 
described can be used in the VHF range, at 
UHF different approaches become neces- 
sary. | : 
Fig 14.28 shows a pair of oscillators 
based on a resonant length of line. The first 
one is a return to basics: a resonator, an 
amplifier and a pair of coupling loops. The 
amplifier can be a single bipolar or FET 
device, or one of the monolithic micro- 
wave integrated circuit (MMIC) amplifi- 
ers. The second circuit is really a Hartley, 
and one was made as a test oscillator for 
: the 70-cm band from a 10-cm length of 
wire suspended 10 mm over an unetched 
PC board as a ground plane, bent down 
and soldered at one end, a trimmer at the 
other end. The FET was a BF981 dual- 
‚ gate device used as a source follower. 
No free-running oscillator will be stable 
enough on these bands except for use with 


wideband FM or video modulation and 


AFC at the receiver. Oscillators in this 
range are almost invariably tuned with 
tuning diodes controlled by phase-locked- 
loop synthesizers, which are themselves 
controlled by a crystal oscillator. 

There is one UHF oscillator which is 
extremely common, yet rarely applied in- 
tentionally. The answer to this riddle is a 
configuration that is sometimes deliber- 
ately built as a useful wide-tuning oscilla- 
tor covering say, 500 MHz to 1 GHz — 


‘and is also the modus operandi of a very 


common form of spurious VHF/UHF os- 
cillation in circuitry intended to process 
lower-frequency signals! This oscillator 
has no generally accepted name. It relies 


on the creation of a small negative resis- : 


tance in series with a series resonant LC 
tank. Fig 14.29A shows the circuit in its 


simplest form. This circuit is well-suited ` 


toconstruction with printed-circuit induc- 
tors. Common FR4 glass-epoxy board is 
lossy at these frequencies; better perfor- 


` mance can be achieved by using the much. 


more expensive glass-Teflon board. If you 
cán get surplus offcuts of this type of 
material, it has many uses at UHF and 
microwave, but it is difficult to use, as the 
adhesion between the copper and the sub- 
strate can be poor. A high-UHF transistor 
with a 5-GHz fy like the BFR90 is suit- 
able; the base inductor can be 30 mm of 1- 
mm trace folded into a hairpin shape (in- 
ductance, less than 10 nH). Analyzing this 
circuit using a comprehensive model of 
the UHF transistor reveals that the emitter 
presents an impedance that is small, resis- 


tive and negative to the outside world. If ` 


this is large enough to more than cancel 
the effective series resistance of the emit- 
ter tank, oscillation will occur. Fig 14.29B 
shows a very basic einitter-follower cir- 
cuit with some capacitance to ground on 
both the input and output. If the capacitor 
shunting the input is a distance away from 
the transistor, the trace can look like an 
inductor — and small capacitors at audio 
and low RF can look like very good 
decouplers.at hundreds of MHz. The 
length to the capacitor shunting the output 


will behave as a series resonator at a fre- . 


quency where it is a !/4 wavelength long. 


This circuit is the same as in Fig 14.29A; 


it, too, can oscillate. The semiconductor 
manufacturers have steadily improved 
their small-signal transistors to give better 
gain and bandwidth so that any transistor 
circuit where all three. electrodes find 


themselves decoupled to ground at UHF 


may. oscillate at several hundred mega- 


hertz. The upshot of this is that there isno ` 


longer any branch of electronics where RF 
design and layout techniques can be safely 


ignored. A circuit must not just be de- 
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Fig 14.28 — Oscillators that use 
transmission-line segments as 
resonators. Such oscillators are more 
common than many of us may think, as · 
Fig 14.29 reveals. ' 
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Fig 14.29 — High device gain at UHF 
and resonances in circuit-board traces 


. can result in spurious oscillations even 


in non RF equipment. 
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Fig 14.30 — Evolution of the cavity 
resonator. 


oc 
Insulation 


bo 


Output Loop 
and Connector 


Negative— 
Resistance 
Region 


- 
c 
© 
: 
E 
3 

o 
© 

9 

2 

a 
c 
È 
3 

о 


Bias Voltage 
! 
Bias 
Voltage Point 


Fig 14.32 — A Gunn diode oscillator 
uses negative resistance and a cavity 
resonator to produce radio energy. 


signed to do what it should do, it must also 
be designed so that it cannot do what it 
should not do. 

There are three ways of taming such a 
circuit; adding a small resistor, perhaps 50 
to 100 Q in the collector lead, close to the 
transistor, or adding a similar resistor in 
the base lead, or by fitting a ferrite bead 
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Fig 14.31 — Currents and fields іп a 
cavity. 


over the base lead under the transistor. The 
resistors can disturb dc conditions, de- 
pending on the circuit and its operating 
currents. Ferrite beads have the advantage 
that they can be easily added to existing 
equipment and have no effect at dc and 
low frequencies. Beware of some electri- 
cally conductive ferrite materials that can 
short transistor leads. If an HF oscillator 
uses beads to prevent any risk of spurs (Fig 
14.16), the beads should be anchored with 
a spot of adhesive to prevent movement 
that can cause small frequency shifts. Fer- 
rite beads of Fair-Rite no. 43 material are 
especially suitable for this purpose; they 
are specified in terms of impedance, not 
inductance. Ferrites at frequencies above 
their normal usable range become very 
lossy and can make a lead look not induc- 
tive, but like a few tens of ohms, resistive. 


Microwave Oscillators 


Low-noise microwave signals are still 
best made by multiplying a very-low- 
noise HF crystal oscillator, but there are a 
number of oscillators that work directly at 
microwave frequencies. Such oscillators 
can be based on resonant lengths of 
stripline or microstrip, and are simply 
scaled-down versions of UHF oscillators, 
using microwave transistors and printed 
striplines on a low-loss substrate, like alu- 
mina. Techniques for printing metal traces 
on substrates to form filters, couplers, 
matching networks and so on, have been 
intensively developed over the past two 
decades. Much of the professional micro- 
wave community has moved away from 


waveguide and now uses low-loss coaxial 
cable with a solid-copper shield — semi- 
rigid cable — to connect circuits made flat 
on ceramic or Teflon based substrates. 
Semiconductors are often bonded on as 
unpackaged chips, with their bond-wire 
connections made directly to the traces on 
the substrate. At lower microwave fre- 
quencies, they may be used in standard 
surface-mount packages. From an Ama- 
teur Radio viewpoint, many of the pro- 
cesses involved are not feasible without 
access to specialized furnaces and materi- 
als. Using ordinary PC-board techniques 
with surface-mount components allows 
the construction of circuits up to 4 GHz 
or so. Above this, structures get smaller 
and accuracy becomes critical; also PC- 
board materials quickly become very 
lossy. 

Older than stripline techniques and far 
more amenable to home construction, 
cavity-based oscillators can give the high- 
est possible performance. The dielectric 
constant of the substrate causes stripline 
structures to be much smaller than they 
would be in free air, and the lowest-loss 
substrates tend to have very high dielec- 
tric constants. Air is a very low-loss 
dielectric with a dielectric constant of 1, 
so it gives high Q and does not force ex- 
cessive miniaturization. Fig 14.30 shows 
a series of structures used by G. R. Jessup, 
G6JP, to illustrate the evolution of a 
cavity from a tank made of lumped com- 
ponents. All cavities have a number of 
different modes of resonance, the orienta- 
tion of the currents and fields are shown in 
Fig 14.31. The cavity can take different 
shapes, but that shown has proven to well- 
suppress unwanted modes. The gap need 
not be central and is often right at the top. 
A screw can be fitted through the top, pro- 
truding into the gap, to adjust the fre- 
quency. 

To make an oscillator out of a cavity, an 
amplifier is needed. Gunn and tunnel di- 
odes have regions in their characteristics 
where their current falls with increasing 
bias voltage. This is negative resistance. If 
such a device is mounted in a loop in a 
cavity and bias applied, the negative resis- 
tance can more than cancel the effective 
loss resistance of the cavity, causing oscil- 
lation. These diodes are capable of operat- 
ing atextremely high frequencies and were 
discovered long before transistors were 
developed that had any gain at microwave 
frequencies. 

A Gunn-diode cavity oscillator is the 
basis of many of the Doppler-radar 
modules used to detect traffic or intruders. 
Fig 14.32 shows a common configuration. 
The coupling loop and coax output con- 
nector could be replaced with a simple 


aperture to couple into waveguide or a 
mixer cavity. Fig 14.33 shows a transistor 
cavity oscillator version using a modern 
microwave transistor. FET or bipolar de- 
vices can be used. The two coupling loops 
are completed by the capacitance of the 
feedthroughs. 

The dielectric-resonator oscillator 
(DRO) may soon become the most com- 
mon microwave oscillator of all, as it is 
used in the downconverter of satellite 


TV receivers. The dielectric resonator it- : 


self is a ceramic cylinder, like a minia- 
ture hockey puck, several millimeters in 
diameter. The ceramic has a very high 
dielectric constant, so the surface (where 
ceramic meets air in an abrupt mis- 
match) reflects electromagnetic waves and 
makes the ceramic body act as a resonant 
cavity. It is mounted on a substrate and 
coupled to the active device of the oscilla- 
tor by a stripline which runs past it. At 
10 GHz, a FET made of gallium arsenide 
(GaAsFET), rather than silicon, is nor- 
mally used. The dielectric resonator ele- 
ments are made at frequencies appropriate 
to mass applications like satellite TV. The 
set-up charge to manufacture small quan- 
tities at special frequencies is likely to be 
prohibitive for the foreseeable future. The 
challenge with these devices is to devise 
new ways of using oscillators on industry 

' standard frequencies. Their chief attrac- 
tion is their low cost in large quantities 
and compatibility with microwave 
stripline (microstrip) techniques. Fre- 
quency stability and Q are competitive 
with good cavities, but are inferior to that 
‘achievable with a crystal oscillator and 
chain of frequency multipliers. Satellite 
TV downconverters need free running 
oscillators with less than 1 MHz of drift at 
10 GHz. 

There are a number of thermionic 
(vacuum-tube) microwave sources, 
klystrons, magnetrons and backwards 
wave oscillators (BWOs), but available 
devices are either very old or designed 
for very high power. 

The yttrium-iron garnet (YIG) oscilla- 

' tor was developed for a wide tuning range 
as a solid-state replacement for the BWO, 
and many of them can be tuned over more 
than an octave. They are complete, pack- 
` aged units that appear to be a heavy block 
of metal with low-frequency connections 


for power supplies and tuning, and an . 


SMA connector for the RF output. The 
manufacturer's label usually states the 
tuning range and often the power supply 
voltages. This is very helpful because, 
with new units priced in the kilodollar 
range, it is important to be able to identify 
surplus units. The majority of YIGs are in 
the 2- to 18-GHz region, although units 


down to 500 MHz and up to 40 GHz are 
occasionally found. In this part of the spec- 
trum there is no octave-tunable device that 
can equal their cleanliness and stability. A 
3-GHz unit drifting less than 1 kHz per 
second gives an idea of typical stability. 


. This seems very poor — until we realize 


that this is 0.33 ppm per second. Never- 
theless, any YIG application involving 
narrow-band modulation will usually re- 
quire some form of frequency stabilizer. 

Good quality, but elderly, RF spectrum 
analyzers have found their way into the 


"workshops of a number of dedicated con- 


structors. A 0- to 1500-MHz analyzer usu- 
ally uses a 2- to 3.5-GHz YIG as its first 
local oscillator, and its tuning circuits are 
designed around it. A reasonable under- 


. standing of YIG oscillators will help in 


troubleshooting and repair. | 

YIG spheres are resonant at a frequency 
controlled not only by their physical dimen- 
sions, but also by any applied magnetic field. 


‚ А YIG sphere is carefully oriented within a 
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coupling loop connected to a negative-resis- ` 
tance device and the whole assembly is 
placed between the poles of an electromag- 
net. Negative-resistance diodes have been 
used, but transistor circuits are now com- 
mon. The support for the YIG sphere often 
contains a thermostatically controlled heater 
to reduce temperature sensitivity. 
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Fig 14.33 — A transistor can also 
directly excite a cavity resonator. 
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Fig 14.34 — А yttrium-iron-garnet (YIG) sphere serves as the resonator in the 
sweep oscillators used in many spectrum analyzers. 
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The first problem with a magnetically 
tuned oscillator is that magnetic fields, 
especially at low frequencies, are ex- 
tremely difficult to shield; the tuning will 
be influenced by any local fields. Varying 
fields will cause frequency modulation. 
The magnetic core must be carefully de- 
signed to be all-enclosing in an attempt 
at self-shielding and then one or more 
nested mu-metal cans are fitted around 


everything. It is still important to site the . 


unit away from obvious sources of mag- 
netic noise, like power transformers. 
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Cooling fans are less obvious sources of 
fluctuating magnetic fields, yet some are 
20 dB worse than a well designed 200-W 
50/60-Hz transformer. 

The second problem is that the 
oscillator's internal tuning coils need sig- 


` nificant current from the power supply to 
create strong fields. This can be eased by © 


adding a permanent magnet as a fixed 
*bias" field, but the bias will shift as the 
magnet ages. The only solution is to have 


а coil with many turns, but high induc- 


tance, which will require a high supply 


voltage to permit rapid tuning, thus in- 
creasing the power consumption. The 
usual compromise is to have dual coils: 
One with many turns allows slow tuning 
over a wide range; a second with much 
fewer turns allows fast tuning or FM over 
a limited range. The main coil can have a 
sensitivity in the 20 MHz/mA range; and 
the “FM” coil, perhaps 500 kHz/mA. The 
frequency/current relationship can have 
excellent inearity. Fig 14.34 shows the 
construction of a YIG oscillator. 


Frequency Synthesizers 


Narrow-band modes on HF and all 
modes on VHF upwards, place difficult to 
impossible demands on VFO stability and 
setting accuracy. (Wideband modes, such 
as WBFM, ATV and higher-speed date, 
may not.) Some radios are only required to 
tune to a few channels, and an obvious 

` solution is to use switched crystals. This 
means a pair of crystals for each channel, 


because the transmitter and receiver usu- . 


ally need separate LOs to create the IF off- 


set needed even for simplex operation. . 


This approach soon becomes unaccept- 
ably expensive and large as the number of 
channels is increased; also, there is labor 
involved in periodically checking and ad- 
justing each channel individually. Com- 
mercial designers were desperate for any 
way of reducing the size of crystal bank 
needed. One way, once commonly used in 
aircraft radios, was to have a 
multisuperhet, with a switched group of 
crystals for each LO. The last LO would 


have crystal frequencies chosen to give ` 


steps equal to the required channel spac- 
ing, the next earlier LO would have its 
crystal frequencies chosen to give steps 
‘equal to the range of the last LO + 1 chan- 
nel and so on. 

If a step-tuned MF/HF SSB/CW radio 
must sound as if it tunes as continuously 
as an LC VFO, a 10-Hz step size is needed. 
For general coverage, close to a 30-MHz 
LO tuning range is needed, giving a total 
of 3 million channels. We handle this with 
a first LO with 3 crystals at 10- MHz incre- 


10 Oscillators 


ments, a second LO with 10 crystals at 
1 MHz increments, a third LO with 10 
crystals at 100-kHz increments and so on 
to a seventh LO with 10 crystals at 10-Hz 


increments. Sixty-three crystals are a big 


improvement over three million, but are 
still too many, and seven frequency con- 
versions are also excessive. Using a VXO 
for fine tuning could eliminate the 10- and 
100-Hz stages, but would still leave a total 
of 43 crystals. 

A way was invented of having only one 
crystal bank and reusing it for successive 
stages. Additionally, the frequency-gen- 
eration system was divorced from the re- 
ceiver structure. Fig 14.35 shows whathas 
become known as a direct synthesizer. 
This has been greatly oversimplified to 
show just the general principle. In many 
designs, two stages of mixing were used in 
place of each mixer shown. 

The first divide-by-10 reduces the in- 
crement size from the first switch tenfold. 
After the second divider, the influence of 
the first switch has been reduced one hun- 
dredfold and that of the second switch, 


tenfold. Notice how the structure has re-. 


peated cells, although the last cell has no 
divider. -Careful choice of frequencies 
makes the cells, even the filters, absolutely 
identical. To get finer output step size, 
usually called finer resolution, just add 
more cells in the chain. This was revolu- 
tionary because it allows the generation of 
as many steps or channels as could be 
wanted from 11 crystal oscillators. (It is 


not necessary to use a decimal structure 
with 10 components; other numerical 
bases can be used, although reducing the 
number of components will require more 
cells for the same number of possible out- 
put channels.) 

The disadvantage is that this method 
requires excellent shielding, for each cell 
operates in roughly the same frequency 
range, and any signal leaking between 
cells can reach the output as a spurious 
signal. Not only must shielding be used to 
prevent coupling by radiation, but power 
buses must be well-filtered as they enter 


‘each cell, and (less obviously) isolation 


amplifiers are necessary to prevent signals 
leaking between cells along the compo- 
nent frequency buses. These early fre- 
quency synthesizers could change fre- 
quency extremely rapidly if diode RF 
switches were used to select components 
and could be extended to microwave fre- 


‚ quencies. 


Phase-Locked Loops 


A totally different approach, based on 
phase-locked loops, long ago came to 
dominate frequency synthesis. Tt is still 
dominant today, although it is now often 
combined with other techniques to form 
hybrids. 

The principle of the phase-locked loop 
(PLL) synthesizer is very simple indeed. 
An oscillator can be built to cover the re- 
quired frequency range, so what is needed 
is a system to keep its tuning correct. This 
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Fig 14.35 — Direct frequency synthesis involves mixing two or more signal sources together to produce sums and 
differences at desired output frequencies. Great elaboration (and, with it, great likelihood of spurious outputs) is necessary 
to achieve fine tuning steps. This direct synthesizer is simplified to emphasize the principles involved. 
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Fig 14.36 — A basic phase-locked-loop (PLL) synthesizer acts to keep the divided- 
down signal from its voltage-controlled oscillator (VCO) phase-locked to the 
divided-down signal from its reference oscillator. Fine tuning steps are therefore 
possible without the complication of direct synthesis. 


is done by continuously comparing the 
phase of the oscillator to a stable refer- 
ence, such as a crystal oscillator and using 
the result to steer the tuning. If the oscil- 
lator frequency is too high, the phase of its 
output will start to lead that of the refer- 
ence by an increasing amount, which is 
detected and used to decrease the fre- 
quency of the oscillator. Too low a fre- 
quency causes an increasing phase lag, 
which is detected and used to increase the 
frequency of the oscillator. In this way, 
the oscillator is locked into a fixed phase 
relationship with the reference, which 
means that their frequencies are held ex- 
actly equal. 

The oscillator is now under control, but 
is locked to a fixed frequency. Fig 14.36 
shows the next step. The phase detector 
does not simply compare the oscillator 
frequency with the reference oscillator; 
both signals have now been passed 
through frequency dividers. Advances in 
digital integrated circuits have made fre- 
quency dividers, up to low microwave fre- 
quencies, commonplace. The divider on 
the reference path has a fixed division fac- 
tor, but that in the VCO path is program- 
mable, the factor being entered digitally 
as a (usually) binary word. The phase de- 
tector is now operating at a lower fre- 
quency, which is a submultiple of both the 
reference and output frequencies. 

The phase detector, via the loop ampli- 
fier, steers the oscillator to keep both its 
inputs equal in frequency. The reference 
frequency, divided by M, is equal to the 
output frequency divided by N. The out- 
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put frequency equals the reference fre- 
quency xN/M. N is programmable (and an 
integer), so this synthesizer is capable of 
tuning in steps of Fe M. 

As an example, to make a 2-m radio 
covering 144 to 148 MHz, having a 
10.7-MHz IF, we need a local oscillator 
covering 154.7-158.7 MHz. If the channel 
spacing is 20 kHz, then F,,/M is 20 kHz, 
so N is 7735 to 7935. There is a free choice 
of Fr or M, but division by a round binary 
number is easiest. Crystals are readily 
available for 10.24 MHz, and one of these 
(divided by 512) will give 20 kHz at low 
cost. (ICs are readily available containing 
most of the circuitry necessary for the ref- 
erence oscillator — less the crystal — the 
programmable divider and the phase de- 
tector.) 

The phase detector in this example com- 
pares the relative timing of 5-V pulses 
(CMOS logic level) at 20 kHz. Inevitably, 
the phase detector output will contain 
strong components at 20 kHz and its har- 
monics in addition to the wanted "steer- 
ing" signal. The loop filter must block 
these unwanted signals; otherwise the loop 
amplifier will amplify them and apply 
them to the VCO, generating unwanted 
FM. No filtering can be perfect and the 
VCO is very sensitive, so most synthesiz- 
ers have measurable sidebands spaced at 
the phase detector operating frequency 
(and harmonics) away from the carrier. 
These are called reference-frequency 
sidebands. (Exactly which is the reference 
frequency is ambiguous: Do we mean the 
frequency of the reference oscillator, or 


the frequency applied to the reference in- 
put of the phase detector? You must look 
carefully at context whenever reference 
frequency is mentioned.) 

The loop filter is not usually built as a 
single block of circuitry, it is often made 
up of three areas: some components di- 
rectly after the phase detector, a shaped 
frequency response in the loop amplifier 
and some more components between the 
loop amplifier and the VCO. 

The PLL is like a feedback amplifier, 
although the "signal" around its loop is 
represented by frequency in some places, 
by phase in others and by voltage in 
others. Like any feedback amplifier, there 
is the risk of instability and oscillations 
traveling around the loop, which can be 
seen as massive FM on the output and a 
strong ac signal on the tuning line to the 
VCO. The loop's filtering and gain has to 
be designed to prevent this. Good design 
makes allowance for component variation 
and the variation in a VCO's sensitivity 
across its tuning range, as well as from 
unit to unit — and then leaves plenty of 
safety margin! 

Like any feedback amplifier, the PLL 
has a frequency response and gain. The 
following example illustrates: Imagine 
that we shift the reference oscillator 1 Hz. 
The reference applied to the phase detec- 
tor would shift 1/M Hz, and the loop would 
respond by shifting the output frequency 
to produce a matching shift at the other 
phase detector port, so the output is shifted 
by N/M Hz. Imagine now that we apply a 
very small amount of FM to the reference 
oscillator. The amount of deviation will 
be amplified by N/M — but this is only 
true for low modulating frequencies. If the 
modulating frequency is increased, even- 
tually the loop filter starts to reduce the 
gain around the loop, the loop ceases to 
track the modulation and the deviation at 
the output falls. This is referred to as the 
closed-loop frequency response or closed- 
loop bandwidth. Poorly designed loops 
can have poor closed-loop responses, for 
example, the gain can have large peaks 
above N/M at some reference modulation 
frequencies, indicating marginal stability 
and excessively amplifying any noise at 
those offsets from the carrier. The design 
of the loop filtering and the gain around 
the loop sets the closed-loop performance. 

In a single-loop synthesizer, there is a 
trade-off between how fine the step size 
can be versus the performance of the loop. 
A loop with a very fine step size runs the 
phase detector at a very low frequency, so 
the loop bandwidth has to be kept very, 
very low to keep the reference-frequency 
sidebands low. Also, the reference oscil- 
lator usually has much better phase-noise 


performance than the VCO, and (within 
the loop bandwidth) the loop acts to op- 
pose the low-frequency components of the 
VCO phase-noise sidebands. This very 
useful cleanup activity is lost when loops 
have to be narrowed in bandwidth to allow 
narrow steps. Low-bandwidth loops are 
slow to respond — they exhibit overly 
long settling times — to the changes in N 


necessary to change channels. Absolutely. 


everything seems to become impossible in 
any attempt to get fine resolution from a 
phase-locked loop. | 

Single-loop synthesizers are okay for 
the 2-m FM example for a number of rea- 
sons: Channel spacings in this band are 
not too small, FM is not as critical of phase 
noise as other modes, 2-m FM is rarely 
used for weak-signal DXing and the 
channelization involved does away with 
the desirability of simulating fast, smooth, 
‘continuous tuning. None of these excuses 
apply to MF/HF radios, however, and 
ways to cifcumvent the problems are 
needed. 

A clue was given earlier, by carefully 
referring to single-loop synthesizers. It’s 
possible to use several PLLs as compo- 
nents in a larger structure, dividing the 
frequency of one loop and adding it to the 
frequency of another that has not been 
divided. This represents a form of hybrid 
between the old direct synthesizer and the 
PLL. A form of PLL containing a mixer in 
place of the programmable divider can be 
used to perform the frequency addition. 


Voltage-Controlled Oscillators 


Voltage-controlled oscillators are com- 
monly merely referred to as VCOs. (Volt- 
age-tuned oscillator, УТО, more accu- 
rately describes the circuitry most 
commonly used in VCOs, but tradition is 
tradition! An exception to this is the YIG 
oscillator, sometimes used in UHF and 
microwave PLLs, which is current-tuned.) 
In ali the oscillators described so far, ex- 
cept for permeability tuning, the fre- 
quency is controlled or trimmed by a vari- 
able capacitor. These are modified for 
voltage tuning by using a tuning diode. 

When a normal silicon diode is reverse- 
biased, the mobile charge carriers are 
stripped out of a zone either side of the 
junction. This is called the depletion re- 
gion (Fig 14.37); lacking any movable 
charges, it is a good insulator. The two 
outer regions have plenty of charge carri- 
ers, so are good conductors, and are con- 
nected to the diode's leads. This insulator 
surrounded by conductors is the classic 
recipe for a capacitor. If the reverse bias 
voltage is increased, the depletion region 
widens, reducing the capacitance. The 
capacitance depends on the cross-sec- 
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Fig 14.37 — Modern VCOs use the voltage-variable characteristic of diode PN 


junctions for tuning. 


‘tional area of the diode, the dielectric con- 


stant of depleted silicon and the width of 
the depletion region (in just the same way 
as for a normal capacitor). The width of 
the depletion region depends on the dop- 
ing profile of the semiconductor and the 
bias voltage. All semiconductor diodes do 
this. Common smail-signal and power di- 
odes can be used, but their capacitance 
range is small, as is true of any junction of 
a bipolar transistor or JFET. Deliberately 
made tuning diodes are carefully designed 
to give much higher capacitance ranges. 
These diodes go by a wide range of names: 
Varactors, Varicaps, Epicaps, tuning di- 
odes, voltage-variable capacitors. 

This effect is fast enough so that when 
a signal voltage exists across the diode, 
superimposed on the bias voltage, the ca- 


pacitance varies following the instanta- . 
neous total voltage. This'is the basis of the : 


old tuning-diode frequency multipliers 
(once used to convert the output of a 2-m 
transmitter to a 70-cm band) and for 
parametric amplifiers. These applications 
are rare, however. Modulation of a diode's 
capacitance by the signal is usually a nui- 
sance, distorting the signal and creating 
harmonics. This means that oscillators 
tuned by diodes can have significantly 
more harmonic content than those using 
normal capacitors, especially when run at 
high levels, as is often done to get best 


‘noise performance. (The collector-base 


junction of a transistor is a reverse-biased 


- diode and also exhibits signal-dependent 


capacitance. The effect of this capaci- 
tance, including signal-dependent varia- 


. tion, is multiplied by the Miller effect and 


can cause rising distortion àt increasing 
frequency in an amplifier. 

Tuning diodes cannot rival the Q of 
normal fixed and variable capacitors, and 


` their О degrades rapidly at the low volt- 


age/high capacitance end of their range. In 


ordinary LC oscillators it is normal for the 
capacitors to have a Q an order of magni- 
tude greater than the inductor, making coil 
losses the dominant limitation. Tuning- 
diode Q, however, is comparable with that 
of the inductor, and care is therefore 
needed to choose the most suitable diodes 
and operate them in bias regions that af- 
ford favorable Q across the capacitance 
range needed. The. capacitance-voltage 
curve becomes much steeper in the low 
bias/high capacitance region, and the tun- 
ing characteristic of oscillators will be- 
come very nonlinear at the low-frequency 
end of the range. It is a good idea to avoid 
running tuning diodes below about 2 V of 
reverse bias. 

When choosing a diode, read its data 
sheet carefully. Often, capacitance ratios 
over 10:1 are proclaimed, but achieving 
the low-capacitance end of a given such 
range usually requires a higher-voltage 
bias supply than are often available. For a 
high-performance synthesizer, it is worth 
adding a higher-voltage power supply to 
run varactors in their best regions, possi- 
bly using parallel connected diodes to 
make up for the reduction in diode capaci- 
tance at higher reverse voltages. 

Fig 14.38 shows a VCO used in the 


‘PLL frequency summer later in this chap- 
` ter. This is a robust circuit, rather than an 
: attempt at the ultimate in low-noise de- 
` sign, but it illustrates a few useful tricks. 


Instead of a single tuning diode, a cath- 
ode-to-cathode pair are used. The signal 
voltage increases the bias on one diode 
while it decreases that on the other. This 
gives a partial cancellation of the nonlin- 


` ear effects on the signal, giving lower har- 


monic content from the oscillator. This is 
a very common arrangement, and dual di- 
odes like that used here are becoming 
popular. The inductor helpfully provides a 
dc ground path for the anode of the top 
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viders is good. For ultra-low-noise divid- 
ers, ECL devices are sometimes used. 

A programmable divider (Fig 14.39A) 
consists of a loadable counter and some 
control circuitry. The counter is designed 
to count downward. The programmed di- 
vision factor is loaded into the counter, 
and the incoming frequency clocks the 
downward counting. When the count 
reaches zero, the counter is quickly re- 
loaded with the division factor before the 
next clock edge. The maximum frequency 
of operation is limited by the minimum 
time needed to reliably perform the load- 
ing operation. One improvementis to have 
a circuit to recognize a state a few clock 
cycles before the zero count is reached, so 
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Fig 14.38 — A practical VCO. The tuning diodes are halves of a BB204 dual, 
common-cathode tuning diode (capacitance per section at 3 V, 39 pF) or 
equivalent. The ECG617, NTE617 and MV104 are suitable dual-diode substitutes, 
or use pairs of 1N5451s (39 pF at 4 V) or MV2109s (33 pF at 4 V). 


diode, so only one resistor is needed to 
apply the tuning bias. (In high-perfor- 
mance, low noise synthesizers, it is nor- 
mal to use an RF choke as the bias feed, to 
avoid modulating the oscillator with the 
noise generated in the high-value resis- 
tor.) The tuning range is small, 30.0 to 30.5 
MHz, so the tuning diodes constitute only 
a part of the capacitance across the coil; 
therestisin the form of high-Q fixed com- 
ponents. This limits the reduction of tank 
Q due to tuning-diode losses. When this 
oscillator is used in a PLL, the PLL ad- 
justs the tuning voltage to completely can- 
cel any drift in the oscillator (provided it 
does not drift further than it can be tuned) 
regardless of its cause, so no special care 
is needed to compensate a PLL VCO for 
temperature effects. Adjusting the induc- 
tor core will not change the frequency; the 
PLL will adjust the tuning voltage to hold 
the oscillator on frequency. This adjust- 
ment is important, though. It's set so that 
the tuning voltage neither gets too close to 
the maximum available, nor too low for 
acceptable Q, as the PLL is tuned across 
its full range. 

In a high-performance, low-noise 
synthesizer, the VCO may be replaced 
by a bank of switched VCOs, each cov- 
ering a section of the total range needed, 
each VCO having better Q and lower 
noise because the lossy diodes consti- 
tute only a smaller part of the total tank 
capacity than they would in a single, 
full-range oscillator. Another method 
uses tuning diodes for only part of the 
tuning range and switches in other ca- 
pacitors (or inductor taps) to extend the 
range. The performance of wide-range 
VCOs can be improved by using a large 
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number of varactors in parallel in a 
high-C, low-L tank. 


Programmable Dividers 


Designing your own programmable 
divider is now a thing of the past, as com- 
plete systems have been made as single 
ICs for over 10 years. The only remaining 
reason to do so is when an ultra-low-noise 
synthesizer is being designed. 

It may seem strange to think of a digital 
counter as a source of random noise, but 
digital circuits have propagation delays 
caused by analog effects, such as the 
charging of stray capacitances. Digital cir- 
cuits are composed of the same sorts of 
components as analog circuits; there are 
no such things as digital and analog elec- 
trons! Signals are made of voltages and 
currents. The prime difference between 
analog and digital electronics lies in the 
different ways meaning is assigned to the 
magnitude of a signal. The differences in 
circuit design are consequences of this, 
not causes. 

Thermal noise in the components of a 
digital circuit, added to the signal voltage 
will slightly change the times at which 
thresholds are crossed. As a result, the 
output of a digital circuit will have picked 
up some timing jitter. Jitter in one or both 
of the signals applied to a phase detector 
can be viewed as low-level random phase 
modulation. Within the loop bandwidth, 
the phase detector steers the VCO so as to 
oppose and cancel it, so phase jitter or 
noise is applied to the VCO in order to 
cancel out the jitter added by the divider. 
This makes the VCO noisier. The noise 
performance of the high-speed CMOS 
logic normally used in programmable di- 


the reload can be performed at a more lei- 
surely pace during those cycles. This im- 
poses a minimum division ratio, but that is 
rarely a problem. An output pulse is given 
during the loading cycle. In this way a fre- 
quency is divided by the number loaded. 

The maximum input frequency that can 
be handled is set by the speed of available 
logic. The synchronous reset cycle forces 
the entire divider to be made of equally 
fast logic. Just adding a fast prescaler — 
a fixed-ratio divider ahead of the program- 
mable one — will increase the maximum 
frequency that can be used, but it also 
scales up the loop step size. Equal division 
has to be added to the reference input of 
the phase detector to restore the step size, 
reducing the phase detector's operating 
frequency. The loop bandwidth has to be 
reduced to restore the filtering needed to 
suppress reference frequency sidebands. 
This makes the loop much slower to 
change frequency and degrades the noise 
performance. 


Dual-Modulus Prescalers 


A plain programmable divider for VHF 
use would need to be built from ECL de- 
vices. It would be expensive, hot and 
power-hungry. The idea of a fast front end 
ahead of a CMOS programmable divider 
would be perfect if these problems could 
be circumvented. Consider a fast divide- 
by-ten prescaler ahead of a programmable 
divider where division by 947 is required. 
If the main divider is set to divide by 94, 
the overall division ratio is 940. The 
prescaler goes through its cycle 94 times 
and the main divider goes through its cycle 
once, for every output pulse. If the 
prescaler is changed to divide by 11 for 
7 of its cycles for every cycle of the entire 
divider system, the overall division ratio 
is now [(7 x 11) + (87 x 10)] = 947. At the 
cost of a more elaborate prescaler and the 
addition of a slower programmable 
counter to control it, this prescaler does 
not multiply the step size and avoids all 


the problems of fixed prescaling. Fig 
14.39B shows the general block diagram 
of a dual-modulus prescaled divider. The 
down-counter controls the modulus of the 
prescaler. The numerical example, just 
given, used decimal arithmetic, although 
binary is now usual. Each cycle of the 
system begins with the last output pulse 
having loaded the frequency control word, 
into both the main divider and the 
prescaler controller. If the part of the word 
loaded into the prescaler controller is not 
zero, the prescaler is set to divide by 1 
greater than its normal ratio. Each cycle of 
the prescaler clocks the down-counter. 
Eventually, itreaches zero, and two things 
happen: The counter is designed to freeze 
at zero (and it will remain frozen until it is 
next reloaded) and the prescaler is 
switched back to its normal ratio, at which 
it will remain until the next reload. One 
way of visualizing this is to think of the 
prescaler as just being a divider of its nor- 
mal ratio, but with the ability to “steal” a 
number of input pulses controlled by the 
data loaded into its companion down 
counter. Note that a dual-modulus 
prescaler system has a minimum division 
ratio, needed to ensure there are enough 
cycles of the prescaler to allow enough 
input pulses to be stolen. 

Dual-modulus prescaler ICs are widely 
used and widely available. Devices for use 
to afew hundred megahertz are cheap, and 
devices in the 2-GHz region are becoming 
available, although fixed prescaling has 
been more common at such frequencies. 
Common prescaler IC division ratio pairs 
are: 8-9, 10-11, 16-17, 32-33, 64-65 and 
soon. Many ICs containing programmable 
dividers are available in versions with and 
without built-in prescaler controllers. 


Phase Detectors 


A phase detector (PSD) produces an 
output voltage that depends on the phase 
relationship between its two input signals. 
If two signals, in phase on exactly the same 
frequency, are mixed together in a con- 
ventional diode-ring mixer with a dc- 
coupled output port, one of the products is 
direct current (0 Hertz). If the phase rela- 
tionship between the signals changes, the 
mixer's dc output voltage changes. With 
both signals in phase, the output is at its 
most positive; with the signals 180? out of 
phase, the output is at its most negative. 


Fig 14.39 — Mechanism of a Э 
programmable frequency divider (А). В 
shows the function of a dual-modulus 
prescaler. The counter Is reloaded with 
N when the count reaches 0 or 1, 
depending on the sequencer action. 
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Fig 14.40 — Simple phase detectors: a mixer (A), a sampler (B) and an exclusive- 


or gate (C). 


When the phase difference is 90? (the sig- 
nals are said to be in quadrature), the out- 
put is 0 V. 

Applying sinusoidal signals to a phase 
detector causes the detector's output volt- 
age to vary sinusoidally with phase angle, 
as in Fig 14.40A. This nonlinearity is not 
a problem, as the loop is usually arranged 
to run with phase differences close to 90°. 
What might seem to be a more serious 
complication is that the detector's phase- 
voltage characteristic repeats every 180°, 
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not 360°. Two possible input phase differ- 
ences can therefore produce a given out- 
put voltage. This turns out notto be a prob- 
lem, because the two identical voltage 
points lie on opposing slopes on the 
detector's output-voltage curve. One di- 
rection of slope gives positive feedback 
(making the loop unstable and driving the 
VCO away from what otherwise would be 
the lock angle) over to the other slope, to 
the true and stable lock condition. 
MD108, SBL-1 and other diode mixers 


can be used as phase detectors, as can ac- 
tive mixers like the MC1496. Mixer manu- 
facturers make some parts (Mini-Circuits 
RPD-1 and so on) that are specially opti- 
mized for phase-detector service. All these 
devices can make excellent, low-noise 
phase detectors but are not commonly used 
in ham equipment. A high-speed sample- 
and-hold circuit, based on a Schottky- 
diode bridge, can form a very low-noise 
phase detector and is sometimes used in 
specialized instruments. This is just a vari- 
ant on the basic mixer; it produces a simi- 
lar result, as shown in Fig 14.40B. 

The most commonly used simple phase 
detector is just a single exclusive-OR 
(XOR) logic gate. This circuit gives a logic 
1 output only when one of its inputs is at 
logic 1; if both inputs are the same, the 
output is a logic 0. If inputs A and B in Fig 
14.40C are almost in phase, the output will 
be low most of the time, and its average 
filtered value will be close to the logic 0 
level. If A and B are almost in opposite 
phase, the output will be high most of the 
time, and its average voltage will be close 
to logic 1. This circuit is very similar to 
the mixer. In fact, the internal circuit of 
ECL XOR gates is the same transistor tree 
as found in the MC1496 and similar mix- 
ers, with some added level shifting. Like 
the other simple phase detectors, it pro- 
duces a cyclic output, but because of the 
square-wave input signals, produces a tri- 
angular output signal. To achieve this 
circuit’s full output-voltage range, it’s 
important that the reference and VCO sig- 
nals applied operate at a 50% duty cycle. 


Phase-Frequency Detectors 


All the simple phase detectors described 
so far are really specialized mixers. If the 
loop is out of lock and the VCO is far off 
frequency, such phase detectors give a 
high-frequency output midway between 
zero and maximum. This provides no in- 
formation to steer the VCO towards lock, 
so the loop remains unlocked. Various 
solutions to this problem, such as crude 
relaxation oscillators that start up to sweep 
the VCO tuning until lock is acquired, or 
laboriously adjusted “pretune” systems in 
which a DAC, driven from the divider 
control data, is used to coarse tune the 
VCO to within locking range, have been 
used in the past. Many of these solutions 
have been superseded, although pretune 
systems are still used in synthesizers that 
must change frequency very rapidly. 

The phase-frequency detector is the 
usual solution to lock-acquisition prob- 
lems. It behaves like a simple phase detec- 
tor over an extended phase range, but its 
characteristic is not repetitive. Because 
its output voltage stays high or low, de- 


„pending on which input is higher in fre- 
.quency, this PSD can steer a loop towards 
lock from anywhere in its tuning range. 
Fig 14.41 shows the internal logic of the 
phase-frequency detector in the CD4046 
PLL chip. (The CD4046 also contains an 
XOR PSD). When the phase of one input 
leads that of the other, one of the output 
MOSFETS is pulsed on with a duty cycle 
proportional to the phase difference. 
Which MOSFET receives drive depends 


on which input is leading. If both inputs . 


are in phase, the output will include small 
pulses due to noise, but their effects on the 
average output voltage will cancel. If one 
signal is at a higher frequency than the 
other, its phase will lead by an increasing 
amount, and the detector's output will be 

. held close to either Vpp or ground, de- 
pending on which input signal is higher in 
frequency. To get a usable voltage output, 
the MOSFET outputs can be terminated in 
a high-value resistor to Vpp/2, but the 
CD4046's output stage was really de- 
signed to drive current pulses into a ca- 
pacitive load, with pulses of one polarity 
charging the capacitor and pulses of the 
other discharging it; the capacitor inte- 
grates the pulses. 

Simple phase detectors are normally 
used to lock their inputs in quadrature, but 
phase-frequency detectors are used to lock 
their input signals in phase. 

. Traditional textbooks and logic-design 
courses give extensive coverage to avoid- 
ing race hazards caused by near-simulta- 
neous signals racing through parallel paths 
in a structure to control a single output. 
Avoiding such situations is important in 
many circuits because the outcome is 
strongly dependent on slight differences 
in gate speed. The phase-frequency detec- 
tor is the one circuit whose entire function 

` depends on its built-in ability to make both 
its inputs race. Consequently, it's not easy 
to home-brew a phase-frequency detector 
from ordinary logic parts, but fortunately 
they are available in IC form, usually com- 
bined with other functions. The MC4044 
is an old stand-alone TTL phase-fre- 
quency detector; the MC12040 is an ECL 
derivative. CMOS versions can be found 
in the CD4046 PLL chip and in almost all 
current divider-PLL synthesizer chips. 

The race-hazard tendency does cause 
one problem in phase-frequency detectors: 

-A device’s delays and noise, rather than 
its input signals, control its phase-voltage 
characteristic in the zero-phase-difference 
region. This degrades the loop's noise per- 
formance and makes its phase-to-voltage 
coefficient uncertain and variable in a 
small region unfortunately, the 
detector's normal operating range! It's 
therefore normal to bias operation slightly 
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Fig 14.41 — Input signals very far off frequency can confuse a simple phase- 
detector; a phase-frequency detector solves this problem. 


away from exact phase equality to avoid 
this problem. 


PLL Synthesizer ICs 


Simple PLL ICs have been available 
since the early 1970s, but most of these © 
contain a crude low-Q VCO and a phase 
detector. They were intended for general 
use as tone detectors and demodulators, 
not as major elements in communication- 
quality frequency synthesizers. One de- 


. vice well worth noting in this group, how- 


ever, is the CD4046, which contains a 
VCO and a pair of phase detectors. The 
CD4046's VCO is useless for our pur- 
poses, but its phase-frequency detector is 
quite good. Better yet, the CD4046 is a 
low-cost part and one of the cheapest ways 
of getting a good phase-frequency detec- 
tor. Its VCO-disable pin is a definite de- 
sign plus. Later CD4046 derivatives, е. 
74HC4046 (CMOS input levels) and 
74HCT4046 (TTL compatible input lev- 
els) are usable to much higher frequencies 
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and seem to be more robust, but note that 
these versions are for 45 V supplies only, 
whereas the original CD4046 can be used 
up to 15 V. 

More complex ICs specifically intended 
for frequency synthesizers have since ap- 
peared. They normally contain a program- 
mable divider, a phase-frequency detector 
and a reference divider that usually allows 
a small choice of division ratios. Usually, 
the buffer amplifier on these parts' refer- 
ence input is arranged so that it can be used 
as part of a simple crystal oscillator. This 
is adequate for modest frequency accu- 
racy, butan independent TCXO or OCXO 
is better. 

Outside of Japanese equipment, 
Motorola’s range of CMOS synthesizer 
ICs seem by far the most widely used. The 
MC145151 brings all of its division-con- 
trol bits out to individual pins and needs 
no sequencing for control. It is the best 
choice if only a few output frequencies are 
needed, because they can be programmed 
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via a diode matrix. The MC145151’s di- 
vide-by-N range is 3 to 16383, controlled 
by a 14-bit in binary format; the reference 
can be divided by 8, 128, 256, 512, 1024, 
2048, 2410 and 8192. It’s possible to op- 
erate the MC145151 to 30 MHz, and its 
phase-frequency detector is similar to that 
in the CD4046, lacking the MOSFET 
“Tri-State” output, but with the added 
benefit of a lock-detector output. The 
MC145152 is a variant that includes con- 
trol circuitry for an external dual-modulus 
prescaler. The choice of external prescaler 
sets the maximum operating frequency, as 
well as maximum and minimum division 
ratios. For some unknown reason, the ref- 
erence division choices differ from those 
of the MC145151: 8, 64, 128, 256, 512, 
1024, 1160 and 2048. There is also a Tri- 
State phase-frequency detector output. 

The MC145146 is simply an MC145152 
with its control data formatted as a 4-bit 
bus writing to eight addresses. This 
reduces the number of pins required and 
allows more data to be input, so the refer- 
ence divider is fully programmable from 
3 to 4095. 


Closing the Loop 


The design of a PLL's loop amplifier 
and loop filtering are inextricably linked. 
The first task is to recognize the system as 
a feedback loop and take action to ensure 
that the loop is stable. The second task is 
to produce a closed-loop characteristic 
that best suits the application. 

Phase-locked loops have acquired an 
evil reputation with radio amateurs be- 
cause some PLL designers are more care- 
fulthan others. A number of commercially 
made radios have included poorly de- 
signed synthesizers that produced exces- 
sive noise sidebands, or wouldn't lock 
reliably. Some irreproducible designs 
have been published for home construc- 
tion that could not be made to work. Many 
experimenters have sweated over an un- 
stable loop desperately trying anything to 
get it to lock stably. So the PLL has earned 
its shady reputation. Because of all of this 
aversion therapy, very few amateurs are 
now prepared to attempt to build a PLL. 

Note carefully that we are designing a 
loop. AM oscillators are loops, and any 
loop will oscillate when certain conditions 
are met. Look at the RC phase shift oscil- 
lator from which the “Pierce” crystal 
oscillator is derived (Fig 14.27A). Our 
PLL is a loop, containing an amplifier and 
anumber of RC sections. It has all the parts 
needed to make an oscillator. If a loop is 
unstable and oscillates, there will be an 
oscillatory voltage superimposed on the 
VCO tuning voltage. This will produce 
massive unwanted FM on the output of the 
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PLL. This is absolutely undesirable, but 
PLLs have become notorious for the diffi- 
culty of fixing their instability problems. 

Good loops can be designed. Trial and 
error, intuitive component choice, or “re- 
using” a loop amplifier design from a dif- 
ferent synthesizer, will lead to a very low 
probability of success. We must resort to 
mathematics and take a custom approach 
to each new loop design. 

Before you turn to a less demanding 
chapter, consider this: It’s one of Nature’s 
jokes that easy procedures often hide be- 
hind a terror-inducing facade. The math 
you need to design a good PLL may look 
weird when you see it for the first time and 
seem to involve some obviously impos- 
sible concepts, but it ends in a very simple 
procedure that allows you to calculate the 
response and stability of a loop. Profes- 
sional designers must handle these things 
daily, and because they like differential 
equations no more than anyone else does, 
they use a graphical method to generate 
PLL designs. (We'll leave proofs in the 
textbooks, where they belong! Inciden- 
tally, if you can get the math required for 
PLL design under control, as a free gift 
you will also be ready to do modern filter 
synthesis and design beam antennas, since 
the math they require is essentially the 
same.) 

The easy solutions to PLL problems can 
only be performed during the design 
phase. We must deliberately design loops 
with sufficient stability safety margins so 
that all forseeable variations in component 
tolerances, from part-to-part, over tem- 
perature and across the tuning range, can- 
nottake the loop anywhere near the thresh- 
old of oscillation. More than this, it is 
important to have a large stability margin 
because loops with lesser margins will 
exhibit amplified phase-noise sidebands, 
and that is another notorious PLL problem 
that can be designed out. 

Back at the beginning of the chapter, 
near Fig 14.4, the criterion for stability/ 
oscillation of a loop was mentioned: 
Barkhausen's criterion for oscillation or 
Nyquist's stability criterion. This time 
Harry Nyquist is our hero. 

A PLL is a negative feedback system, 
with the feedback opposing the input, this 
opposition or inversion around the loop 
amounts to a 180? phase shift. This is the 
frequency-independent phase shift round 
the loop, but there are also frequency- 
dependent shifts that will add in. These 
will inevitably give an increasing, lagging 
phase with increasing frequency. Eventu- 
ally an extra 180? phase shift will have 
occurred, giving a total of 360? around the 
loop at some frequency. We are in trouble 
if the gain around the loop has not dropped 


below unity (0 dB) by this frequency. 

Note that we are not concerned only 
with the loop operating frequency. Con- 
sider a 30-MHz low-pass filter passing a 
21-MHz signal. Just because there is no 
signal at 30 MHz, our filter is no less a 
30-MHz circuit. Here we use the concept 
of frequency to describe "what would 
happen if a signal was applied at that fre- 
quency." 

The next sections show how to calcu- 
late the gain and phase response around a 
loop. They also give a reliable recipe for a 
loop with sufficient stability margin to be 
dependable. Note that it does not matter if 
the phase goes very close to the limit at 
lower frequencies (itis the crossover point 
that counts) and that the recipe loop de- 
sign brings the phase back to 30 to 45? of 
safety margin before the loop gain passes 
unity. Let's define some terms first: 


Poles and Zeros 


We all think of frequency as stretching 
from zero to infinity, but let's imagine that 
additional numbers could be used. This is 
pure imagination — we can't make sig- 
nals at complex values (with real and 
imaginary components) of hertz — but if 
we try using complex numbers for fre- 
quency, some "impossible" things happen. 
For example, take a simple RC low-pass 
network shown in Fig 14.42. The fre- 
quency response of such a network is well- 
known, but its phase response is not so 
well-known. The equation shown for the 
transfer function, the "gain" of this simple 
circuit, is pretty standard, although the j is 
included to make it complete and accu- 
rately describe the output in phase as well 
as magnitude (j is an impossible number, 
the square root of —1, usually called an 
imaginary number and used to represent a 
90? phase shift). 

Although the equation shown in 
Fig 14.42 was constructed to show the be- 
havior of the circuit at real-world frequen- 
cies, there is nothing to stop us from using 
itto explore how the circuit would behave 
atimpossible frequencies, just out of curi- 
osity. At one such frequency, the circuit 
goes crazy. At f = -j2nRC, the denomina- 
tor of the equation is zero, and the gain is 
infinite! Infinite gain is a pretty amazing 
thing to achieve with a passive circuit — 
but because this can only happen at an im- 
possible frequency, it cannot happen in the 
real world. This frequency is equal to the 
network’s —3 dB frequency multiplied by 
j; it is called a pole. Other circuits, which 
produce real amplitude responses that start 
to rise with frequency, act similarly, but 
their crazy effect is called a zero — an 
imaginary frequency at which gain goes to 
zero. The frequency of a circuit’s zero is 


again j times its 3-dB frequency.(+3 dB in 
this case). 


These things are clearly impossible, but - 


we can map all the poles and zeros of a com- 
plex circuit and look at the patterns to deter- 
mine if the circuit possesses unwanted gain 


and/or phase bumps across a frequency. . 


range of interest. Poles are associated with 
3-dB roll-off frequencies and 45? phase lags, 


zeros are associated with 3-dB “roll-up” fre- 


quencies and 45? phase leads. We can plot 
the poles and zeros on a two-dimensional 
chart of real and imaginary frequency. (The 
names of this chart and its axes are results of 
its origins in Laplace transforms, which we 


don't need to touch in this discussion.) The _ 


traditional names for the axes are used, but 
` we can add labels with clearer meanings. 
What is a Pole? — A polé is associated 
with a bend in a frequency response plot 
where àttenuation with increasing fre- 
quency increases by 6 dB per octave 
(20 dB per decade; an octave is a.2:1 fre- 
,quency ratio, а decade i isa 10:1 frequency 
. ratio). 


There are four ways to m the ex- 


istence and frequency of a pole: 
1. A downward bend in a gain vs fre- 
. quency plot, the pole is at the —3 dB point 
for a single pole. If the bend is more than 
6 dB/octave, there must be multiple poles 
at this frequency. 
`, 2. A90? change in a phase vs насу 
plot, where lag increases with frequency. 


The pole is at the poirit of 45° added lag. . 
Multiple poles will. add their lags, as. 


` above. 


3. On a circuit disita: a single vols 


looks like a simple RC low-pass filter. The 
‘pole is at the.—3 dB frequency (1/(2mRC) 
Hz) Any other circuit that gives the same 
response will реше а pole at the same 
frequency. 

4. In an equation for the transfer func- 


tion of а circuit, a pole is a theoretical ' 


value of frequency, which would make the 
~ equation predict infinite gain. This is 
clearly impossible, but as the value of fre- 
quency will either be absolute zero, or will 
have an imaginary component, it is impos- 


sible to make a signal at a pole frequency. . 


What is a Zero? — A zero is the 


complement of a pole. Each zero is asso- . 


ciated with an upward bend of 6 dB per 
octave in a gain vs frequency plot. The 


‚ Zero is at the +3 dB point. Each zero іѕ · 


associated with a transition on a phase- 
vs-frequency.;plot that reduces the lag by 
‚ 90°. The zero is at the 45° point.of this 
S-shaped transition. | 

‘In math, it is a frequency at which (ће 
transfer-function equation of a circuit pre- 
dicts zero gain. This is not impossible in 
real life (unlike the pole), so zeros can be 


found at real-number frequencies as well , 
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Fig 14.42 — A simple RC filter is a “pole.” 


“as complex- number frequencies. : 

On a circuit diagram, a pure zero would ` 
need gain that increases with frequency 
forevermore above the zero frequency. 
This implies active circuitry that would 
inevitably run out of gain at some fre- 
quency, which implies one or more poles 
up there. In real-world circuits, Zeros are 
usually not found making gain go up, but 


rather in conjunction with a pole, giving a ` 


gain slope between two frequencies and 
flat gain beyond them. Real-world zeros 
are only found chaperoned by a greater or 
equal number of poles. 

Consider a classic RC high-pass filter. 
The gain increases at 6 dB per octave from 
0 Hz (so there must be a zero at 0 Hz) and 


then levels off at 1/(2nRC) Hz. This level- ' 


-ing off is really a pole, it adds a 6 dB per 
- octave roll off to cancel ше roll-up of the 
zero. 
Poles and Zeros in the Loop Ampli- , 
fier — The loop-amplifier circuit used in 
the example loop has a blocking capacitor 
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in its feedback path. This means there is 
no dc feedback. At higher frequencies the 
reactance of this capacitor falls, increas- 
ing the feedback and so reducing the gain. 
This is an integrator. The gain is immense 
at 0 Hz (dc) and falls at 6 dB per octave. 
This points to a pole at O Hz. This is true 


whatever the value of the series resistance. - 
feeding the signal into the amplifier in- 


verting input and whatever the value of 
the feedback capacitor. The values of these 
components scale the gain rather than 


.shape' it. The shape of the integrator gain 


is fixed at —6 dB per octave, but these com- 
ponents allow us to move it to achieve 


some wanted gain at some Naro fre- 


quency. 

At high frequencies, the feedback ca- 
pacitor in an ordinary integrator will have 
very low reactance, giving the circuit very 
low gain. In our loop amplifier, there isa _ 
resistor in series with the capacitor. This 
limits how low the gain can go, in other 
words the integrator’s downward (with 
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Fig 14.43 — A common loop-amplifier/filter arrangement. 
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Fig 14.44 — Loop-amplifier detail. 


increasing frequency) slope is leveled off. 
This resistor and capacitor make a zero, 
and its +6 dB per octave slope cancels the 
—6 dB per octave slope created by the pole 
at 0 Hz. 


Recipe for A PLL Pole-Zero Diagram 


We can choose a well-tried loop-ampli- 
fier circuit and calculate values for its 
components to make it suit our loop. Fig 
14.43 shows a common synthesizer loop 
arrangement. The op amp operates as an 
integrator, with R2 added to level off its 
falling gain. An integrator converts a dc 
voltage at its input to a ramping voltage at 
its output. Greater input voltages yield 
faster ramps. Reversing the input polarity 
reverses the direction of the ramp. 

The system's phase-frequency detector 
(connected to work in the right sense) 
steers the integrator to ramp in the direc- 
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Fig 14.45 — The loop's resulting pole- 
zero "constellation." 


tion that tunes the VCO toward lock. As 
the VCO approaches lock, the phase de- 
tector reduces the drive to the integrator, 
and the ramping output slows and settles 
on the right voltage to give the exact, 
locked output frequency. Once lock is 
achieved, the phase detector outputs short 
pulses that “nudge” the integrator to keep 
the divided VCO frequency exactly locked 
in phase with the reference. Now we'll 
take a look around the entire loop and find 
the poles and zeros of the circuits. 

The integrator produces a —20 dB per 
decade roll off from 0 Hz, so it has a pole 
at 0 Hz. It also includes R2 to cancel this 
slope, which is the same as adding arising 
slope that exactly offsets the falling one. 
This implies а zero at f = 1/(2nC1R2) Hz, 
as Fig 14.44 shows. R3 and C2 make an- 
other pole at f= 1/(2xC2R3) Hz. А VCO 
usually includes a series resistor that con- 
veys the control voltage to the tuning di- 
ode, which also is loaded by various ca- 
pacitors. This creates another pole. 

The VCO generates frequency, while 
the phase detector responds to phase. 
Phase is the integral of frequency, so to- 


gether they act as another integrator and 
add another pole at 0 Hz. 

What About the Frequency Divider? — 
The frequency divider is like a simple at- 
tenuator in its effect on loop response. 

Imagine a signal generator that is 
switched between 10 and 11 MHz on alter- 
nate Tuesdays. Imagine that we divide its 
output by 10. The output of the divider 
will change between 1 and 1.1 MHz, still 
on alternate Tuesdays. The divider divides 
the deviation of the frequency (or phase) 
modulated signal, but it cannot affect the 
modulating frequency. 

A possible test signal passing around the 
example loop is in the form of frequency 
modulation as it passes through the di- 
vider, so it is simply attenuated. A divide 
by N circuit will give 20 log;o(N) dB of 
attenuation (reduction of loop gain). This 
completes the loop. We can plot all this 
information on one s-plane, Fig 14.45, a 
plot sometimes referred to as a PLL 
system's pole-zero constellation. 


Open-Loop Gain and Phase 


Just putting together the characteristics 
of the blocks around the loop, without al- 
lowing for the loop itself, gives us the 
system's open-loop characteristic, which 
is all we really need. 

What Is Stability? — Here “open-loop 
response” means the gain around the loop 
that would be experienced by a signal at 
some frequency if*such a signal were in- 
serted. We do not insert such signals in the 
actual circuit, but the concept of frequency 
dependent gain is still valid. We need to 
ensure that there is insufficient gain, at all 
frequencies, to ensure that the loop cannot 
create a signal and begin oscillating. More 
than this, we want a good safety margin to 
allow for component variations and be- 
cause loops that are close to instability 
perform poorly. 

The loop gain and phase are doing inter- 
esting things on our plots at frequencies in 
the AF part of the spectrum. This does not 
mean that there is visible operation at 
those frequencies. Imagine a bad, unstable 
loop. It will have a little too much loop 
gain at some frequency, and unavoidable 
noise will build up until a strong signal is 
created. The amplitude will increase until 
nonlinearities limit it. A 'scope view of 
the tuning voltage input to the VCO will 
show a big signal, often in the hertz to tens 
of kilohertz region, often large enough to 
drive the loop amplifier to the limits of its 
output swing, close to its supply voltages. 
As this big signal is applied to the tuning 
voltage input to the VCO, it will modulate 
the VCO frequency across a wide range. 
The output will look like that of a sweep 
generator on a spectrum analyzer. What is 


wrong? How can we fix this loop? Well, 
‚ the problem may be excessive loop gain, 
or improper loop time constants. Rather 
than work directly with the loop time con- 
:stants, itis far easier to work with the pole 
and zero frequencies of the loop response. 
It's just a different view of the same things. 

Now imagine a good, stable loop, with 
an adequate stability safety margin. There 
will be some activity around the loop: the 
PSD (phase detector) will demodulate the 
‘phase noise of the VCO and feed the de- 
modulated noise through the loop ampli- 
fier in such a way as to cancel the phase 
noise. This is how a good PLL should give 
less phase noise than the VCO alone would 
suggest. In a good loop, this noise will be 
such a small voltage that a ’scope will not 
show it. In fact, connecting test equipment 
in an attempt to measure it can usually add 
more noise than is there. 

Finally, imagine a poor loop that is only 
just stable. With an inadequate safety 
margin, the action will be like that of a О 
multiplier or a regenerative receiver close 
to the point of oscillation: There will be an 
amplified noise peak at some frequency. 
This spoils the effect of the phase detector 
trying to combat the VCO phase noise and 
gives the opposite effect. The output spec- 
trum will show prominent bumps of exag- 
gerated phase noise, as the excess noise 
frequency modulates the VCO. 

Now, let's use the pole-zero diagram as a 
. graphic tool to find the system operi-loop 
' gain and phase. As we do so, we need to keep 


in mind that the frequency we have been . 


discussing in designing a loop response is 
the frequency of a theoretical test signal 
passing around the loop. In a real PLL, the 
loop signal exists in two forms: as sinusoidal 
voltage between the output of the phase de- 
tector and the input of the VCO, and as a 
sinusoidal modulation of the VCO fre- 
quency in the remainder of the loop. 

With our loop's pole-zero diagram in 
hand, we can pick a frequency at which we 
‘want to know the system's open-loop gain 
and phase. We plot this value on the 
graph's vertical (Real Frequency) axis and 
draw lines between it and each of the poles 
andzeros, as shown in Fig 14.46. Next, we 
measure the lengths of the lines and the 
“angles of elevation" of the lines. The loop 
gain is proportional to the product of the 
lengths of all the lines to zeros divided by 
the product of all the lengths of the lines to 
the poles. The phase shift around the loop 
(lagging phase equates to a positive phase 
‘shift) is equal to the sum of the pole angles 
minus the sum of the zero angles. We can 
repeat this calculation for a number of dif- 
ferent frequencies and draw graphs of the 
loop gain and phase versus frequency. 


` АП the lines to poles and zeros are hy- 


potenuses of right triangles, so we can use 


Pythagoras's rule and the tangents of 
angles to eliminate the need for scale 
drawings. Much tedious calculation is in- 
volved because we need to repeat the 
whole business for each point on our open- 
loop response plots. This much tedious 
calculation is an ideal application for a 
computer. 

The procedure we've followed so far 
gives only proportional changes in loop 
gain, so we need to calculate the loop 
gain's absolute value at some (chosen to 
be easy) frequency and then relate every- 
thing to this. Let's choose 1 Hz as our ref- 
erence. (Note that it's usual to express 
angles in radians, not degrees, in these 
calculations and that this normally renders 
frequency in peculiar units of radians per 
second. We can keep frequencies in hertz 
if we remember to include factors of 27 
in the right places. A frequency of 1 Hz = 
2п radians/second, because 2m radians = 
360°.) ` 


We must then calculate the loop’s pro- 


portional gain at 1 Hz from the pole-zero 
diagram, so that the constant of proportion 
can be found. For starters; we need a rea- 
sonable estimate of the VCO’s voltage-to- 
frequency gain — how much it changes 
frequency per unit change of tuning volt- 
age. As we are primarily interested in sta- 
bility, we can just take this number as the 
slope, in Hertz per volt, at the steepest part 
of voltage-vs-frequency tuning character- 
istic, which is usually atthe low-frequency 
end of the VCO tuning range. (You can 
characterize a VCO's voltage-versus-fre- 
quency gain by varying the bias on its tun- 
ing diode with an adjustable power supply 
and measuring its tuning characteristic 


Ls and $5 are for a zero; the rest ore · 
to poles, so gain is proportional to 
L5 
Ly x L2 x L3 x L4 


and phase log is tos 
Ф + do + [ES $,- $5 


with a voltmeter and frequency counter.) 

The loop divide-by-N stage divides our 
theoretical modulation — the tuning cor- 
rections provided through the phase de- 
tector, loop amplifier and the VCO tuning 
diode — by its programmed ratio. The 
worst case for stability occurs at the 
divider's lowest N value, where the 
divider's "attenuation" is least. The 
divider's voltage-vs-frequency gain is 
therefore 1/N, which, in decibels, equates 
to -20 log(N). 

The change from frequency to phase has 
a voltage gain of one at the frequency of 1 
radian/second — 1/(2m), which equates to 
—-16 dB, at 1 Hz. The phase detector will 
have a specified "gain" in volts per radian. 
To finish off, we then calculate the gain of 
the loop amplifier, including its feedback 
network, at 1 Hz. 

There is no need even to draw the pole- 
zero diagram. Fig 14.47 gives the equa: 
tions needed to compute the gain and 
phase of asystem with up to four poles and 
one zero. They can be extended to more 
singularities and put into a simple com- 
puter program. Alternatively, you can type 
them into your favorite spreadsheet and 
get printed plots. The computational 
power needed is trivial, and a listing to run 
these equations on a Hewlett-Packard 
HP11C (or similar pocket calculator, us- 
ing RPN) is available from ARRL HQ for 
an SASE. (Contact the Technical Depart- 
ment Secretary and ask for the 1995 
Handbook PLL design program.) 

Fig 14.48 shows the sort of gain- and 
phase-versus-frequency plots obtained 
from a "recipe" loop design. We want to 
know where the loop's phase shift equals, 
or becomes more negative than, -180?. 
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Fig 14.46 — Calculating loop gain and phase characteristics from a pole-zero 


diagram. 
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Fig 14.48 — An open-loop gain/phase 
plot. 


Added to the —180? shift inherent in the 
loop's feedback (the polarity of which 
must be negative to ensure that the phase 
detector drives the VCO toward lock in- 
stead of away from it), this will be the point 
at which the loop itself oscillates — if any 
loop gain remains at this point. The game 
is to position the poles and zero, and set 
the unit frequency gain, so that the loop 
gain falls to below 0 dB before the —180? 
line is crossed. 

At the low-frequency end of the 
Fig 14.48 plots, the two poles have had 
their effect, so the gain falls at 40 dB/de- 
cade, and the phase remains just infini- 
tesimally on the safe side of —180?. The 
next influence is the zero, which throttles 
the gain's fall back to 20 dB/decade and 
peels the phase line away from the —180? 
line. The zero would eventually bring the 
phase back to 90? of lag, but the next pole 
bends it back before that and returns the 
gain slope back to a fall of 20 dB/decade. 
The last pole, that attributable to the VCO, 
pushes the phase over the -180? line. 

It's essential that there not be a pole 
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between the 0-Hz pair and the zero, or else 
the phase will cross the line early. In this 
example, the R3-C2 pole and the zero do 
all the work in setting this critical portion 
of the loop's response. Their frequency 
spacing should create a phase bump of 30 
to 45°, and their particular frequency po- 
sitions are constrained as a compromise 
between sufficient loop bandwidth and 
sufficient suppression of reference-fre- 
quency sidebands. We know the frequency 
of the loop amplifier zero (that contrib- 
uted by R1 and C1), so all we need to do 
now is design the loop amplifier to exhibit 
a frequency response such that the open- 
loop gain passes through 0 dB at a fre- 
quency close to that of the phase-plot 
bump. 

This loop-design description may have 
been hard to follow, but a loop amplifier 
can be designed in under 30 minutes with 
a pocket calculator and a little practice. 
The high output impedance of commonly 
used CMOS phase detectors favors loop 
amplifiers based on FET-input op amps 
and allows the use of high-impedance RC 
networks (large capacitors can therefore 
be avoided in their design). LF356 and 
TL071 op amps have proven successful in 
loop-amplifier service and have noise 
characteristics suited to this environment. 

To sum up, the recipe gives a proven 
pole zero pattern (listed in order of in- 
creasing frequency): 

1. Two poles at 0 Hz (one is the integra- 
tor, the other is implicit in all PLs) 

2. A zero controlled by the RC series in 
the loop amplifier feedback path. 

3. A simple RC low-pass pole 

4. A second RC low-pass pole formed 
by the resistor driving the capacitive load 
of the tuning voltage inputs of the VCO 

To design a loop: Design the VCO, di- 
vider, PSD and find their coefficients to 
get the loop gain at unit frequency (1 Hz), 
then, keeping the poles and zeros in the 
above order, move them about until you 
get the same 45° phase bump at a fre- 
quency close to your desired bandwidth. 
Work out how much loop-amplifier unit- 


. 


frequency gain is needed to shift the gain- 
vs-frequency plot so that 0-dB loop gain 
occurs at the center of the phase bump. 
Then calculate R and C values to position 
the poles and zero and the feedback-RC 
values to get the required loop amplifier 
gain at 1 Hz. 

To Cheat — You can scale the example 
loop to other frequencies: Just take the 
reactance values at the zero and pole fre- 
quencies and use them to scale the compo- 
nents, you get the nice phase plot bump at 
a scaled frequency. Even so, you still must 
do the loop-gain design. 

Don't forget to do this for your lowest 
division factor, as this is usually the least 
stable condition because there is less at- 
tenuation. Also, VCOs are usually most 
sensitive at the low end of their tuning 
range. 


Noise in Phase-Locked Loops 


Differences in Q usually make the 
phase-noise sidebands of a loop's refer- 
ence oscillator much smaller than those of 
the VCO. Within its loop bandwidth, a 
PLL acts to correct the phase-noise com- 
ponents of its VCO and impose those of 
the reference. Dividing the reference os- 
cillator to produce the reference signal 
applied to the phase detector also divides 
the deviation of the reference oscillator's 
phase-noise sidebands, translating to a 
20-dB reduction in phase noise per decade 
of division, a factor of 20 log(M) dB, 
where M is the reference divisor. Offset- 
ting this, within its loop bandwidth the 
PLL acts as a frequency multiplier, and 
this multiplies the deviation, again by 
20 dB per decade, a factor of 20 log(N) dB, 
where N is the loop divider's divisor. 
Overall, the reference sidebands are in- 
creased by 20 log (N/M) dB. Noise in the 
dividers is, in effect, present at the phase 
detector input, and so is increased by 20 
log (N) dB. Similarly, op-amp noise can 
be calculated into an equivalent phase 
value at the input to the phase detector, 
and this can be increased by 20 log(N) to 
arrive at the effect it has on the output. 


Phase noise can be introduced into a 
PLL by other means. Any amplifier stages 
between the VCO and the circuits that fol- 
low it (such as the loop divider) will con- 
tribute some noise as will microphonic 
effects in loop- and reference-filter com- 
ponents (such as those due to the piezo- 
electric properties of ceramic capacitors 
and the crystal filters sometimes used for 
reference-oscillator filtering). Noise on 
the power supply to the system’s active 
components can modulate the loop. The 
fundamental and harmonics of the 
system’s ac line supply can be coupled into 
the VCO directly or by means of ground 
loops. 

Fig 14.49 shows the general shape of 
the PLL’s phase noise output. The dashed 
curve shows the VCO’s noise performance 
when unlocked; the solid curve shows how 
much locking the VCO to a cleaner refer- 
ence improves its noise performance. The 
two noise bumps are a classic characteris- 
tic of a phase-locked loop. If the loop is 
poorly designed and has a low stability 
margin, the bumps may be exaggerated — 
a sign of noise amplification due to an 
overly peaky loop response. 

Exaggerated noise bumps can also oc- 
cur if the loop bandwidth is less than op- 
timum. Increasing the loop bandwidth in 
such a case would widen the band over 
which the PLL acts, allowing it to do a 
better job of purifying the VCO — but this 
might cause other problems ina loop that’s 
deliberately bandwidth-limited for better 
suppression of reference-frequency side- 
bands. Immense loop bandwidth is not 
desirable, either: Farther away from the 
carrier, the VCO may be so quiet on its 
own that widening the loop would make it 
worse. 


Multiloop Synthesizers 


The trade-off between small step size 
(resolution) and all other PLL perfor- 
mance parameters has already been men- 
tioned. The multiloop synthesizer, a direct 
synthesizer constructed from two or more 
PLL synthesizers, is one way to break 
away from this trade-off. Fig 14.50, the 
block diagram of a five-loop synthesizer, 
reflects the complexity found in some pro- 
fessional receivers. All of its synthesis 
loops run with a 100-kHz step size, which 
allows about a 10-kHz loop bandwidth. 
Such a system’s noise performance, set- 
tling time after a frequency change and 
reference-sideband suppression can all be 
very good. 

Cost concerns generally render such 
elaboration beyond reach for consumer- 
grade equipment, so various cut-down 
versions, all of which involve trade-offs 
in performance, have been used. For ex- 
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Fig 14.49 — A PLL's open- and closed-loop phase-noise characteristics. The 
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Fig 14.50 — A five-loop synthesizer. 


ample, a three-loop machine can be made 
by replacing the lower three loops with a 
single loop that operates with a 1-kHz step 
size and accepting the slower frequency 
stepping determined by the narrow loop 
bandwidth this involves. 


A Summing-Loop Synthesizer 


Radio amateurs have tended to refer 
only to relatively modern radio gear as 
"synthesized," but any means of generat- 
ing a frequency by adding and/or subtract- 
ing the frequencies of two or more signal 
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sources also qualifies as frequency syn- 
thesis. It's therefore true to say that radio 
amateurs have used frequency-synthe- 
sized equipment for decades, with the syn- 
thesizer — in radios such as the R. L. 
Drake 4-line (in which the technique was 
termed premixing) — usually taking the 
form of a mixer, a crystal oscillator (one 
crystal per band segment) and a bank of 
switched filters. 

Hams who build their own equipment 
have also successfully used this form of 
frequency synthesis. Among them, Ian 
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Fig 14.51 — In a summing-loop synthesizer, a mixer takes the place of the divider. 
The drawing diagrams a design by G3ROO and GM4ZNX that uses a 5- to 5.5-MHz 
VFO and crystal oscillators to provide LO signals appropriate for ham-band 
operation from 1.8 through 29.7 MHz with a 9-MHz IF. 


Keyser, G3ROO, has designed and built 
several entire, multimode transceivers for 
the HF bands, of which many copies have 
been built. All have been based on the 
proven formula of a 9-MHz IF and a 5- to 
5.5-MHz VFO upconverted to the proper 
LO frequency (desired signal + 9 MHz) by 
signals from a bank of switched crystal 
oscillators. 

Misadjusting the nontrivial post-mixer 
filtering in such systems can cause spuri- 
ous signals and out-of-band operation, and 
few home equipment builders have the 
test equipment necessary to adjust such 
filters easily and surely. G3ROO there- 
fore decided to try summing loop synthe- 
sis, the means taken in a number of popu- 
lar commercial ham transceivers from the 
mid- 1970s to mid-1980s, in his latest 
transceiver as a means of avoiding these 
difficulties. 

A summing-loop synthesizer uses a 
mixer instead of a programmable divider, 
producing its output frequency by adding 
(or subtracting) the frequency of a high- 
stability HF VFO, which may be a VXO, 
VFO or PLL-synthesized, to (from) the 
frequency of a crystal oscillator. A circuit 
designed by G3ROO and GM4ZNX does 
this job in the latest G3ROO transceiver. 
Fig 14.51 shows its block diagram 

This loop can be easily aligned with just 
a DMM. In an attempt to counter the bad 
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reputation of PLLs, it has been designed to 
have very dependable stability. Although 
it does not attempt to set a record for low 
phase noise, it is a circuit designed to be 
robust, easy to set up and to build the con- 
fidence of constructors venturing into a 
new area. The circuit (Fig 14.52) was first 
published in the G QRP Club's journal, 
SPRAT (No. 70, Spring 1992). Atleast 10 
successful copies, all trouble-free, were 
built before the Radio Society of Great 
Britain's Radio Communication carried a 
construction article about it in December 
1993. This loop was originally used to 
combine a 5- to 5.5-MHz VFO with the 
output from one of a bank of crystal oscil- 
lators. Suitable crystal oscillators and 
VFOs can be found earlier in this chapter. 
With a coil change, the G3PDM VFO (Fig 
14.15) can be used to cover 5 to 5.5 MHz. 
Ian has chosen to operate the crystal oscil- 
lators above the desired output frequency, 
which makes the VFO tune “backwards” 
— increasing VFO frequency equates to 
decreasing loop output frequency — be- 
cause crystals are commonly used on these 
frequencies in many of the older transceiv- 
ers (the prototype used the crystal oscilla- 
tor board from a Yaesu FT-707). Table 
14.3 lists the necessary conversion-crys- 
tal frequency, VCO tuned-circuit padding 
capacitance and VCO-inductor winding 
data on a band-by-band basis. 


Fig 14.52 — The G3ROO/GM4ZNX > 
summing-loop PLL phase-locks its 
VCO to the frequency difference 
between a crystal oscillator and 5- to 
5.5-MHz VFO (these circuits are not 
shown; see text). Table 14.3 lists the 
conversion-crystal frequency, VCO 
tuned-circuit padding capacitance (Су) 
and VCO inductor data required for 
each band. Any 5- to 5.5-MHz VFO 
capable at least 2.5 mW (4 dBm) output 
with a 50-Q load — 1 V P-P — can drive 
the circult’s VFO input. 

Су, C2, СЗ — NPO or COG ceramic, 10% 
or tighter tolerance. 

C65, C66, C67 — NPO, COG or general- 
purpose ceramic, 10% tolerance or 
tighter. 

DOA, DOB — BB204 dual, common- 
cathode tuning diode (capacitance 
per section at 3 V, 39 pF) or 
equivalent. The ECG617, NTE617 and 
MV104 are suitable dual-diode 
substitutes, or use pairs of 1N5451s 
(39 pF at 4 V) or MV2109s (33 pF at 
4V). 

D1 — BA244 switching diode. The 
1N4152 is a suitable substitute. 

L1 — Variable inductor; see Table 14.3 
for value. 

L13, 114 — 22-uH choke, 20% tolerance 
or better (Miller 70F225Al, 78F270J, 
8230-52, 9250-223; Mouser 43LQ225; 
Toko 144LY-220J [Digi-Key TK4232] 
suitable). 

T1 — 6 bifilar turns of #28 enameled 
wire on ап FT-37-72 ferrite toroid («30 
uH per winding). 

U2 — 74HC4046 or 74HCT4046 PLL IC 
(CD4046 unsuitable; see text). 


The summing loop's phase-frequency 
detector (U2, a  74HC4046 or 
74HCT4046) steers the integrator and 
tunes whichever VCO is selected to keep 
its inputs (pin 3 and 14) locked equal in 
frequency. The VFO, applied to pin 14, 
serves as a variable reference. Via Q13, 
pin 3 of the phase detector receives the 
output of U1, an NE602AN, which mixes 
signals from the VCO and crystal oscilla- 
tor appropriate to the band in use. Ul's 
output contains sum and difference fre- 
quencies, but the phase detector responds 
only to the difference (fxg – fyco, where 
fxo is the crystal oscillator frequency and 
Лусо is the VCO frequency) because of its 
close proximity to its reference signal (the 
VFO). Consequently, the difference be- 
tween the VCO and crystal oscillator fre- 
quencies must equal the VFO frequency, 
and the loop operates as a subtractor. 

You can use this loop to add frequen- 
cies (adding the signal from a 13-MHz 
crystal to the 5-MHz VFO for output at 
18 MHz, for instance) by changing the 
crystal frequency and transposing the 
phase detector input signals (VFO to pin 
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Table 14.3 


Band-Specific Component Data for the Summing Loop 


Crystal 
Band Output Range Frequency C, 
(MHz) (MHz) (MHz) (pF) VCO Coil 
1.5-2.0 10.5-11.0 16.0 0 20 turns on Toko 10K-series inductor form ( = 4.29 uH) 
3.5-4.0 12.5-13.0 18.0 0 16 turns оп Toko 10K-series inductor form ( «3.03 uH) 
7.0-7.5 16.0-16.5 21.5 0 12 turns on Toko 10K-series inductor form (= 1.85 uH) 
10.0-10.5 19.0-19.5 24.5 27 8 turns on Toko 10K-series inductor form (=0.87 uH) 
14.0-14.5 23.0-23.5 28.5 56 81/2 turns white Toko S-18-series ( =0.435 uH) 
18.0-18.5 27.0-27.5 32.5 39 7'/s turns violet Toko S-18-series ( «0.375 uH) 
21.0-21.5 30.0-30.5 35.5 27 7'/2 turns violet Toko S-18-series («0.350 pH) 
24.5-25.0 33.5-34.0 39.0 22 6/2 turns blue Toko S-18-series («0.300 uH) 
28.0-28.5 37.0-37.5 42.5 22 51/2 turns green Toko S-18-series (^ 0.245 uH) 
28.5-29.0 37.5-38.0 43.0 22 51/2 turns green Toko S-18-series ( =0.239 uH) 
29.0-29.5 38.0-38.5 43.5 22 51/2 turns green Toko S-18-series («0.232 uH) 
29.5-30.0 38.5-39.0 44.0 22 5'/2 turns green Toko S-18 series ( «0.227 uH) 


The Toko 10K-series forms have four-section bobbins. The VCO-coil windings for 160 through 30 m are therefore split into four equal 


sections (for example, 5 + 5 + 5 + 5 turns for the 160-m coil). 


3, U2 output [via Q13], to pin 14). The 
phase detector inputs must be transposed 
for adding to keep the loop feedback nega- 
tive; otherwise, the phase detector would 
drive the VCO in the wrong direction — 
away from lock instead of toward it. For 
this reason, you cannot have some crystals 
above and some crystals below the output 
frequency driving the same loop — unless 
you also build in means to transpose the 
phase detector inputs as necessary. 

The loop's phase/frequency detector is 
a high-speed CMOS IC, the 74HC4046 or 
74HCT4046. This part, which is faster, 
more robust and better behaved than the 
original CD4046, has a power-supply 
range of 2 to 6 V. (The CD4046 is not rec- 
ommended in this circuit because its lim- 
ited high-frequency response may make it 
unreliable.) The internal VCO in this chip 
is not worth using for our purposes, so 
we disable it by tying pin 5 high. Both 
inputs can be driven by ac-coupled sig- 
nals, but many CMOS parts are prone to 
damage if their inputs exceed their supply 
voltage or go below ground potential, so 
the Fig 14.52 circuit includes clipping 
diodes to protect U2 against transients at 
turn on. Assuming a VFO input level of 
] V P-P, R84, VFO level, can be set to 
maximum. (You may need to turn it down 
for higher VFO input levels, but its setting 
is uncritical.) 

The loop amplifier uses a JFET-input 
op amp (a TL072) with both inputs biased 
to 42.5 V. R61 and C76 give a zero in the 
open-loop response at 2 kHz. C76 and R60 
set the integrator gain to 3.4 at 1 Hz. (This 
gainis much lower than the usual value for 
a loop with a programmable divider, be- 
cause this loop does not have to make up 
for reduction in loop gain that occurs in 
division.) R62 and C78 give the next pole, 
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at 10 kHz. R63 is included as a result of the 
use of earlier-generation PC-board ver- 
sions of the circuit. Its value is noncritical 
and can be anything from O to the value 
shown in Fig 14.52 because it merely con- 
nects the R62/C78 network to U3B, which 
isolates these parts from R64 and C79. 
They form the fourth pole, at 160 kHz. 
(The poles in the VCOs themselves are all 
much higher and can be ignored.) The 
overall loop design conforms exactly to 
the "recipe" described earlier and was 
designed using an HP11C pocket calcula- 
tor program implementing the equations 
in Fig 14.47. 

In normal operation, TP1 and TP2 are 
joined, completing the loop. For trouble- 
shooting, TP1 can be connected to TP3 
instead, breaking the loop and placing a 
fixed 5-V tuning voltage on all the tuning 
diodes. This should put the VCO frequen- 
cies somewhere within their normal oper- 
ating range, so that the oscillators, ampli- 
fiers and mixer can be checked. The phase 
detector should drive the loop amplifier to 
one end of its output-voltage swing, which 
end depending on whether the VCO fre- 
quency is too high or too low. Tuning the 
VFO across its range should cause this to 
change, and the output voltage of the loop 
amplifier/filter system should change over 
to the other extreme. 

All of the VCOs remain connected to 
the tuning-voltage line at all times. The 
VCOs are selected merely by switching 
412 V to the desired one, applying power 
to its JFET and turning on its output 
switching diode, which connects its out- 
put to R49, vco OUTPUT. 

R49 allows adjustment of the TX LO and 
RX LO output level to suit whatever the 
system is driving. The TX Lo and RX LO 
amplifiers are capable of 500 mV RMS 


output, which is sufficient for driving a 
Plessey SL6440 mixer directly. Power 
amplification will be needed to drive a 
diode-ring mixer, however. The output 
amplifiers are designed to keep signals 
from entering the system and to prevent 
unwanted signals at either output from 
reaching the other output. This may sound 
odd, but if you use, say, the TX LO output 
to drive something noisy, like a frequency 
counter, its amplifier's reverse isolation 
provides valuable protection against un- 
wanted signals reaching whatever is con- 
nected to the RX LO output — say, a re- 
ceiver mixer. The output amplifiers' 
output impedance is roughly equal to their 
collector resistances (680 Q), but coax ter- 
minated in 50 Q can be driven success- 
fully. 

R50, vco LEVEL, sets the VCO signal 
applied to the NE602. Itcan be set at maxi- 
mum if the VCO circuit in Fig 14.52 is 
used, but has been included in case any- 
one wants to experiment with different de- 
vices and values in the VCO circuits, 
which could change their output level. 
VCO drive to the NE602 should be 
roughly 200 mV P-P. 

The NE602's full differential output is 
used to avoid the need for a gain stage 
between it and the phase detector. The 
low-pass filter (C65, C66, C67, L13 and 
L14) passes the VFO tuning range (5 to 
5.5 MHz) while rolling off the higher-fre- 
quency VCO signals. Ordinary 20%-tol- 
erance chokes with Qs of 30 or more will 
work adequately at L13 and L14. 

To adjust the unit, connect TP1 to 
TP3. Select each band in turn and adjust 
the frequency of the appropriate VCO 
to about the middle of the output fre- 
quency range for that band. Reconnect 
TP1 to TP2 to close the loop. With the 


loop locked, for each band in turn, tune 
the VFO to the center of its range (5.25 
MHz) and check that the voltage on TP1 
is roughly 5 V. This confirms that all 


ranges can lock. Now we need only | 


check that the diode tuning voltage 


doesn't go too low or too high at the 


band edges. For each range in turn, tune 
the VFO from 5.5 to 5 MHz while moni- 
toring the tuning voltage on TP1. It must 
not go below 3 V or above 9 V or there 
will not be insufficient margin for aging 
and temperature effects. (Ideally, the 
voltage should be 4 V at the low-fre- 
quency end of each band.) Adjust the 
cores of the VCO inductors as neces- 
sary to optimize the tuning- pulse 
swing. 

Summing loops have a serious draw- 
back: If the VCO is ever, even momen- 
tarily, tuned to a frequency on the oppo- 


site side of the crystal oscillator, the . 


sense of the feedback via the phase/fre- 
quency detector changes, and positive 
feedback forces the VCO even further 
from the correct output frequency. The 
loop can latch- -up far from lock. This 
design avoids that risk by using a bank 
of narrow-range VCOs — an approach 
‚ with the added advantage that narrow- 
range VCOs can give better noise per- 


formance than wide-range ones. De-: 


signing a summing loop around a 

lower-frequency VFO than that used 
here would move the VCO frequencies 
closer to the crystal oscillator frequen- 
cies, requiring careful design to avoid 
latch-up. 


A PLL's tuning voltage] is a superb indi- 


cator of its health. A quick check with a 
voltmeter as the loop is tuned across its 

‚ range will show if aging has brought the 
loop close to unlocking and when the 
VCOs need readjusting. 


Lock Detectors: 


It’s a good idea, especially on a trans- 
.mitter, to have some warning if a synthe- 


sizer loses lock. Many phase-detector 


chips have auxiliary outputs that, with a 
little filtering and amplification, can be 
used to light warning lights and inhibit 
transmission. д 

Another method is to monitor the tun- 
ing voltage, where the loop amplifier is an 


integrator. The rest of the loop can be. 


thought of as a dc feedback path around 
the loop amplifier — and the loop ampli- 


fier has no local feedback at dc. If the loop . 


fails, the amplifier will drift off into satu- 
ration close to either its + or — supply volt- 
. age. Window comparator circuitry сап be 
used to continuously monitor the tuning 
voltage to confirm that it stays within 


thresholds set between the normal tuning- 


voltage range and the limits of the op 
amp's output swing. 


DIRECT DIGITAL SYNTHESIS 
Direct digital synthesis (DDS) is cov- 


ered in this Handbook’s Digital Signal , 


Processing chapter, but as good con- 
sumer-affordable DDSs don't yet cover 
the full tuning range required for even 
an MF/HF transceiver, we need to con- 
sider how to exploit them in conjunc- 
tion with phase-locked loops. The VFO 
in the summing loop just described 
could be replaced by a DDS covering 5 


to 5.5 MHz. A single loop with a pro- . 
'grammable divider could be used in 


place of the crystal-oscillator bank. The 


,result would be very close to the ap- 


proach used in the latest generation of 
commercial Amateur Radio gear. That 
manufacturers advertise them as using 
direct digital-synthesis has given some 
people the impression that their synthe- 


- Sizers consist entirely of DDS. In fact, 


the DDS in modern ham transceivers 


replaces the lower-significance “inter- : 


polation" loops in what otlierwise would 
be regular multiloop synthesizers. 

This is not to say that the DDS in our 
current ham gear i$ not a great improve- 


: ment over the size, complexity and cost 


of, what it replaces. Its random noise 
sidebands are usually excellent; and it 
can execute fast, clean frequency 


'changes. The latest devices do 32-bit 
phase arithmetic and so offer over a bil- 


lion frequency steps, which translates 
into a frequency resolution of. a few 
millihertz with the usual clock rates for 
our applications — so the old battle for 
better resolution and low cost has al- 
ready been won. Direct digital synthe- 
sis is not without a few problems, but 


i fortunately, hybrid structures using PLL 
‚апа DDS can allow one technique to 


compensate. for the weaknesses of the 
other. 

The prime weakness of the direct digi- 
tal synthesizer is its quantization noise. 
A DDS cannot construct a perfect sine 
wave because each sample it outputs 
must be the nearest available voltage 
level from the set its DAC can make. So 
a DDS’s output waveform is really a 
series of steps that only approximate a 
true sine wave. 

We can view a DDS's output as an 
ideal sine wave plus an irregular “error” 
waveform. The spectrum of the error 
waveform is the set of unwanted fre- 
quency components found on the output 


.of the DDS. Quantization noise is not 


the only source of unwanted DAC out- 
puts. DACs can also give large output 
spikes, called glitches, as they transit 
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from one level to another. In some 


-DACs, glitches cause larger unwanted 


components than quantization. These 
components are scattered over the full 
frequency range passed by the DDS’s 
low-pass filter, and their frequencies 
shift as the DDS tunes to different fre- 
quencies. At some frequencies, a num- 


_ber of components may coincide and 


form a single, ‘larger component. 

A summing loop PLL acts as a track- 
ing filter, with a bandwidth measured in 
kilohertz. Acting on a DDS’s output, a 
summing loop passes only quantization 
components close to the carrier. A sys- 
tem designer seeking to minimize the 
DDS's noise contribution must choose 


between using a loop bandwidth narrow 


enough to filter the DDS (thereby re- 
ducing the loop's ability to purify its 
VCO) or a more expensive low "glitch 
energy" DAC with more bits of resolu- 
tion (allowing greater loop bandwidth: 
and better VCO-noise control). 
Complex ICs containing most of a. 
DDS have been on the market for over 
10 years, steadily getting cheaper, add- 
ing functions and occasionally taking 
onboard the functions of external parts 
(first the sine ROM, now the DAC as 
well). The Analog Devices AD7008 is 
an entire DDS (just add a low-pass filter 
...) on one CMOS chip. It includes a 
10-bit DAC (fast enough for the whole 
system to clock at 50 MHz) and some . 


‘digital-modulation hardware. 


For: the home-brewing amateur, ' 
DDS's first drawback is that these de- 
vices must receive their frequency data 
in binary form, loaded via a serial port, 
and this really forces the use of a micro- 
processor system in the radio. DDS's 


» second drawback for experimenters is 


that surface-mount packages are becom- 
ing the norm for DDS ICs. Offsetting 
this, the resulting simplification of an 
entire synthesizer to a few ICs should 
cause more people to experiment with 
them. 


EXPLORING THE SYNTHESIZER 


IN A COMMERCIAL MF/HF 


. TRANSCEIVER 


Few people would contemplate build- 
ing an entire synthesized transceiver, but 
far. more will need to understand enough 
of a commercially built one to be able to 
fix it or modify it. Choosing a radio to use 
as an example was not too difficult. The 
ICOM IC-765 received high marks for its 


- clean synthesizer in its QST Product Re- 


view, so it certainly has a synthesizer 
worth examining. We are grateful to 
ICOM America for their permission to 
reprint the IC-765's schematic in the dis- 
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Fig 14.53 — Simplified (A) and detailed 
(B) block diagrams of the ICOM IC-765 
frequency synthesizer. 


“cussion to follow. 


Fig 14.53A shows a simplified block | 
diagram of the IC-765’s synthesizer. It 


contains one DDS and two PLLs. Notice 
that the DDS has its own frequency-refer- 
ence oscillator. DDSs usually use binary 
arithmetic in their phase accumulators, 
so their step size is equal to their clock 
(reference) frequency divided by a large, 
round, binary number. The latest 32-bit 
machines give a step size of 1/(232) of 
their clock frequency, that is, a ratio of 
1/4,294,967,296. This means that if we 
want, say, a 10-Hz step size, we must have 
a peculiar reference frequency so that the 
increment of the DDS is a submultiple of 
10 Hz. This is what ICOM designers 
chose. One alternative would be to use a 
convenient reference frequency (say 
10 MHz) and accept a strange synthesizer 
step size. A 32-bit machine clocked at 
10 MHz will give a step size of 
0.002328... Hz. It would be simple to have 
the radio’s microprocessor select the near- 
est of these very fine steps to the frequency 
set by the user, giving the user the appear- 
ance of a 10-Hz step size. An error of +1.2 
millihertz is trivial compared to the accu- 
racy of all usual reference oscillators. 
Installing the IC-765’s optional high- 
stability 30-MHz TCXO does nothing to 
improve the accuracy of the radio’s DDS 
section as it uses its own reference. The 
effect of the stability and accuracy of the 
DDS reference on the overall tuned fre- 


quency, however; is smaller than that ОЁ, 


Ше main reference. 

· The DDS runs at a comfortably low fre- 
quency (0.5115 to 1.01149 MHz) to ease 
the demands placed on DAC settling time. 
The final loop needs a signal near 60 MHz 
as a summing input. Just mixing the DDS 
with 60 MHz would require a complex fil- 
ter to reject the image. The IC-765 avoids 

.this.by using a summing loop. The sum- 
ming loop VCO must only tune from 
60.5115 to 61.01149 MHz, plus some 
margin for aging and temperature, but care 
is needed in this circuit because, as in the 
home-brew summing loop described ear- 
lier, the loop may latch up if this VCO 

‚ goes below 60 MHz. 

The final loop is a normal PLL with a 
programmable divider, but instead the 
VCO is not fed directly into the divider — 

‘it is mixed down by the 60.5115- to 

61.01149-MHz signal first. The final loop 
uses a bank of four switched VCOs, each 


one covering a one fourth of the system's 
full output range of 69.1115 to 99.01149 
MHz. This mix-down feeds an 8.5- to 
38.5-MHz signal into the programmable 
divider. To remove unwanted mixer out- 
puts over this range, three different, 
switched filters are needed before the sig- 
nal is amplified to drive the divider. 

. Fig 14.53B shows the synthesizer in 
greater detail. The programmable divider/ 
PSD chip used (ICI, a TC9181P) will not 
operate up to 38 MHz, so a prescaler (IC2, 
a TD6102P) has been added before its 
input. This is a fixed divide-by-four 
prescaler, which forces the phase detector 


-to be run at one-fourth of the step size, at 


125 kHz. (A dual-modulus prescaler 
would have been very desirable here be- 
cause it would allow the PSD to run at 


` 500 kHz, easing the trade-off between 


reference-frequency suppression and loop 
bandwidth. Unfortunately, the lowest di- 
vision factor necessary is too low for the 
simple application of any of the common 
ICs with prescaler controllers.) 

Fig 14.54 shows the full circuit diagram 
of the IC- 765° synthesizer. The DDS is 
ona small subboard, DDS unit (far right). 
1С1; an SC-1051 , appears to be a custom 
IC, incorporating the summing loop's 
phase accumulator and phase detector. 
The DDS's sine ROM is split into two 
parts: IC2, an SC-1052; and IC3, an SC- 
1053. IC4 and ІС5, both 74HCT374s, аге 


high-speed-CMOS flip-flops used as 


latches to minimize glitches by closely 
synchronizing all 12 bits of data coming 
from the ROMs. The DAC is simply a bi- 
nary-weighted resistor ladder network, 
R4, which relies on the CMOS latch out- 
puts all switching exactly between the +5 
V supply and ground. 

Look: at the output of the main loop 
phase detector (pin 17 of IC1 on the PLL 


unit), find Q5, Q6 and Q7 and look at the 


RC network around them. It’s the recipe 
loop design again! R3 creates the zero, but 
notice C1 across it. This is a neat and eco- 
nomical way of creating one of the other 


poles. R6 and C7 create the final pole. 


Fig 14.55 shows the phase noise of an 
IC-765 measured on a professional phase- 
noise-measurement system. The areas 
shown in Fig 14.49 can be seen clearly. 
The slope above 500 Hz is the phase noise 
of the final VCO and exactly tracks the 
Good curve in KI6WX’s QST article on 
the effects of phase noise. Below the noise 
peak, the phase noise falls to levels 20 dB 
better than KIGWX's Excellent curve. This 
low-noise area complements the narrow 
CW filter skirts and the narrow notch fil- 
ter. 

Many technically inclined amateurs 
may be wondering what could be done to 
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improve the IC-765’s synthesizer, or to de- 
sign an improved one. The peak in the IC- 
765’s phase noise at 500 Hz is quite promi- 
nent. It does not appear to be due to a 
marginally unstable loop design, but 
rather to a mismatch between the choice of 
loop bandwidth and the noise performance 
of the oscillators involved. The DDS's re- 
sistor-based DAC is unlikely to perform 
as well as a purpose-designed 12-bit DAC, 
and it also lets power-supply noise modu- 
late the output. The system's designers 
appear to have deliberately reduced the 
loop bandwidth to better filter DDS spurs. 
If we were free to increase the cost and 
complexity of the unit, we could buy a 
high-performance DAC designed for low 


' DDS spurs and trade this improvement off 


against noise by increasing the loop band- 
width — redesigning the loop poles, zero 
and gain. To help with the loop bandwidth, 
and get a 12-dB improvement in any noise 
from the main loop's phase detector, di- 


' vider and loop amplifier, we could remove 


the fixed prescaler (IC2, the TD6102P) 
and operate the PSD at 500 kHz. This 
would require the design of a faster pro- 
grammable divider that can handle 38 
MHz. 

Finally, the IC-765's VCOs could be 


improved. Their tuned circuits could be 


changed to low-L, high-C, multiple-tun- 
ing-diode types. If we added a higher-volt- 
age power supply to allow higher diode 
tuning voltages than the 5.6-V level at 
which the design now operates (only little 
current is needed), higher-Q tuning diodes 
can be used — and we can avoid using 
them at lower tuning voltages, where tun- 
ing-diode Q degrades. This could reduce 
the phase noise above the noise peak by 
several decibels. Changing the loop band- 
width would reduce the noise bump's 
height and move it farther from the car- 
rier. 

It's important to keep all of these what- 
ifs in perspective: The IC-765's synthe- 
sizer was one of the best available in ama- 
teur MF/HF transceivers when this chapter 
was written, and its complexity is about 
half that of old multiloop, non-DDS ex- 
amples. Like any product of mass produc- 
tion, its design involved trade-offs be- 
tween cost, performance and component 
availability. As better components be- 
come less expensive, we can expect excel- 


"lent synthesizer designs like the IC-765's ` 


to come down in price and even better syn- 
thesizer designs to become affordable in 
Amateur Radio gear. 


. SYNTHESIZERS: THE FUTURE 


It’s notoriously dangerous to predict the 
future in print, but there are some new 
developments being used in professional 
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Chapter 14 


Fig 14.54 — The IC-765 frequency 
synthesizer down to the component 
level. The key ICs in the radio’s DDS 
(IC1, IC2 and IC3, right) appear to be 
custom components made especially 
for this application. 
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Fig 14.55 — The phase noise of an 
ICOM IC-765 (serial no. 03077) as 
measured by a Hewlett-Packard phase- 
noise measurement system. 


test equipment, on sale as this chapter is 
being written, that can reasonably be ex- 
pected to percolate through into radio 
equipment. 


Fractional-N Synthesis 


A single loop would be capable of any 
step size if its programmable divider 
wasn’t tied to integer numbers. Some de- 
signers long ago tried to use such frac- 
tional-N values by switching the division 
ratio between two integers, with a duty 
cycle that set the fractional part. This 
whole process was synchronized with the 
divider’s operation. Averaged over many 
cycles, the frequency really did come out 
as wanted, allowing interpolation between 
the steps mandated by integer-N division. 
This approach was largely abandoned be- 
cause it added huge sidebands (at the frac- 
tional frequency and its harmonics) to the 
loop’s output. One such synthesizer de- 
sign — which has been applied in a large 
amount of equipment and remains in use 
— uses a hybrid digital/analog system to 
compute a sawtooth voltage waveform of 
just the right amplitude, frequency and 
phase that can be added to the VCO tuning 
voltage to cancel the fractional-frequency 
FM sidebands. This system is complex, 
however, and like all cancellation pro- 
cesses, it can never provide complete can- 
cellation. It is appreciably sensitive to 
changes due to tolerances, aging and align- 
ment. Even when applied in a highly de- 
veloped form using many tight-tolerance 
components, such a system cannot reduce 
its fractional frequency sidebands to a 
level much below —70 to —80 dBc. 
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А new approach, which has been de- 
scribed in a few articles in professional 
and trade journals, does not try to cancel 
its sidebands at all. Its basic principle is 
delightfully simple. A digital system 
switches the programmable divider of a 
normal single loop around a set of division 
values. This set of values has two proper- 
ties: First, its average value is controllable 
in very small steps, allowing fine interpo- 
lation of the integer steps of the loop; sec- 
ond, the FM it applies to the loop is huge, 
but the resultant sideband energy is 
strongly concentrated in very-high-order 
sidebands. The loop cannot track such fast 
FM and so filters off this modulation! 

The key to this elegant approach is that 
it deliberately shapes the spectrum of its 
loop’s unwanted components such that 
they’re small at frequencies at which the 
loop will pass them and large at frequen- 
cies filterable by the loop. The result is a 
reasonably clean output spectrum. 
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base, radio communication in- 
; volves translating information 
“ieee into radio form, letting it travel 
for a spell, and translating it back again. 
Translating information into radio form 
entails the process we call modulation, and 
demodulation is its reverse. One way or 
another, every transmitter used for radio 
communication, from the simplest to the 
most complex, includes a means of modu- 
lation; one way or another, every receiver 
used for radio communication, from the 
simplest to the most complex, includes a 
means of demodulation. 

Modulation involves varying one or 
both of a radio signal’s basic character- 
istics—amplitude and frequency (or 
phase)—to convey information. A circuit, 
stage or piece of hardware that modulates 
is called a modulator. 

Demodulation involves reconstructing 
the transmitted information from the 
changing characteristic(s) of a modulated 
radio wave. A circuit, stage or piece of 
hardware that demodulates is called a de- 
modulator. 

Many radio transmitters, receivers and 
transceivers also contain mixers—cir- 
cuits, stages or pieces of hardware that 
combine two or more signals to produce 
additional signals at sums of and differ- 
ences between the original frequencies. 
Amateur Radio textbooks have tradition- 
ally handled mixers separately from 
modulators and demodulators, and modu- 
lators separately from demodulators. 


This chapter, by David Newkirk, WJ1Z, 
and Rick Karlquist, N6RK, examines 
mixers, modulators and demodulators 
together because the job they do is essen- 
tially the same. Modulators and demodu- 
lators translate information into radio 
form and back again; mixers translate one 
frequency to others and back again. All of 
these translation processes can be thought 
of as forms of frequency translation or fre- 
quency shifting—the function tradition- 
ally ascribed to mixers. We'll therefore 
begin our investigation by examining what 
a mixer is (and isn’t), and what a mixer 
does. 


THE MECHANISM OF MIXERS AND 
MIXING 


What is a Mixer? 


Mixer is a traditional radio term for a 
circuit that shifts one signal’s frequency 
up or down by combining it with another 
signal. The word mixer is also used to re- 
fer to a device used to blend multiple au- 
dio inputs together for recording, broad- 
cast or sound reinforcement. These two 
mixer types differ in one very important 
way: A radio mixer makes new frequen- 
cies out of the frequencies put into it, and 
an audio mixer does not. 


Mixing Versus Adding 

Radio mixers might be more accurately 
called “frequency mixers” to distinguish 
them from devices such as “microphone 
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mixers,” which are really just signal com- 
biners, summers or adders. In their most 
basic, ideal forms, both devices have two 
inputs and one output. The combiner sim- 
ply adds the instantaneous voltages of the 
two signals together to produce the output 
at each point in time (Fig 15.1). The mixer, 
on the other hand, multiplies the instanta- 
neous voltages of the two signals together 
to produce its output signal from instant to 
instant (Fig 15.2). Comparing the output 
spectra of the combiner and mixer, we see 
that the combiner’s output contains only 
the frequencies of the two inputs, and 
nothing else, while the mixer’s output 
contains new frequencies. Because it com- 
bines one energy with another, this pro- 
cess is sometimes called heterodyning, 
from the Greek words for other and power. 


Mixing as Multiplication 
Since a mixer works by means of multi- 
plication, a bit of math can show us how 
they work. To begin with, we need to rep- 
resent the two signals we'll mix, A and B, 
mathematically. Signal A’s instantaneous 
amplitude equals 
A, sin 22f,t (1) 
in which A is peak amplitude, f is 
frequency, and t is time. Likewise, B’s 
instantaneous amplitude equals 
Ay sin 2nf,t Q) 
Since our goal is to show that multiply- 
ing two signals generates sum and differ- 
ence frequencies, we can simplify these 
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Fig 15.1—Adding or summing two sine waves ої different frequencies (f1 and f2) 
combines their amplitudes without affecting their frequencies. Viewed with an 
oscilloscope (a real-time graph of amplitude versus time), adding two signals 
appears as a simple superimposition of one signal on the other. Viewed with a 
spectrum analyzer (a real-time graph of signal amplitude versus frequency), 
adding two signals just sums their spectra. The signals merely coexist on a single 
cable or wire. All frequencies that go into the adder come out of the adder, and no 


new signals are generated. 


Drawing B, a block diagram of a summing circuit, emphasizes the stage's 
mathematical operation rather than showing circuit components. Drawing C 
shows a simple summing circuit, such as might be used to combine signals from 
two microphones. In audio work, a circuit like this is often called a mixer—but it 
does not perform the same function as an RF mixer. 


signal definitions by assuming that the 
peak amplitude of each is 1. The equation 
for Signal A then becomes 


a(t) = A sin (2nf,t) (3) 
and the equation for Signal B becomes 
b(t) = B sin (2л 0) (4) 


. Each of these equations represents a 
sine wave and includes a subscript letter 
to help us keep track of where the signals 
go. 
Merely combining Signal A and Signal 
B by letting them travel on the same wire 
develops nothing new: 
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a(t) + b(t) = 
A sin (2nf,t) + B sin (27f,t) (5) 


As needlessly reflexive as equation 5 
may seem, we include it to highlight the 
fact that multiplying two signals is a quite 
different story. From trigonometry, we 
know that multiplying the sines of two 
variables can be expanded according to the 
relationship 


sin x sin у= + [cos (x - y) - eos (x + у) 
2 
(6) 


Conveniently, Signals A and B are both 
sinusoidal, so we can use equation 6 to 


determine what happens when we multi- 
ply Signal A by Signal B. In our case, 
x = 2nf,t and y = 27f,t, so plugging them 
into equation 6 gives us 


a(t)eb(t)- 
22 cos(2n[f, -fy ])- A eos(2ndt, +f, |t) 
(7) 


Now we see two momentous results: a 
sine wave at the frequency difference 
between Signal A and Signal B 
2n(f, — f,)t, and a sine wave at the 
frequency sum of Signal A and Signal B 
2n(f, + f,)t. (The products are cosine 
waves, but since equivalent sine and cosine 
waves differ only by a phase shift of 90°, 
both are called sine waves by convention.) 

This is the basic process by which we 
translate information into radio form and 
translate it back again. If we want to trans- 
mit a 1-kHz audio tone by radio, we can 
feed it into one of our mixer’s inputs and 
feed an RF signal—say, 5995 kHz— into 
the mixer’s other input. The result is two 
radio signals: one at 5994 kHz (5995 – 1) 
and another at 5996 kHz (5995 + 1). We 
have achieved modulation. 

Converting these two radio signals back 
to audio is just as straightforward. All we 
do is feed them into one input of another 
mixer, and feed a 5995-kHz signal into the 
mixer's other input. Result: a 1-kHz tone. 
We have achieved demodulation; we have 
communicated by radio. 

The key principle of a radio mixer is 
that, in mixing multiple signal voltages 
together, it adds and subtracts their fre- 
quencies to produce new frequencies. (In 
the field of signal processing, this process, 
multiplication in the time domain, is rec- 
ognized as equivalent to the process of 
convolution in the frequency domain. 
Those interested in this aternative ap- 
proach to describing the generation of new 
frequencies through mixing can find more 
information about it in the many textbooks 
available on this fascinating subject.) The 
difference between the mixer we've been 
describing and any mixer, modulator or 
demodulator that you'll ever use is that 
it's ideal. We put in two signals and got 
justtwo signals out. Real mixers, modula- 
tors and demodulators, on the other hand, 
also produce distortion products that make 
their output spectra "dirtier" or "less 
clean," as well as putting out some energy 
at input-signal frequencies and their har- 
monics. Much of the art and science of 
making good use of multiplication in mix- 
ing, modulation and demodulation goes 
into minimizing these unwanted multipli- 
cation products (or their effects) and mak- 
ing multipliers do their frequency transla- 
tions as efficiently as possible. 
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Fig 15.2—Multiplying two sine waves of different frequencies produces a new 
output spectrum. Viewed with an oscilloscope, the result of multiplying two 
signals is a composite wave that seems to have little in common with its 
components. A spectrum-analyzer view of the same wave reveals why: The | 
original signals disappear entirely and are replaced by two new signals—at the 
sum and difference of the original signals’ frequencies. Drawing B diagrams a 
multiplier, known in radio work as a mixer. The X emphasizes the stage’s 
mathematical operation. (The circled X is only one of several symbols you may 
see used to represent mixers in block diagrams, as Fig 15.3 explains.) 

Drawing C shows a very simple multiplier circuit. The diode, D, does the mixing. 
Because this circuit does other mathematical functions and adds them to the sum 
and difference products, its output is more complex than f1 + #2 and f1 – f2, but 
these can be extracted from the output by filtering. . 


Putting Multiplication to Work. 


` Piecing together a coherent picture of 
how multiplication works in radio, com- 
munication isn't made any easier by the 
fact that traditional terms applied to a 
given multiplication approach and its 


products may vary with their application. , 


If, for instance, you're familiar with stan- 


dard textbook approaches to mixers, , 


. modulators and demodulators, you may be 
wondering why we didn't begin by work- 
ing out the math involved by examining 
ámplitude modulation, also known as AM. 
“Why not tell them about the carrier and 
how to get rid of it in a balanced modula- 
tor?" A transmitter enthusiast may ask 


; “Why didn't.you mention sidebands and 


how.we conserve spectrum space and 
power by getting rid of one and putting all 
of our power into the other?" A student of 
radio receivers, on the other hand, expects 
any discussion of the same underlying 
multiplication issues to touch on the topics 
of LO feedthrough, mixer balance (single 
or double?), image rejection and so on. 
“You likely expect this book to spend 


‘some time talking to you about these things, 
so it will. But this radio-amateur-oriented 


discussion of mixers, modulators and de- 
modulators will take a look at their com- 
mon underlying mechanism before turning 


‚ you loose on practical mixer, modulator and 


Mixer 
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Modulator, 
Demodulator, 
Discriminator 


(IEC) 


Multiplier 
' (IEC) 


Converter, 
Changer, 
(IEC) 


Fig 15.3—We commonly symbolize 
mixers with a circled X (A) out of 
tradition, but other standards 
sometimes prevail (B, C and D). 
Although the converter/changer 
symbol (D) can conceivably be used to 
indicate frequency changing through 
mixing, the three-terminal symbols are 


‘arguably better for this job because 


they convey the idea of two signal 


' sources resulting in a new frequency. 


(IEC stands for International 
Electrotechnical Commission.) 


demodulator circuits. Then you’ll be able 
to tell the forest from the trees. Fig 15.3 ` 
shows the block symbol for a traditional 
mixer along with several IEC symbols for 
other functions mixers may perform. 

It turns out that the mechanism underly- 
ing multiplication, mixing, modulation 
and demodulation is a pretty straightfor- 
ward thing: Any circuit structure that- 
nonlinearly distorts ac waveforms acts-as 
a multiplier to some degree. 


Nonlinear Distortion? 


The phrase nonlinear distortion sounds 
redundant, but isn’t. Distortion, an exter- 
nally imposed change in a waveform, can 
be linear; that is, it can occur indepen- 


‘dently of signal amplitude. Consider a ra- 


dio receiver front-end filter that passes 
only signals between 6 and 8 MHz. It does 
this by linearly distorting the single com- 
plex waveform corresponding to the wide 


‘RF spectrum present at the radio’s antenna 


terminals, reducing the amplitudes of fre- : 


quency components below 6 MHz and 


above 8 MHz relative to those between 6 
and 8 MHz. (Considering multiple signals 


‘on a wire as one complex waveform is just 


as valid, and sometimes handier, than con- 
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sidering them as separate signals. In this 
case, it’s a bit easier to think of distortion 
as something that happens to a waveform 
rather than something that happens to sepa- 
rate signals relative to each other. It would 
be just as valid—and certainly more in 
keeping with the consensus view—to say 
merely that the filter attenuates signals at 
frequencies below 6 MHz and above 8 
MHz.) The filter’s output waveform cer- 
tainly differs from its input waveform; the 
waveform has been distorted. But because 
this distortion occurs independently of sig- 
nal level or polarity, the distortion is linear. 
No new frequency components are created; 
only the amplitude relationships among the 
wave’s existing frequency components are 
altered. This is amplitude or frequency dis- 
tortion, and all filters do it or they wouldn’t 
be filters. 

Phase or delay distortion, also linear, 
causes a complex signal’s various compo- 
nent frequencies to be delayed by differ- 
ent amounts of time, depending on their 
frequency but independently of their am- 
plitude. No new frequency components 
occur, and amplitude relationships among 
existing frequency components are not 
altered. Phase distortion occurs to some 
degree in all real filters. 

In a nonlinearly distorting circuit, how- 
ever, the output’s root-mean-square 
(RMS) voltage or current values don’t 
track the input’s corresponding RMS volt- 
age or current values in linear proportion. 
The distortion therefore varies with the 
signal’s amplitude (and, in some nonlin- 
ear structures, polarity); the stronger the 
signal, the greater the distortion. 

Nonlinear distortion may take the form 
of harmonic distortion, in which integer 
multiples of input frequencies occur, or 
intermodulation distortion (IMD), in 
which different components multiply to 
make new ones. 

Any departure from absolute linearity 
results in some form of nonlinear distor- 
tion, and this distortion can work for us 
or against us. Any so-called linear ampli- 
fier distorts nonlinearly to some degree; any 
device or circuit that distorts nonlinearly 
can work as a mixer, modulator, demodula- 
tor or frequency multiplier. An amplifier 
optimized for linear operation will none- 
theless mix, but inefficiently; an amplifier 
biased for nonlinear amplification may be 
practically linear over a given tiny portion 
of its input-signal range. The trick is to use 
careful design and component selection to 
maximize nonlinear distortion when we 
want it, and minimize it when we don't. 
Once we've decided to maximize nonlinear 
distortion, the trick is to minimize the dis- 
tortion products we don't want, and maxi- 
mize the products we desire. 
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Keeping Unwanted Distortion Products 
Down 


Ideally, a mixer multiplies the signal 
at one of its inputs by the signal at its other 
input, but does not multiply a signal at the 
same input by itself, or multiple signals 
at the same input by themselves or by 
each other. (Multiplying a signal by it- 
self—squaring it—generates harmonic 
distortion [specifically, second-harmonic 
distortion] by adding the signal’s fre- 
quency to itself per equation 7. Simulta- 
neously squaring two or more signals gen- 
erates simultaneous harmonic and 
intermodulation distortion, as we'll see 
later when we explore how a diode de- 
modulates AM.) 

Consider what happens when a mixer 
must handle signals at two different fre- 
quencies (we'll call them f, and f,) ap- 
plied to its first input, and a signal at a 
third frequency (f3) applied to its other 
input. Ideally, a mixer multiplies f, by f; 
and f, Бу f3, but does not multiply f; and f; 
by each other. This produces output at the 
sum and difference of f, and f3, and the 
sum and difference of f, and f3, but not the 
sum and difference of f, and Ё. Fig 15.4 
shows that feeding two signals into one 
input of a mixer results in the same output 
as if f, and f, are each first mixed with f3 
in two separate mixers, and the outputs of 
these mixers are combined. This shows 
thata mixer, even though constructed with 
nonlinearly distorting components, actu- 
ally behaves as a linear frequency shifter. 
Traditionally, we refer to this process as 


Fig 15.4—Feeding two signals into one 
input of a mixer results in the same 
output as if f, and # are each first 
mixed with f; in two separate mixers, 
and the outputs of these mixers are 
combined. 


mixing and to its outputs as mixing prod- 
ucts, but we may also call it frequency 
conversion, referring to a device or circuit 
that does it as a converter, and to its out- 
puts as conversion products. 

Real mixers, however, at best act only 
as reasonably linear frequency shifters, 
generating some unwanted IMD prod- 
ucts—spurious signals, or spurs—as they 
go. Receivers are especially sensitive to 
unwanted mixer IMD because the signal- 
level spread over which they must operate 
without generating unwanted IMD is often 
90 dB or more, and includes infinitesi- 
mally weak signals in its span. In a 
receiver, IMD products so tiny that you'd 
never notice them in a transmitted signal 
can easily obliterate weak signals. This is 
why receiver designers apply so much ef- 
fort to achieving "high dynamic range." 

The degree to which a given mixer, 
modulator or demodulator circuit pro- 
duces unwanted IMD is often the reason 
why we use it, or don't use it, instead of 
another circuit that does its wanted-IMD 
job as well or even better. 


Other Mixer Outputs 


In addition to desired sum-and-differ- 
ence products and unwanted IMD prod- 
ucts, real mixers also put out some energy 
at their input frequencies. Some mixer 
implementations may suppress these out- 
puts—that is, reduce one or both of their 
input signals by a factor of 100 to 
1,000,000, or 20 to 60 dB. This is good 
because it helps keep input signals at the 
desired mixer-output sum or difference 
frequency from showing up at the IF ter- 
minal—an effect reflected in a receiver's 
IF rejection specification. Some mixer 
types, especially those used in the 
vacuum-tube era, suppress their input-sig- 
nal outputs very little or not at all. 

Input-signal suppression is part of an 
overall picture called port-to-port isola- 
tion. Mixer input and output connections 
are traditionally called ports. By tradition, 
the port to which we apply the shifting 
signal is the local-oscillator (LO) port. 
The convention for naming the other two 
ports (one of which must be an output, and 
the other of which must be an input) is 
usually that the higher-frequency port is 
called the RF (radio frequency) port and 
the lower-frequency port is called the ZF 
(intermediate frequency) port. If a mixer's 
output frequency is lower than its input 
frequency, then the RF port is an input and 
the IF port is an output. If the output fre- 
quency is higher than the input frequency, 
the IF port may be the input and the RF 
port may be the output. (We hedge with 
may be because usage varies. When in 
doubt, check a diagram carefully to deter- 


mine which port is the "gozinta" and: 


which port is the *gozouta.") — — 
It's generally a good idea to keep a 
' mixer's input signals from appearing at 
its output port because they represent 
energy that we'd rather not pass on to sub- 
sequent circuitry. It therefore follows that 
it's usually a good idea to keep a mixer's 
'"LO-port energy from appearing at its RF 
port, or its RF-port energy from making it 
through to the IF port. But there are some 
‘notable exceptions. 


Mixers and Amplitude Modulation 


Now that we've just discussed what a 
fine thing it is to have a mixer that doesn't 
let its input signals through to its output 

“port, we can explore a mixing approach 
that outputs one of its input signals so 
strongly that the fed-through, signal's 
amplitude at least equals the combined 
amplitudes of the system's sum and dif- 
ference products! This system, amplitude 
modulation, is the oldest means of trans- 
lating information into radio form and 
back again. It's a frequency-shifting sys- 
tem in which the original unmodulated 
signal, traditionally called the carrier, 
emerges from the mixer along with the 
sum and difference products, traditionally 
called sidebands. 


We can easily make the carrier pop ош . 


of our mixer along with the sidebands 
merely by building enough dc level shift 
into the information we want to mix so 
that its waveform never goes negative. 
Back at equation 1 and 2, we decided to 
^ keep our mixer math relatively simple by 
setting the peak voltage of our mixer’s 
input signals directly equal to their sine 
values. Each input signal’s peak voltage 
therefore varies between +1 and –1, so all 
we need to do to keep our modulating- 
signal term (provided with a subscript m 
to reflect its role as the modulating or in- 
formation waveform) from going negative 
is add 1 to it. Identifying the carrier term 
with a subscript c, we can write 


AM signal = (1 + msin 2л mt) sin 2nf t ў 


(8) 
Notice that the modulation (27f,,t) term 
' has company in the form of a coefficient, 
m. This variable expresses the modulating 
signal's varying amplitude—variations 
that ultimately result in amplitude modu- 
lation. Expanding equation 8 according to 
equation 6 gives us . 


AM signal = sin2mf.t 


+ + moos (2nf, - 2nf )t 
2 


= hi cos (2л, + 2nf,,)t (9) 
| 2 
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Fig 15.5—Graphed in terms of 
amplitude versus time (A), the 
envelope of a properly modulated AM 
signal exactly mirrors the shape of its 
modulating waveform, which is a sine 
wave in this example. This AM signal is 
modulated as fully as it can be— 
100%—because its envelope just hits 
zero on the modulating wave's negative 


. peaks. Graphing the same AM signal in ` 


terms of amplitude versus frequency 
(B) reveals its three spectral 
components: Carrier, upper sideband : 
and lower sideband. B shows 
sidebands as single-frequency 
components because the modulating 
waveform is a sine wave. With a 
complex modulating waveform, the 
modulator's sum and difference 


' products really do show up as bands 


on either side of the carrier (C). 


The modulator's output now includes 


_ the carrier (sin 2nf,t) in addition to sum 


and difference products that vary in 


' strength according to m. According to the 


conventions of talking about modulation, 
we call the sum product, which comes out 
at a frequency higher than that of the car- 
rier, the upper sideband (USB), and the 
difference product, which comes out a fre- 
quency lower than that. of the carrier, the 
lower sideband (LSB). We have achieved 
amplitude modulation. 


Why We Call It Amplitude Modulation 


We call the modulation process de- 
scribed in equation 8 amplitude modula- 
tion because the complex waveform con- 
sisting of the sum of the sidebands and 


· carrier varies with the information signal's 


magnitude (m). Concepts long used to il- 
lustrate AM’s mechanism may mislead us 
into thinking that the carrier varies in 
strength with modulation, but careful 
study of equation 9 shows that this doesn't 
happen. The carrier, sin 2nf,t, goes into | 
the modulator—we’re in the modulation 
business now, so it's fitting to use the term 
modulator instead of mixer—as a sinusoid 
with an unvarying maximum value of 111. 
The modulator multiplies the carrier by the 
dc level (+1) that we added to the informa- 
tion signal (m sin 27f,,t). Multiplying sin 
2nf.t by 1 merely returns sin 2nf,t. We 
have proven that the carrier's amplitude 
does not vary as a result of amplitude 
modulation. 


Overmodulation 


Since an AM signal's information 
content resides entirely in its sidebands, it 
follows that the more energetic we make 
the sidebands, the more information 
energy will be available for an AM re- 
ceiver to "recover" when it demodulates 
the signal. Even in an ideal modulator, 
there's a practical limit to how strong we 
can make an AM signal's sidebands rela- 
tivé to its carrier, however. Beyond that 
limit, we severely distortthe waveform we 


. want to translate into radio form. 


We reach AM's distortion-free modula- 
tion limit when the sum of the sidebands 
and carrier at the modulator output just 
reaches zero at the modulating wave- 
form's most negative peak (Fig 15.5). We 


` call this condition 100% modulation, and 


it occurs when m equals 1. (We enumerate 
modulation percentage in values from 0 to 


100%. The lower the number, the less in- 


formation energy in the sidebands. You 
may also see modulation enumerated in 
terms of a modulation factor from 0 to 1, 


‘which directly equals m; a modulation fac- . ` 


tor of 1 is the same as 100% modulation.) 
equation 9 shows that each sideband's: 
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` 


voltage is half that of the carrier. Power 
varies as the square of voltage, so the 
power in each sideband of a 100%-modu- 
lated signal is therefore (1/2) times, or 
1/4, that of the carrier. A transmitter ca- 
pable of 100% modulation when operat- 
ing at a carrier power of 100 W therefore 
puts out a 150-W signal at 100% modula- 
tion, 50 W of which is attributable to the 
sidebands. (The peak envelope power 
[PEP] output of a double-sideband, full- 
carrier AM transmitter at 100% modula- 
tion is four times its carrier PEP. This is 
why our solid-state, “100-W” MF/HF 
transceivers are usually rated for no more 
than about 25 W carrier output at 100% 
amplitude modulation.) 
One-hundred-percent modulation is a 
brick-wall limit because an amplitude 
modulator can't reduce its output to less 
than zero. Trying to increase modulation 
beyond the 100% point results in 
overmodulation (Fig 15.6), in which the 
modulation envelope no longer mirrors the 
shape of the modulating wave (Fig 15.6A). 


Waveshape of 
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Spectrum Analyzer 


Amplitude ——————* 


-— — ——— Frequency ————* 
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Fig 15.6—Overmodulating an AM 
transmitter results in a modulation 
envelope (A) that doesn't faithfully 
mirror the modulating waveform. This 
distortion creates additional sideband 
components that broaden the 
transmitted signal (B). 


15.6 Chapter 15 


An overmodulated wave contains more 
energy than it did at 100% modulation, but 
some of the added energy now exists as 
harmonics of the modulating waveform 
(Fig 15.6B). This distortion makes the 
modulated signal take up more spectrum 
space than it needs. In voice operation, 
overmodulation commonly happens only 
on syllabic peaks, making the distortion 
products sound like crashy, transient noise 
we refer to as splatter. 


Modulation Linearity 


If we increase an amplitude modulator's 
modulating-signal input by a given per- 


2 \100% Modulation 


RF Amplitude 


Modulating Signal 


Fig 15.7—An ideal AM transmitter 
exhibits a straight-line relationship (A) 
between its instantaneous envelope 
amplitude and the instantaneous 
amplitude of its modulating signal. 
Distortion, and thus an unnecessarily 
wide signal, results if the transmitter 
cannot respond linearly across the 
modulating signal's full amplitude range. 


centage, we expect a proportional modu- 
lation increase in the modulated signal. 
We expect good modulation linearity. 
Suboptimal amplitude modulator design 
may not allow this, however. Above some 
modulation percentage, a modulator may 
fail to increase modulation in proportion 
to an increase its input signal (Fig 15.7). 
Distortion, and thus an unnecessarily wide 
signal, results. 


Using AM to Send Morse Code 


Fig 15.6A closely resembles what we 
see when a properly adjusted CW trans- 
mitter sends a string of dots (Fig 15.8). 
Keying a carrier on and off produces a 
wave that varies in amplitude and has 
double (upper and lower) sidebands that 
vary in spectral composition according to 
the duration and envelope shape of the on- 
off transitions. The emission mode we call 
CW is therefore a form of AM. The con- 
cepts of modulation percentage and 
overmodulation are usually not applied to 
generating an on-off-keyed Morse signal, 
however. This is related to how we copy 
CW by ear, and the fact that, in CW radio 
communication, we usually don't translate 
the received signal all the way back into its 
original pre-modulator (baseband) form, 
as a closer look at the process reveals. 

In CW transmission, we usually open 
and close a keying line to make dc transi- 
tions that turn the transmitted carrier on 
and off. CW reception usually does not 
entirely reverse this process, however. 
Instead of demodulating a CW signal all 
the way back to its baseband self—a shift- 


Fig 15.8—Telegraphy by on- 
off-keying a carrier is also a 
form of AM, called CW (short 
for continuous wave) for 
reasons of tradition. 
Waveshaping in a CW 
transmitter often causes a 
CW signal's RF envelope (the 
amplitude-versus-time 
display at A) to contain less 
harmonic energy than the 
faster transitions of its 
keying waveform (B) suggest 
should be the case. C, an 
amplitude-versus-frequency 
display, shows that even a 
properly shaped CW signal 
has many sideband 
components. 


ing dc level—we want the presences and 
absences of its carrier to create long and 
` short audio tones. Because the carrier is 
RF and not AF, we must mix it with a lo- 
cally generated RF signal—from a beat- 
frequency oscillator (BFO)—that’s close 
: enough in frequency to produce a differ- 
ence signal at AF. What goes into our 


transmitter as shifting dc comes out of our . 


receiver as thump-delimited tone bursts of 
-dot and dash duration. We have achieved 
'CW communication. 

The dots and dashes of a CW signal must 
start and stop abruptly enough so we can 
clearly distinguish the carrier's presences 
and absences from noise, especially when 
fading prevails. The keying sidebands, 
which sound like little more than thumps 
when listened to on their own, help our 
brains be sure when the carrier tone starts 
and stops. e 

It so happens that we always need to 
hear one or more harmonics of the funda- 
mental keying waveform for the code to 
sound sufficiently crisp. If the transmitted 
signal will be subject to propagational fad- 


ing—a safe assumption for any long-dis- . 


tance radio communication—we harden 
our keying by making the transmitter's 
outputrise and fall more quickly. This puts 
more energy into more keying sidebands 


and makes the signal more copiable in the . . 


presence of fading—in particular, selec- 
tive fading, which linearly distorts a 
modulated signal's complex waveform 
and randomly changes the sidebands' 
strength and phase relative to the carrier 
and each other. The appropriate keying 
hardness also depends on the keying 
speed. The faster the keying in WPM, the 
faster the on-off times—the harder the 
keying—must be for the signal to remain 
ear-readable through noise and fading. 
Instead of thinking of this process in terms 
of modulation percentage, we just ensure 
that a CW transmitter produces sufficient 
keying-sideband energy for solid reception. 
Practical CW transmitters rarely do their 
keying with a modulator stage as such. In- 


stead, one or more stages are turned on and . 


off to modulate the carrier with Morse, with 
rise and fall times set by R and C values 
associated with the stages’ keying and/or 
' power supply lines. A transmitter’s CW 
waveshaping is therefore usually hardwired 
to values appropriate for reasonably high- 
: speed sending (35 to 55 WPM or so) in the 
presence of fading. As a result, we generally 


cannot vary keying hardness at will as we - 


might vary a voice transmitter' s modulation 


with a front-panel control. Rise and fall times ' 


of 1 to 5 ms (5 ms rise and fall times equate 
toakeying speedof 36 WPM inthe presence 
of fading and 60 WPM if fading is absent) 
are common. gn ' | 


The faster a CW transmitter’s output 
changes between zero and maximum, the 
more bandwidth its carrier and sidebands 
occupy. Making a CW signal’s keying too 
hard is therefore spectrum-wasteful and 
unneighborly because it makes the signal 
wider than it needs to be. Keying side- 
bands that are stronger and wider than 
necessary. are traditionally called clicks 
because of what they sound like on the air. 
There is a more detailed discussion of 
keying waveforms in the Transceivers 
chapter. А 


The Many Faces of Amplitude . 
Modulation 


We’ ve so far examined mixers, multipli- 


ers and modulators that produce complex 
output signals of two types. One, the action 


' of which equation 7 expresses, produces 


only the frequency sum of and frequency 
difference between its input signals. The 
other, the amplitude modulator character- 
ized by equations 8 and 9, produces carrier 
output in addition to the frequency sum of 
and frequency difference between its input 
signals. Exploring the AM process led us to 
adiscussion on-off-keyed CW, which is also 
a form of AM.: 

Amplitude modulation is nothing more 
and nothing less than varying an output 
signal's amplitude according to a varying 
voltage or current. All of the output signal 
types mentioned above are forms of am- 
plitude modulation, and there are others. 
Their names and applications depend on 
whether the resulting signal contains a 
carrier or not, and both sidebands or not. 
Here's a brief overview of AM-signal 
types, what they're called, and some ofthe 
jobs you may find them doing: 


* Double-sideband (DSB), full-carrier 

. AM is often called just AM, and often 
what's meant when radio folk talk 
about just AM. (When the subject is 
broadcasting, AM can also refer to 
broadcasters operating in the 525- to 
1705-kHz region, generically called the 
AM band or the broadcast band or 
medium wave. These broadcasters used 
only double-sideband, full-carrier AM 
for many years, but many now use com- 
binations of amplitude modulation and 
angle modulation, which we’ll explore 
shortly, to transmit stereophonic sound.) 
Equations 8 and 9 express what goes on 
in generating this signal type. What we 
call CW—Morse code done by turning a 
carrier on and off—is a form of DSB, 
full-carrien AM. 


does what equation 7 expresses—a sum 
(upper sideband), a difference (lower 
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Double-sideband, suppressed-carrier — 
AM is what comes out of a circuit that ` 


sideband) and no carrier. We didn't call 
its sum and difference outputs upper and. 


` lower sidebands earlier in equation 7's 


neighborhood, but we'd do so in a trans- 
mitting application. In a transmitter, we 
call a circuit that suppresses the carrier 
while generating upper and lower side- 
bands a balanced modulator, and we 
quantify its carrier suppression, which 
is always less than infinite. In a receiver, 
we call such a circuit a balanced mixer, 
which may be single-balanced (if it lets 
either its RF signal or its LO [carrier] 
signal through to its output) or double- 
balanced (if it suppresses both its input 
signal and LO/carrier in its output), and 
we quantify its LO suppression and port- 
to-port isolation, which are always less 
than infinite. (Mixers [and amplifiers] 
that afford no balance whatsoever are 
sometimes said to be single-ended.) 
Sometimes, DSB suppressed-carrier 
AM is called just DSB. - 

Vestigial sideband (VSB), full-carrier 
AM is like the DSB variety with one side- 
band partially filtered away for band- 


` width reduction. Commercial television 


systems that transmit AM video use VSB 
AM. 

Single-sideband, suppressed-carrier AM 
is what you get when you generate 
a DSB, suppressed carrier AM signal 
and throw away one sideband with filter- 
ing or phasing. We usually call this sig- 
nal type just single sideband (SSB) or, as 
appropriate, upper sideband (USB) or 
lower sideband (LSB). In a modulator or 
demodulator system, the unwanted side- 
band—that is, the sum or difference sig- 
nal we don’t want—may be called just 
that, or it may be called the opposite side- 
band, and we refer to a system’s side- 
band rejection as a measure of how well 
the opposite sideband is suppressed. In 
receiver mixers not used for demodula- 
tion and transmitter mixers not used for 
modulation, the unwanted sum or differ- 
ence signal, or the input signal that pro- 
duces the unwanted sum or difference, is 
the image, and we refer to a system’s 
image rejection. A pair of mixers spe- 
cially configured to suppress either the 
sum or the difference output is an image- 
reject mixer (IRM). In receiver demodu- 
lators, the unwanted sum or difference 
signal may just be called the opposite 
sideband, or it may be called the audio 
image. A receiver capable of rejecting the 
opposite sideband or audio image is said . 
to be capable of single-signal reception. 
Single-sideband, full-carrier AM is akin 
to full-carrier DSB with one sideband 


. missing. Commercial and military com- 


municators may call it AM equivalent 
(AME) or compatible AM (CAM)—com- 
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patible because it can be usefully de- 
modulated in AM and SSB receivers and 
because it occupies about the same 
amount of spectrum space as SSB.) 

e Independent sideband (ISB) AM consists 
an upper sideband and a lower sideband 
containing different information (a car- 
rier of some level may also be present). 
Radio amateurs sometimes use ISB to 
transmit simultaneous slow-scan-televi- 
sion and voice information; interna- 
tional broadcasters sometimes use it for 
point-to-point audio feeds as a backup to 
satellite links. 


Mixers and AM Demodulation 


Translating information from radio 
form back into its original form—demodu- 
lation—is also traditionally called detec- 
tion. If the information signal we want to 
detect consists merely of a baseband sig- 
nal frequency-shifted into the radio realm, 
almost any low-distortion frequency- 
shifter that works according to equation 7 
can do the job acceptably well. 

Sometimes we recover a radio signal’s 
information by shifting the signal right 
back to its original form with no interme- 
diate frequency shifts. This process is 
called direct conversion. More commonly, 
we first convert a received signal to an 
intermediate frequency so we can amplify, 
filter and level-control it prior to detec- 
tion. This is superheterodyne reception, 
and most modern radio receivers work in 
this way. Whatever the receiver type, how- 
ever, the received signal ultimately makes 
its way to one last mixer or demodulator 
that completes the final translation of in- 
formation back into audio, or into a signal 
form suitable for device control or com- 
puter processing. In this last translation, 
the incoming signal is converted back to 
recovered-information form by mixing it 
with one last RF signal. In heterodyne or 
product detection, that final frequency- 
shifting signal comes from a BFO. The 
incoming-signal energy goes into one 
mixer input port, BFO energy goes into 
the other, and audio (or whatever form the 
desired information takes) results. 

If the incoming signal is full-carrier AM 
and we don’t need to hear the carrier as a 
tone, we can modify this process some- 
what, if we want. We can use the carrier 
itself to provide the heterodyning energy 
in a process called envelope detection. 


Envelope Detection and 
Full-Carrier AM 


Fig 15.5 graphically represents how a 
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Fig 15.9—Radio’s simplest demodulator, the diode rectifier (A), demodulates an 
AM signal by multiplying its carrier and sidebands to produce frequency sums 
and differences, two of which sum into a replica of the original modulation (B). 
Modern receivers often use an emitter follower to provide low-impedance drive for 
their diode detectors (C). 


full-carrier AM signal’s modulation enve- 
lope corresponds to the shape of the modu- 
lating wave. If we can derive from the 
modulated signal a voltage that varies ac- 
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cording to the modulation envelope, we 
will have successfully recovered the in- 
formation present in the sidebands. This 
process is called envelope detection, and 


we can achieve it by doing nothing more. 


complicated than half-wave-rectifying the 
modulated signal with a diode (Fig 15.9). 

That a diode demodulates an AM signal 
by allowing its carrier to multiply with its 
sidebands may jar those long accustomed 
to seeing diode detection ascribed merely 
to “rectification.” But a diode is certainly 
nonlinear. It passes current in only one 


direction, and its output voltage is (within . 


limits) proportional to the square of its 
input voltage. These nonlinearities allow 
it to multiply. 

Exploring this mathematically is tedious 
with full-carrier AM because the process 
squares three summed components (car- 
rier, lower sideband and upper sideband). 
Rather than fill the better part of a page 
with algebra, we'll instead characterize 
the outcome verbally: In "just rectifying" 
a DSB, full-carrier AM signal, a diode 
detector produces 


* Direct current (the result of rectifying 
the carrier); 

* À second harmonic of the carrier; 

* A second harmonic of the lower side- 
band; 

* A second harmonic of the upper side- 
band; 

* Two difference- -frequency outputs (upper 
sideband minus carrier, carrier minus 
lower sideband), each of which is equiva- 
lent to the modulating wave-form’s fre- 
quency, and both of which sum to produce 
the recovered information signal; and 

e A second harmonic of the modulating 
waveform (the frequency difference ре; 
tween the two sidebands). 


Three of these products are RF. Low- 
pass filtering, sometimes little more 
than a simple RC network, can remove 
the RF products from the detector out- 
put. A capacitor in series with the detec- 
tor output line can block the carrier- 
derived dc component. That done, only 
two signals remain: the recovered 
modulation and, at a lower level, its 
second harmonic—in other words, sec- 


ond-harmonic distortion of the desired | ; 
' directly relate. If we continuously vary а 


information signal. 


Mixers and Angle Modulation 


Amplitude modulation served as our 
first means of translating information into 
radio form because it could фе imple- 
mented as simply as turning an electric 
noise generator on and off. (A spark trans- 
mitter consisted of little more than this.) 
By the 1930s, we had begun experiment- 
ing with translating information into radio 


^ 


form and back again by modulating a radio 
wave’s ‘angular velocity (frequency or 


phase) instead of its overall amplitude. . 


The result of this process is frequency 
modulation (FM) or phase modulation 
(PM), both of which are often grouped 
under the name angle modulation because 
of their underlying principle. 

A change in a carrier’s frequency or 
phase for the purpose of modulation is 
called deviation. An FM signal deviates 


according to the amplitude of its modu- . 


lating waveform, independently of the 
modulating waveform’s frequency; the 
higher the modulating wave’s amplitude, 
the greater the deviation. A PM signal 
deviates according to the amplitude and 
frequency of its modulating waveform; 
the higher the modulating wave’s ampli- 
tude and/or frequency, the greater the 
deviation. 

An angle-modulated signal can be 
mathematically represented as 


f, (t)ecos(2nf tm sin(2nf,.t)) 


=cos(2nf,t) cos (m sin(2nf,,t)) (10) 


—sin(2xf,t) sin(m sin(2zf,,t)) 


Init, we see the carrier frequency (271) 
and modulating signal (sin 27f,,t) as in the 
equation for AM (equation 8). We again 
see the modulating signal associated with a 
coefficient, m, that relates to degree of 


modulation. (In the AM equation, m is the . 


modulation factor; in the angle-modulation 
equation, m is the modulation index and, 
for FM, equals the deviation divided by the 
modulating frequency.) We see that angle- 
modulation occurs as the cosine of the sum 
of the carrier frequency (27,0) and the 
modulating signal (sin 27f,,t) times the 


. modulation index (m). In its expanded 


form, we see the appearance of sidebands 

above and below the carrier frequency. 
Angle modulation is a multiplicative 

process, so, like AM, it creates sidebands 


on both sides of the carrier. Unlike AM, 


however, angle modulation creates an 
infinite number of sidebands on either side 


` ofthe carrier! This occurs as a direct result 


of modulating the carrier's angular veloc- 
ity, to which its frequency and phase 


wave's angular velocity according to 


` another periodic wave's cyclical ampli- 


tude variations, the rate at which the 
modulated wave repeats its cycle—its 
frequency—passes through an infinitè 
number of values. (How many individual 
amplitude points are there in one cycle of 
the modulating wave? An infinite number. 
How many corresponding discrete 
frequency or phase values does the cor- 
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responding angle-modulated wave pass 
through as the modulating signal completes 
a cycle? An infinite number!) In AM, the 
carrier frequency stays at one value, so AM 
produces two sidebands—the sum of its 
carrier’s unchanging frequency value and 


. the modulating frequency, and the differ- 


ence between the carrier’s unchanging fre- 
quency value and the modulating fre- 
quency. In angle modulation, the 
modulating wave shifts the frequency or 


‘phase of the carrier through an infinite 


number of different frequency or phase 
values, resulting in an infinite number of 
sum and difference products. 

Wouldn't the appearance on the air of 
just a few such signals result in a bedlam 
of mutual interference? No, because most 
of angle modulation's uncountable sum 
and difference products are vanishingly 
weak in practical systems, and because 
they don't show up just anywhere in the 
spectrum. Rather, they emerge from the 
modulator spaced from the average 
(“resting,” unmodulated) carrier fre-. 
quency by integer multiples of the modu- 
lating frequency (Fig 15.10). The strength 
of the sidebands relative to the carrier, and 
the strength and phase of the carrier itself, 


-«—— Corrier 
m=0.5 


Fig 15.10—Angle-modulation produces 
a carrier and an infinite number of 
upper and lower sidebands spaced 
from the average (“resting,” unmodu- 
lated) carrier frequency by integer 
multiplies of the modulating frequency. 
(This drawing is a simplification 
because it only shows relatively 
strong, close-in sideband pairs; space 
constraints prevent us from extending 
it to infinity.) The relative amplitudes of 
the sideband pairs and carrier vary 
with modulation index, m. 
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Fig 15.11—One or more tuning diodes can serve as the variable reactance in a 
reactance modulator. This HF reactance modulator circuit uses two diodes in series 
to ensure that the tuned circuit's RF-voltage swing cannot bias the diodes into 
conduction. 01 and 02 are “30-volt” tuning diodes that exhibit a capacitance of 22 
pF at a bias voltage of 4. The sias control sets the point on the diode's voltage- 
versus-capacitance characteristic around which the modulating waveform swings. 
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Fig 15.12—A series reactance 
modulator acts as a variable shunt 
around a reactance—in this case, a 
47-pF capacitor—through which the 
carrier passes. 


vary with the degree of modulation—the 
modulation index. (The overall amplitude 
of an angle-modulated signal does not 
change with modulation, however; when 
energy goes out of the carrier, it shows up 
in the sidebands, and vice versa.) In 
practice, we operate angle-modulated 
transmitters at modulation indexes that 
make all but a few of their infinite 
sidebands small in amplitude. (A mathe- 
matical tool called Bessel functions, part 
of the set of which is shown graphically in 
the Modulation Sources chapter, lets us 
determine the relative strength of the 
carrier and sidebands according to 
modulation index.) Selectivity in trans- 
mitter and receiver circuitry further 
modify this relationship, especially for 
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sidebands far away from the carrier. 


Angle Modulators 


Vary a reactance in or associated with 
an oscillator's frequency-determining 
element(s), and you vary the oscillator's 
frequency. Vary the tuning of a tuned 
circuit through which a signal passes, and 
you vary the signal’s phase. A circuit that 
does this is called a reactance modulator, 
and can be little more than a tuning diode 
or two connected to a tuned circuit in an 
oscillator or amplifier (Fig 15.11). Vary- 
ing a reactance through which the signal 
passes (Fig 15.12) is another way of doing 
the same thing. 

The difference between FM and PM 
depends solely on how, and not how much, 
deviation occurs. A modulator that causes 
deviation in proportion to the modulating 
wave's amplitude and frequency is a phase 
modulator. A modulator that causes de- 
viation only in proportion to the modulat- 
ing signal's amplitude is a frequency 
modulator. 


Increasing Deviation by Frequency 
Multiplication 


Maintaining modulation linearity is just 
as important in angle modulation as it is in 
AM, because unwanted distortion is 
always our enemy. À given angle-modu- 
lator circuit can frequency- or phase-shift 
a carrier only so much before the shift 
stops occurring in strict proportion to the 
amplitude (or, in PM, the amplitude and 
frequency) of the modulating signal. 

If we want more deviation than an angle 
modulator can linearly achieve, we can 


operate the modulator at a suitable 
subharmonic—submultiple—of the de- 
sired frequency, and process the modu- 
lated signal through a series of frequency 
multipliers to bring it up to the desired 
frequency. The deviation also increases by 
the overall multiplication factor, relieving 
the modulator of having to do it all 
directly. A given FM or PM radio design 
may achieve its final output frequency 
through a combination of mixing 
(frequency shift, no deviation change) 
and frequency multiplication (frequency 
shift and deviation change). 


The Truth About *True FM" 


Something we covered a bit earlier 
bears closer study: 


An FM signal deviates according to the 
amplitude of its modulating waveform, 
independently of the modulating wave- 
form's frequency; the higher the modu- 
lating wave's amplitude, the greater the 
deviation. A PM signal deviates accord- 
ing to the amplitude and frequency of its 
modulating waveform; the higher the 
modulating wave's amplitude and/or 
frequency, the greater the deviation. 


The practical upshot of this excerpt is 
that we can use a phase modulator to 
generate FM. All we need to do is run a 
PM transmitter's modulating signal 
through a low-pass filter that (ideally) 
halves the signal's amplitude for each 
doubling of frequency (a reduction of “6 
dB per octave," as we sometimes see such 
responses characterized) to compensate 
for its phase modulator's “more deviation 
with higher frequencies" characteristic. 
The result is an FM, not PM, signal. FM 
achieved with a phase modulator is 
sometimes called indirect FM as opposed 
to the direct FM we get from a frequency 
modulator. 

We sometimes see radio gear manufac- 
turers claim that one piece of gear is better 
than another solely because it generates 
*true FM" as opposed to indirect FM. We 
can immunize ourselves against such 
claims by keeping in mind that direct and 
indirect FM sound exactly alike in a re- 
ceiver when done correctly. 

Depending on the nature of the modula- 
tion source, there is a practical difference 
between a frequency modulator and a 
phase modulator. Answering two ques- 
tions can tell us whether this difference 
matters: Does our modulating signal 
contain a dc level or not? If so, do we need 
to accurately preserve that dc level 
through our radio communication link for 
successful communication? If both 
answers are yes, we must choose our 
hardware and/or information-encoding 
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Fig 15.13—Frequency modulation, PLL-style. 


approach carefully, because a frequency 
modulator can convey shifts in its modu- 
lating wave’s dc level, while a phase 
modulator, which responds only to instan- 
taneous changes in frequency and phase, 
cannot. 

Consider what happens when we want 
to frequency-modulate a phase-locked- 
loop-synthesized transmitted signal. 
Fig 15.13 block-diagrams a PLL fre- 
quency modulator. Normally, we modu- 
late a PLL's VCO because it's the easy 
thing to do. As long as our modulating fre- 
quency results in frequency excursions too 
fast for the PLL to follow and correct— 
that is, as long as our modulating fre- 
quency is outside the PLL’s loop band- 
width—we achieve the FM we seek. 
Trying to modulate a dc level by pushing 
the VCO to a particular frequency and 
holding it there fails, however, because a 
PLL’s loop response includes dc. The loop 
sees the modulation's dc component as a 
correctable error and dutifully "fixes" it. 
FMing a PLL's VCO therefore can't buy 
us the dc response "true FM" is supposed 
to allow. 

We can dc-modulate a PLL modulator, 
but we must do so by modulating the 
loop's reference. The PLL then adjusts the 
VCO to adapt to the changed reference, 
and our dc level gets through. In this case, 
the modulating frequency must be within 
the loop bandwidth—which dc certainly 
is—orthe VCO won't becorrected to track 
the shift. 


Mixers and Angle Demodulation 


With the awesome prospect of generat- 
ing an infinite number of sidebands still 
fresh in our minds, we may be a bit dis- 
appointed to learn that we commonly 
demodulate angle modulation by doing 
little more than turning it into AM and then 
envelope- or product-detecting it! But 
this is what happens in many of our FM 


receivers and transceivers, and we can get 
a handle on this process by realizing that a 
form of angle-modulation-to-AM con- 
version begins quite early in an angle- 
modulated signal's life because of 
distortion of the modulation by amplitude- 
linear circuitry—something that happens 
to angle-modulated signals, it turns out, in 
any linear circuit that doesn't have an 
amplitude-versus-frequency ^ response 
that's utterly flat out to infinity. 

Think of what happens, for example, 
when we sweep a constant-amplitude 
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signal up in frequency—say, from 1 kHz 
to 8 kHz—and pass it through a 6-dB-per- 
octave filter (Fig 15.14A). The filter's 
rolloff causes the output signal's ampli- 
tude to decrease as frequency increases. 
Now imagine that we linearly sweep our 
constant-amplitude signal back and forth 
between 1 kHz and 8 KHz at a constant rate 
of 3 kHz per second (Fig 15.14B). The 
filter's output amplitude now varies 
cyclically over time as the input signal's 
frequency varies cyclically over time. 
Right before our eyes, a frequency change 
turns into an amplitude change. The 
process of converting angle modulation to 
amplitude modulation has begun. 

This is what happens whenever an 
angle-modulated signal passes through 
circuitry with an amplitude-versus- 
frequency response that isn't flat out to 
infinity. As the signal deviates across the 
frequency-response curves of whatever 
circuitry passes it, its angle modulation is, 
to some degree, converted to AM—a form 
of crosstalk between the two modulation 
types, if we wish to look at it that way. 
(Variations in system phase linearity also 
cause distortion and FM-to-AM conver- 
sion, because the sidebands do not have 
the proper phase relationship with respect 
to each other and with respect to the car- 
rier.) 
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Fig 15.14—Frequency-sweeping a constant-amplitude signal and passing it 


through a low-pass filter results in an output signal that varies in amplitude with 
frequency (A). Sweeping the input signal back and forth between two frequency 
limits causes the output signal's amplitude to vary between two limits (B). This is 
the principle behind the angle-demodulation process called frequency 
discrimination. 
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Fig 15.15—A discriminator (A) converts an angle-modulated signal's deviation 
into an amplitude variation (B) and envelope-detects the resulting AM signal. For 
undistorted demodulation, the discriminator’s amplitude-versus-frequency 
characteristic must be linear across the input signal’s deviation. A crystal 
discriminator uses a crystal as part of its frequency-selective circuitry. 


All we need to do to put this effect to 
practical use is develop a circuit that does 
this frequency-to-amplitude conversion 
linearly (and, since more output is better, 
steeply) across the frequency span of the 
modulated signal’s deviation. Then we 
envelope-demodulate the resulting AM, 
and we’re in. 

Fig 15.15 shows such a circuit—a dis- 
criminator—and the sort of amplitude- 
versus-frequency response we expect 
from it. (It’s possible to use an AM 
receiver to recover understandable audio 
from a narrow angle-modulated signal by 
“off-tuning” the signal so its deviation 
rides up and down on one side of the 
receiver’s IF selectivity curve. This slope 
detection process served as an early, 
suboptimal form of frequency discrimina- 
tion.) 


Quadrature Detection 


It’s also possible to demodulate an 
angle-modulated signal merely by multi- 
plying it with a time-delayed copy of itself 
in a double-balanced mixer (Fig 15.16). 
For simplicity's sake, we'll represent the 
mixer's RF input signal as just a sine wave 


with an amplitude, A 
A sin (2nft) (11) 


15.12 Chapter 15 


and its time-delayed twin, fed to the 
mixer’s LO input, as a sine wave with an 
amplitude, A, and a time delay of d: 


A sin (2nft + d) (12) 


Setting this special mixing arrangement 
into motion, we see 


A sin (2nft)- Asin (2nft + d) 


2 


= а cos (2л) 


2 
А 
- > 60s (2nfd) cos (2- 2nft) (13) 


2 
+ A sin (2nfd)sin (2 2nft) 


Two of the three outputs—the second 
and third terms—emerge at twice the 
input frequency; in practice, we're not 
interested in these, and filter them out. 
The remaining term—the one we're 
after—varies in amplitude and sign ac- 
cording to how far and in what direction 
the carrier shifts away from its resting or 
center frequency (at which the time delay, 
d, causes the mixer's RF and LO inputs to 
be exactly 90? out of phase—in quadra- 
ture—with each other). We can examine 
this effect by replacing f in equations 11 
and 12 with the sum term f, + f,, where f, 
is the center frequency and f, is the fre- 
quency shift. A 90? time delay is the same 
as a quarter cycle of f,, so we can restate d 
as 


_ 1 
4f, 


The first term of the detector's output 
then becomes 


d (14) 


a cos (2n(f, + f,)d) 
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Fig 15.16—1n quadrature detection, an angle-modulated signal multiplies with a 
time-delayed copy of itself to produce a dc voltage that varies with the amplitude 
and polarity of its phase or frequency excursions away from the carrier 
frequency. A practical quadrature detector can be as simple as a 0° power splitter 
(that is, a power splitter with in-phase outputs), a diode double-balanced mixer, a 
length of coaxial cable '/-À (electrical) long at the carrier frequency, and a bit of 
low-pass filtering to remove the detector output's RF components. IC quadrature 
detectors achieve their time delay with one or more resistor-loaded tuned circuits 


(Fig 15.17). 


When f, is zero (that is, when the carrier 


' js at its center frequency), this reduces to 


2 
A cos (3) =0 


. As the input signal shifts higher in fre- 

quency than f,, the detector puts out a posi- 
-tive de voltage that increases with the 
shift. When the input signal shifts lower in 
frequency than f,, the detector puts out a 
negative dc voltage that increases with the 
shift. The detector therefore recovers the 
input signal’s frequency or phase modula- 
tion as an amplitude-varying dc voltage 


(16) 


that shifts in sign as f, varies around f,— 


in other words, as ac. We have demodu- 
lated FM by means of quadrature detec- 
tion. 

An ideal quadrature detector puts out 


0 V dc when no modulation is present’ 


(with the carrier at f,). The output of a real 
quadrature detector may include a small 
dc offset that requires compensation. If we 


need the detector’s response all the way : 


down to dc, we’ ve got it; if not, we can put 


line for ac-only coupling. 
Quadrature detection is more common 
than frequency discrimination nowadays 
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` a blocking capacitor away. 
‚а suitable blocking capacitor inthe output ` 


because it doesn’t require a special dis- 
criminator transformer, and because the 
necessary balanced-detector circuitry can 
easily be implemented in IC structures 
along with limiters and other receiver cir- 
cuitry. The synchronous AM detector 
project later in this chapter uses such a 
chip, the Philips Components-Signetics 
NE604A, to do limiting and phase detec- 


' tion as part of a phase-locked loop (PLL); 


Fig 15.17 shows another example. 


PLL Angle Demodulation 


Back at Fig 15.14, we saw how a PLL 
can be used as an angle modulator. A PLL 
also makes a fine angle demodulator. Ap- 
plying an angle-modulated signal to a PLL 
keeps its phase detector and VCO hustling 
to^ maintain loop lock through the input 
signal's angle variations. The loop's error 
voltage therefore tracks the input signal's 
modulation, and its variations mirror the 
modulation signal. Turning the loop's 
varying dc error voltage into audio is just 


directly modulating the VCO in a PLL 
angle modulator, a PLL demodulator can 
respond down to dc quite nicely. A con- 


1N4148 


Fig 15.17—The Motorola MC3359 is one of many FM subsystem ICs that include 
limiter and quadrature-detection circuitry. The TIME DELAY coil is adjusted for 


minimum recovered- audio distortion. 


Mixers, Modulators and Demodulators | 


Although we can’t convey adc level by - 


stant frequency offset from f, (a dc com- 
ponent) simply causes a PLL demodulator 
to swing its VCO over to the new input 
frequency, resulting in a proportional dc 
offset on the VCO control-voltage line. 
Another way of looking at the difference 
between a PLL angle modulator and a PLL 
angle demodulator is that a PLL demodu- 
lator works with a varying reference sig- 
nal (the input signal), while a PLL angle 
modulator generally doesn't. 


Amplitude Limiting Required 

By now, it's almost household knowl- 
edge that FM radio communication sys- 
tems are superior to AM in their ability to 
suppress and ignore static, manmade elec- 
trical noise and (through an angle-modu- 
lation-receiver characteristic called cap- 
ture effect) cochannel signals sufficiently 
weaker than the desired signal. AM-noise 
immunity is not intrinsic to angle modula- 
tion, however; it must be designed into the 
angle-modulation receiver. 

If we note the progress of A from the 
left to the right side of the equal sign in 
equation 13, we realize that the amplitude 
of a quadrature detector's input signal af- 
fects the amplitude. of a quadrature 
detector's three output signals. A quadra- 
ture detector therefore responds to AM, 
and so does a frequency discriminator. To 
achieve FM's storied noise immunity, 
then, these angle demodulators must be 
preceded by limiting circuitry that re- 


-moves all amplitude variations from the. 


incoming signal.. 


PRACTICAL BUILDING BLOCKS 
FOR MIXING, MODULATION AND 
DEMODULATION 


So far, we've tended to look at mixing 
as a process that frequency-shifts one 
sinusoidal wave by mixing it with another. 
We need to expand our thinking to other 
cases, however, since it turns out that 
many practical mixers work best with 
$quare-wave Signals applied to their LO 
inputs. 


Sine-Wave Mixing, Square-Wave 
Mixing ; 
` Thinking of mixers as multiplying sine 
waves implies that mixers act like tiny 
analog computers performing millions of 
multiplications per second. It’s certainly 


‘possible to build mixers this way by using 


an IC mixer circuit (Fig 15.18) conceived 
in 1967 by Barrie Gilbert and widely : 
known as the Gilbert cell. (Gilbert himself 

was not responsible for this eponym; in- ` 


' deed, he has noted that a prior art search at 


the time found that essentially the same 
idea—used as a "synchronous detector" 


and not as true mixer—had already been 
: RU 
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Fig 15.18—The Gilbert cell mixer. The Motorola MC1496 and Philips Components- 
Signetics NE602A are based on this circuit. 


patented by H. E. Jones.) A Gilbert cell 
consists of two differential transistor pairs 
whose bias current is controlled by one of 
the input signals. The other signal drives 
the differential pairs’ bases, but only after 
being “predistorted” in a diode circuit. 
(This circuit distorts the signal equally and 
oppositely to the inherent distortion of the 
differential pair.) The resulting output 
signal is an accurate multiplication of the 
input voltages. 

Early Gilbert-cell ICs, such as the 
Motorola MC1495 multiplier, had a num- 
ber of disadvantages, including critical 
external adjustments, narrow bandwidth, 
and limited dynamic range. Modern 
Gilbert cells, such as the Burr-Brown 
MPY600 and Analog Devices AD834, 
overcome most of these disadvantages, 
and have led to an increase in usage of 
analog multipliers as mixers. Most practi- 
cal radio mixers do not work exactly as 
analog multipliers, however. In practice, 
they act more like fast analog switches. 

In using a mixer as fast switching 
device, we feed its LO input with a single- 
frequency square wave rather than a sine 
wave, and feed sine waves, audio, or other 
complex signals to the mixer’s RF input. 
The RF port serves as the mixer’s “linear” 
input, and therefore must preferably 
exhibit low intermodulation and harmonic 
distortion. Feeding a +1-У square wave 
into the LO input alternately multiplies the 
linear input by +1 or -1. Multiplying the 
RF-port signal by +1 just transfers it to the 
output with no change. Multiplying the 
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RF-port signal by —1 does the same thing, 
except that the signal inverts (flips 180° in 
phase). The LO port need not exhibit low 
intermodulation and harmonic distortion; 
all it has to do is preserve the switching 
signal’s fast rise and fall times. 

Using square-wave LO drive allows us 
to simplify the Gilbert multiplier by dis- 
pensing with its predistortion circuitry. 
The Motorola MC1496, still in wide use 
despite its age, is an example of this. The 
Philips Components-Signetics NE602A 
and its relatives, popular with Amateur 
Radio experimenters, are modern 
MC1496 descendants. The vast majority 
of Gilbert-cell mixers in current use are 
square-wave LO-drive types. In practice, 
though, we don't have to square the LO 
signals we apply to them to make them 
work well. All we need to do is drive their 
LO inputs with a sine wave of sufficient 
amplitude to overdrive the associated tran- 
sistors’ bases. This clips the LO wave- 
form, effectively resulting in square-wave 
drive. 


Reversing-Switch Mixers 


We can multiply a signal by a square 
wave without using an analog multiplier 
at all. All we need is a pair of balun trans- 
formers and four diodes (Fig 15.19A). 

With no LO energy applied to the 
circuit, none of its diodes conduct 
(Fig 15.19B). RF-port energy (1) can’t 
make it to the LO port because there’s no 
direct connection between the secondar- 
ies of T1 and T2, and (2) doesn’t produce 


IF output because T2's secondary balance 
results in energy cancellation at its center 
tap, and because no complete IF-energy 
circuit exists through T2's secondary with 
both of its ends disconnected from ground. 

Applying a square wave to the LO port 
biases the diodes so that, 50% of the time 
(Fig 15.19C), D1 and D2 are on and D3 
and D4 are reverse-biased off. This unbal- 
ances T2's secondary by leaving its upper 
wire floating and connecting its lower wire 
to ground through T1’s secondary and 
center tap. With T2's secondary unbal- 
anced, RF-port energy emerges from the 
IF port. 

The other 5096 of the time (Fig 15.19D), 
D3 and D4 are on and DI and D2 are re- 
verse-biased off. This unbalances T2's 
secondary by leaving its lower wire float- 
ing, and connects its upper wire to ground 
through T1's secondary and center tap. 
With T2's secondary unbalanced, RF-port 
energy again emerges from the IF port— 
shifted 180? relative to the first case be- 
cause T2's active secondary wires are 
now, in effect, transposed relative to its 
primary. 

A reversing switch mixer's output spec- 
trum is the same as the output spectrum of 
a multiplier fed with a square wave. This 
can be analyzed by thinking of the square 
wave in terms of its Fourier series equiva- 
lent, which consists of the sum of sine 
waves at the square wave frequency and 
all of its odd harmonics. The amplitude of 
the equivalent series’ fundamental sine 
wave is 4/n times (2.1 dB greater than) the 
amplitude of the square wave. The ampli- 
tude of each harmonic is inversely propor- 
tional to its harmonic number, so the third 
harmonic is only 1/3 as strong as the 
fundamental (9.5 dB below the funda- 
mental), the 5th harmonic is only 1/5 as 
strong (14 dB below the fundamental) and 
so on. The input signal mixes with each 
harmonic separately from the others, as if 
each harmonic were driving its own 
separate mixer, just as we illustrated with 
two sine waves in Fig 15.4. Normally, the 
harmonic outputs are so widely removed 
from the desired output frequency that 
they are easily filtered out, so a reversing- 
switch mixer is just as good as a sine- 
wave-driven analog multiplier for most 
practical purposes, and usually better—for 
radio purposes—in terms of dynamic 
range and noise. 

An additional difference between mul- 
tiplier and switching mixers is that a 
switching mixer's signal flow is revers- 
ible. It really only has one dedicated input 
(the LO input). The other terminals are can 
be thought of as I/O (input/output) ports, 
since either one can be the input as long as 
the other is the output. 


D1 & 02 on 


D3 & D4 off 


D1 & D2 off 
D3 & 04 on 


Conversion Loss 


At the instant of peak output voltage, a 
switching mixer’s waveform is a full- 
wave-rectified sine wave. Thus its aver- 
age output voltage equals that of a full- 


@ Denotes Winding Phasing 
Sec = Secondary 
Pri = Primary 


wave-rectified sine wave, which we know 
from power supply theory to be 2/7, or 
0.636, times the peak of the sine wave. 
The conversion loss of an ideal reversing- 
switch mixer is therefore 20 log 2/n, or 
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Fig 15.19—4 reversing-switch mixer 
uses fast switching devices, balanced 
transformers and square-wave LO drive 
to reverse the RF-port signal's phase at 
a rate determined by the LO frequency. 
(Diodes are shown, but BJTs and FETs 
can also be used, as we'll soon see.) 
With no LO drive (B), no RF-port 
energy shows up at the IF port because 
T2's secondary has no ground return. 
When the LO waveform goes positive, 
D1 and D2 turn on and D3 and D4 turn 
off, unbalancing T2's secondary and 
giving the IF port a ground return 
through T1's secondary and its center 
tap. When the LO waveform goes 
negative, D1 and D2 turn off and D3 
and D4 turn on, again unbalancing T2's 
secondary and again giving the IF port 
a ground return. RF-port energy gets 
through to the IF port in both states; 
alternately operating T2's secondary 
halves results in 180? phase reversal 
from state to state. 


3.9 dB. This is 2.1 dB better than an ideal 
multiplier, in which the peak output volt- 
ages of the sum and difference products are 
each half that of (6 dB lower than) the input 
signal, as reflected in the '/2 coefficients in 
the right-hand terms of equation 7. 

The switches and transformers in an 
ideal reversing-switch mixer dissipate no 
power, so an ideal reversing-switch mixer 
is lossless. If the LO driving signal con- 
tained no harmonics, half of the mixer's 
output power would show up in the sum 
product and half in the difference product, 
resulting in a 3-dB conversion loss relative 
to the RF-port signal. Some of the mixer's 
output goes into the sum and difference 
products of harmonic mixing, however; 
hence, the additional 0.9 dB of conversion 
loss, or 3.9 dB overall for an ideal revers- 
ing switch mixer. In practical mixers, 
switch and transformer losses increase con- 
version loss to a typical value of 6 dB. 


The Diode Double-Balanced Mixer: 
A Basic Building Block 


The most common implementation of a 
reversing switch mixer is the diode 
double-balanced mixer (DBM). DBMs 
can serve as mixers (including image- 
reject types), modulators (including 
single- and double-sideband, phase, 
biphase, and quadrature-phase types) 
and demodulators, limiters, attenuators, 
switches, phase detectors, and frequency 
doublers. In some of these applications, 
they work in conjunction with power 
dividers, combiners and hybrids. 


The Basic DBM Circuit 


We have already seen the basic diode 
DBM circuit (Fig 15.19). In its simplest 
form, a DBM contains two or more unbal- 
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anced-to-balanced transformers and a 
Schottky diode ring consisting of 4 x n di- 
odes, where n is the number of diodes in 
each leg of the ring. Each leg commonly 
consists of up to four diodes. 

As we've seen, the degree to which a 
mixer is balanced depends on whether 
either, neither or both of its input sig- 
nals (RF and LO) emerge from the IF port 
along with mixing products. An unbal- 
anced mixer suppresses neither its RF nor 
its LO; both are present at its IF port. A 
single-balanced mixer suppresses its RF or 
LO, but not both. A double-balanced mixer 
suppresses its RF and LO inputs. Diode and 
transformer uniformity in the Fig 15.19 
circuit results in equal LO potentials at the 
center taps of Т1 and T2. The LO potential 
at Tl's secondary center tap is zero 
(ground); therefore, the LO potential at the 
IF port is zero. f 

Balance in T2’s secondary likewise re- 
sults in an RF null at the IF port. The RF 
potential between the IF port and ground is 
therefore zero—except when the DBM’s 
switching diodes operate, of course! 

The Fig 15.19 circuit normally also af- 
fords high RF-IF isolation because its bal- 
anced diode switching precludes direct 
connections between Т1 and Т2. A diode 
DBM can be used as a current-controlled 
switch or attenuator by applying dc to its IF 
port, albeit with some distortion. This 
causes opposing diodes (D2 and D4, for 


IF 


instance) to conduct to a degree that de- 
pends on the current magnitude, connect- 
ing TI to T2. 

One extension of the single-diode-ring 
DBM is a double double-balanced mixer 
(DDBM) with high dynamic range and 
larger signal handling capability than a 
single-ring design. Fig 15.20 diagrams 
such a DDBM, which uses transmission- 
line transformers and two diode rings. This 
type of mixer has higher 1-dB compression 
point (usually 3 to 4 dB lower than the LO 
drive) than a DBM. Low distortion is atypi- 
cal characteristic of DDBMs. Depending 
on the ferrite core material used (ferrites 
with a magnetic permeability—p— of 100 
to 15,000), frequencies as low as a few 
hundred hertz and as high as a few giga- 
hertz can be covered. 


Diode DBM Components 


Commercially manufactured diode 
DBMs generally consist of: (A) a support- 
ing base; (B) a diode ring; (C) two or more 
ferrite-core transformers commonly wound 
with two or three twisted-pair wires; (D) 
encapsulating material; and (E) an enclo- 
sure. 


Diodes 


Hot-carrier (Schottky) diodes are the 
devices of choice for diode-DBM rings 
because of their low ON resistance, al- 
though ham-built DBMs for noncritical 


Fig 15.20—Five transmission-line transformers and two Schottky-quad rings form 
this double double-balanced mixer (DDBM). Such designs can provide lower 
distortion, better signal-handling capability and higher interport isolation than 


single-ring designs. 
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MF/HF use commonly use switching di- 
odes like the 1N914 or 1N4148. The for- 
ward voltage drop, Vy, across each diode in 
the ring determines the mixer's optimum 
local-oscillator drive level. Depending on 
the forward voltage drop of each of its di- 
odes and the number of diodes in each ring 
leg, a diode DBM may be categorized as a 
Level 0, 3, 7, 10, 13, 17, 23 or 27 device. 
The numbers indicate the mixer's optimal 
LO drive level in dBm. As a rule of thumb, 
the LO signal must be must 20 dB larger 
than the RF and IF signals for proper opera- 
tion. This ensures that the LO signal, rather 
than the RF or IF signals, switches the 
mixer's diodes on and off—a critical factor 
in minimizing IMD and maximizing dy- 
namic range. 

Schottky diodes are characterized by 
loss and contact resistance (R,), junction 
capacitance (Cj), and forward voltage drop 
(Vy) at a known current, typically 1 mA or 
10 mA. The lower the diode-to-diode V, 
difference in millivolts, the better the di- 
ode match at dc. (Some early diode DBM 
designs used diodes in series with a parallel 
resistor/capacitor combination for auto- 
matic biasing.) Better diode matching (in 
V,and Cj) results in higher isolation among 
the ports. Diodes capable of operating at 
higher frequencies have lower junction 
capacitance and lower parasitic inductance. 
Fig 15.21 shows the equivalent circuit for 
Schottky diodes of three package types. 


Beam Lead 


Packaged 


Fig 15.21—Its semiconductive properties 
aside, a Schottky diode can be represen- 
ted as a network consisting of resistance, 
capacitance and/or inductance. Of these, 
the junction capacitance (Cj) plays an 
especially critical role in a double- 
balanced mixer's high-end response. 
(R,=junction resistance, Rg=contact 
resistance, Lp=parasitic inductance and 
Cp-parasitic capacitance.) 


Manufacturers of diodes suitable for 
DBMs characterize their diodes as low- 
barrier, medium-barrier, high-barrier and 
very-high-barrier (usually two or more 
diodes in each leg), with typical Уу values 
of 220 mV, 350 mV, 600 mV and 1 V or 
more, respectively. Fig 15.22 shows a 
typical current-voltage (I-V) characteris- 
tic for a low-barrier Schottky quad capable 
of operating up to 4 GHz. Note that as 
current through the diodes increases, the 
V «difference among the ring's diodes also 
increases, affecting the balance. 
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Fig 15.22—Current-voltage (I-V) 
characteristic for Schottky diode quad, 
showing worst-case voitage imbalance 
(the spread between the two curves) 
among the four diodes. 
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Fig 15.23—A diode DBM's port-to-port 
isolation depends on how well its 
diodes match and how well its 
transformers are balanced. This graph 
shows LO-IF and LO-RF isolation 
versus frequency for a Synergy 
Microwave CLP-4A3 mixer. 
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At higher frequencies, diode packaging 
becomes critical and expensive. As the 
frequency of operation increases, the 
effect of junction capacitance and pack- 
age capacitance cannot be ignored. Part or 
all of the capacitance can be compensated 
atthe mixer's highest operating frequency 
by properly designing the unbalanced-to- 
balanced transformers. The transformer 
inductance and diode junction capacitance 
form a low-pass network with its cutoff 
frequency higher than the frequency of 
operation. Compensated in this way, 
diodes with a junction capacitance of 
0.2 pF can be used up to 8 to 10 GHz. 


Transformers 


From the DBM schematic shown in 
Fig 15.19, it's clear that the LO and RF 
transformers are unbalanced on the input 
side and balanced on the diode side. The 
diode ends of the balanced ports are 180? 
out of phase throughout the frequency 
range of interest. This property causes 
signal cancellations that result in higher 
port-to-port isolation. Fig 15.23 plots 
LO-RF and LO-IF isolation versus 
frequency for Synergy Microwave's 
CLP-4A3 DBM. Isolations on the order of 
70 dB occur at lower end of the band as a 
direct result of the balance among the four 
diode-ring legs and the RF phasing of the 
balanced ports. 

As we learned in our discussion of 
generic switching mixers, transformer 
efficiency plays an important role in de- 
termining a mixer's conversion loss and 
drive-level requirement. Core loss, copper 
loss and impedance mismatch all con- 
tribute to transformer losses. 

Ferrite in toroidal, bead, balun 
(multihole), or rod form can serve as DBM 
transformer cores. Radio amateurs com- 
monly use Fair-rite Mix 43 ferrite (u, 950), 
but if the mixer will be used over a wide 
temperature range, the core-material must 
be evaluated in terms of temperature coef- 
ficient and curie temperature (the tem- 
perature at which a ferromagnetic mate- 
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Fig 15.24—Transformers for DBMs: three-wire (A), and transmission-line (B). 
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rial loses its magnetic properties). In some 
materials, may change drastically across 
the desired temperature range, causing a 
frequency-response shift with tempera- 
ture. Once a suitable core material and 
form have been selected, frequency re- 
quirements determine the necessary core 
size. For a given core shape and size, the 
number of turns, wire size, and the number 
of twists determine transformer perfor- 
mance. Wire placement also plays an im- 
portant role. 

RF transformers combine lumped and 
distributed capacitance and inductance. 
The interwinding capacitance and charac- 
teristic impedance of a transformer’s 
twisted wires sets the transformer’s high- 
frequency response. The core’s н and size, 
and the number of winding turns, deter- 
mine the transformer’s lower frequency 
limit. Covering a specific frequency range 
requires a compromise in the number of 
turns used with a given core. Increasing a 
transformer’s core size and number of 
turns improves its low-frequency re- 
sponse. Cores may be stacked to meet 
low-frequency performance specs. 

Inexpensive mixers operating up to 
2 GHz most commonly use twisted trifilar 
(three-wire) windings made of a wire size 
between #36 and #32. The number of 
twists per unit length of wire determines 
a winding’s characteristic impedance. 
Twisted wires are analogous to transmis- 
sion lines, and can be analyzed in terms of 
distributed interwinding capacitance. De- 
creasing the number of twists lowers the 
interwinding capacitance and increases 
the frequency of operation. On the other 
hand, using fewer twists per inch than four 
makes winding difficult because the wires 
tend to separate instead of behaving as a 
single cable. 

The transmission-line effect predomi- 
nates at the higher end of a transformer’s 
frequency range. If two impedances, Z, 
and Z,, need to be matched through a trans- 
mission line of characteristic impedance, 
Zo; then 


ner (17) 


Fig 15.24 shows two types of transform- 
ers using twisted wires: (A) a three-wire 
type in which the primary winding is iso- 
lated from the secondary winding with a 
center tap, and (В) atwo-wire (transmission- 
line) type in which two sets of transmis- 
sion lines are interconnected to form a center 
tap at the secondary with a direct connection 
between primary and secondary. The pri- 
mary-to-secondary turns ratio determines the 
impedance match as shown in equation 17. 
The properties of these two transformer types 
can be summarized as follows: 

1. By virtue of its construction, the 
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Ground Pins 2, 5, 6, and 7 


Externally Connect 3 and 4 
to Form the IF Port 


Fig 15.25—How a typical commercial 
DBM is wired. The use of different wire 
colors for the transformers’ various 
windings speeds assembly and 
minimizes error. U1, a Schottky-diode 
quad, contains D1-D4 of Fig 15.19. 
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Fig 15.26—Conversion loss versus 
frequency for a typical diode DBM. The 
LO drive level is +7 dBm. 


three-wire transformer is less symmetri- 
cal at higher frequencies than the trans- 
mission-line type. 

2. The transformers’ lower cutoff fre- 
quency (fj ) is determined by the equation 


oL »4R (18) 


where 
L = inductance of the winding 
R = system impedance; for example, 
50 Q, 75 Q and so on; and 
о = 2nf,. 


3. The transmission-line transformer's 
upper cutoff frequency (fy) is determined 
by the highest frequency at which its 
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wires’ twists (that is, the coupling between 
them) allow it to function as a transmis- 
sion line of the proper characteristic im- 
pedance. 

4. Transformers convert one imped- 
ance, 7, (primary) to another, Z; (second- 
ary) according to the relationship 


= Z, (М)? (19) 


where N = secondary to primary turns 
ratio. Within certain limits, if Z, is varied, 
Z also varies to a new value multiplied by 
№2. Thus, a mixer designed for а 50-Q 
system may work in a 75-Q system with 
minor modifications. 


Diode DBMs in Practice 


Fig 15.25 shows the wiring of a typical 
commercial DBM made with toroidal 
cores. The wires are wrapped around the 
package pins and diode leads, and then 
soldered. In this unit, the LO transformer's 
primary winding connects across pins 7 
and 8; the RF-transformer primary, across 
pins 1 and 2. The pin pairs 3-4 and 5-6 are 
connected externally to form the trans- 
formers' secondary center taps, one of 
which (5-6, that of the LO transformer) 
connects to a common ground point while 
the other (3-4, that of the RF transformer) 
serves as the IF port. 

The DBM shown in Fig 15.25 has a dc- 
coupled IF port. If necessary, this DBM 
can be operated at a particular polarity 
(positive or negative) by appropriately 
connecting the LO, RF, IF and common 
ground points. 


DBM Specifications 


Most of the parameters important in 
building or selecting a diode DBM also 
apply to other mixer types. They include: 
conversion loss and amplitude flatness 
across the required IF bandwidth; varia- 
tion of conversion loss with input fre- 
quency; variation of conversion loss 
with LO drive, 1-dB compression point; 
LO-RF, LO-IF and RF-IF isolation; 
intermodulation products; noise figure 
(usually within 1 dB of conversion loss); 
port SWR; and dc offset, which is directly 
related to isolation among the RF, LO and 
IF ports. 


Conversion Loss 


Fig 15.26 shows a plot of conversion 
loss versus intermediate frequency in a 
typical DBM. The curves show conversion 
loss for two fixed RF-port signals, one at 
100 kHz and the another at 500 MHz, 
while varying the LO frequency from 100 
kHz to 500 MHz. 

Fig 15.27 plots a diode DBM's simu- 
lated output spectrum. Note that the RF 
input is -20 dBm and the IF output (the 


frequency difference between the RF and 
LO signals) is -25 dBm, implying a con- 
version loss of 5 dB. This figure also ap- 
plies to the sum of both signals (RF + LO). 

We minimize a diode DBM's conver- 
sion loss, noise figure and inter- 
modulation by keeping its LO drive high 
enough to switch its diodes on fully and 
rapidly. Fig 15.28 plots noise figure for 
the DDBM shown in Fig 15.20. Its 4-dB 
noise figure assumes ideal transformers 
and somewhat idealized diodes; typical 
mixers have a noise figure of 5 to 6 dB. 
Fig 15.29 plots conversion gain (loss) for 
the same mixer circuit. 

Insufficient LO drive results in in- 
creased noise figure and conversion loss. 
IMD also increases because RF-port sig- 
nals have a greater chance to control the 
mixer diodes when the LO levelis toolow. 


Dynamic Range: Compression, 
Intermodulation and More 


The output of a linear stage—including 
a mixer, which we want to act as a linear 
frequency shifter—tracks its input signal 
decibel by decibel, every 1-dB change in- 
put change in its input signal(s) corre- 
sponding to an identical 1-dB output 
change. This is the stage's first-order re- 
sponse. 

Because no device is perfectly linear, 
however, two or more signals applied to it 
generate sum and difference frequencies. 
These IMD products occur at frequencies 
and amplitudes that depend on the order 
of the IMD response as follows: 


* Second-order IMD products change 2 
dB for every decibel of input-signal 
change (this figure assumes that the 
IMD comes from equal-level input sig- 
nals), and appear at frequencies that 
result from the simple addition and sub- 
traction of input-signal frequencies. For 
example, assuming that its input band- 
width is sufficient to pass them, an 
amplifier subjected to signals, at 6 and 
8 MHz will produce second-order IMD 
products at 2 MHz (8-6) and 14 MHz 
(846). 

e Third-order IMD products change 
3 dB for every decibel of input-signal 
change (this also assumes equal-level 
input signals), and appear at frequen- 
cies corresponding to the sums and dif- 
ferences of twice one signal's fre- 
quency plus or minus the frequency of 
another. Assuming that its input band- 
width is sufficient to pass them, an am- 
plifier subjected to signals at 14.02 
MHz (fj) and 14.04 MHz (f2) produces 
third-order IMD products at 14.00 (2f, 
— f2), 14.06 (2f, — f1), 42.08 Qf, + f2) 
and 42.10 (2f; + fi) MHz. The subtrac- 
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Fig 15.27—Simulated diode-DBM output spectrum. Note that the desired aina 
products (the highest two products, RF – LO and RF + LO) emerge at a level 5 dB 
below the mixer’s RF input (-20 dBm). This indicates a mixer conversion loss of 
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Fig 15.28—Noise figure versus LO drive 
for a DDBM built along the lines of Fig 
15.20. 
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Fig 15.29—Conversion gain (loss) for a 
DDBM. Increasing a mixer’s LO level 
beyond that sufficient to turn its 
switching devices all the way on merely 
makes them dissipate more LO power 
and does not improve performance. 
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tive products (the 14.02- and 14.04- 
MHz products in this example) are close 
to the desired signal and can cause signi- 
ficant interference. Thus, third-order- 
IMD performance is of great importance 
in receiver mixers and RF amplifiers. 


It can be seen that the IMD order deter- 
mines how rapidly IMD products change 
level per unit change of input level. Nth- 
order IMD products therefore change by n 
dB for every decibel of input-level change. 

IMD products at orders higher than 
‘three can and do occur in communication 
systems, but the second- and third-order 

' products are most important in receiver 
front ends. In transmitters, third- and 
higher-odd-order products are important 

. because they widen the transmitted signal. 


Intercept Point 


The second type of dynamic range 
concerns the receiver’s intercept point, 
sometimes simply referred to as intercept. 
Intercept point is typically measured by 
applying two or three signals to the 
antenna input, tuning the receiver to count 
the number of resulting spurious re- 
sponses, and measuring their level rela- 
tive to the input signal. 

Because.a device's IMD products in- 
crease more rapidly than its desired output 
as the input level rises, it might seem that 
steadily increasing the level of multiple . 
signals applied to an amplifier would 
eventually result in equal desired-signal 
and IMD levels at the amplifier output. 
Real devices are incapable of doing this, 
however. At some point, every device 
overloads, and changes in its output level 
no longer equally track changes at its in- 
put. The device is then said to be operating 
in compression; the point at which its first- 

. order response deviates from linearity by 
1 dB is its 7-dB compression point. Push- 
ing the process to its limit ultimately leads 
to saturation, at which point input-signal 
increases no longer increase the output 
level. . 

The power level at which a device's 
second-order IMD products equal its first- 
order output (à point that must be extrapo- 
lated because the device is in compression 
by this point) is its second-order intercept 
point. Likewise, its third-order intercept 
point is the power ‘evel at which third- 
order responses equal the desired signal. 
Fig 15.30 graphs these relationships. 

Input filtering can improve second-or- 
der intercept point; device nonlinearities 
determine the third, fifth and higher-odd- 
number intercept points. In preamplifiers, 
third-order intercept point is directly re- 
lated to dc input power; in mixers, to the 


- local-oscillator power applied. 
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Second and third-order IMD can be measured using 
the setup of Fig A. The outputs of two signal generators 
are combined in a 3-dB hybrid coupler. Such couplers 
are available from various companies, and can be 
homemade. The 3-dB coupler should have low loss and 
should itself produce negligible IMD. The signa! genera- 
tors are adjusted to provide a known signal level at the 
output of the 3-dB coupler, say, -20 dBm for each of the 
two signals. This combined signal is then fed through a 
calibrated variable attenuator to the device under test. 
The shielding of the cables used in this system is 
important: At least 90 dB of isolation should exist 
between the high-level signal at the input of the attenua- 
tor and the low-level signal delivered to the receiver. 

The measurement procedure is simple: adjust the 
variable attenuator to produce a signal of known level at 
the frequency of the expected IMD product (f, + fp for 
second-order, 2f, — fo or 2f5 — f, for third-order IMD). 

To do this, of course, you have to figure out what 
equivalent input signal level at the receiver's operating 
frequency corresponds to the level of the IMD product 
you are seeing. There are several ways of doing this. 
One way—the way used by the ARRL Lab in their 
receiver tests—uses the minimum discernible signal. 
This is defined as the signal level that produces a 3-dB 
increase in the receiver audio output power. That is, you 
measure the receiver output level with no input signal, 
then insert a signal at the operating frequency and 
adjust the level of this input signal until the output power 
is 3 dB greater than the no-signal power. Then, when 
doing the IMD measurement, you adjust the attenuator 
of Fig A to cause a 3-dB increase in receiver output. The 
level of the IMD product is then the same as the MDS 
level you measured. 
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Testing and Calculating Intermodulation Distortion in Receivers 


К Receiver 
Under Test 


There are several things | dislike about doing the 
measurement this way. The problem is that you have to 
measure noise power. This can be difficult. First, you 
need an RMS voltmeter or audio power meter to do it at 
all. Second, the measurement varies with time (it’s 
noise!), making it difficult to nail down a number. And 
third, there is the question of the audio response of the 
receiver; its noise output may not be flat across the 
output spectrum. So | prefer to measure, instead of 
MDS, a higher reference level. 1 use the receiver's 
S meter as a reference. | first determine the input signal 
level it takes to get an S1 reading. Then, in the IMD 
measurement, | adjust the attenuator to again give an 
S1 reading. The level of the IMD product signal is now 
equal to the level | measured at S1. Note that this 
technique gives a different IMD level value than the 
MDS technique. That's OK, though. What we are trying 
to determine is the difference between the level of the 
signals applied to the receiver input and the level of the 
IMD product. Our calculations will give the same result 
whether we measure the IMD product at the MDS level, 
the S1 level or some other level. 

An easy way to make the reference measurement is 
with the setup of Fig A. You'll have to switch in a lot of 
attenuation (make sure you have an attenuator with 
enough range), but doing it this way keeps all of the 
possible variations in the measurement fairly constant. 
And this way, the difference between the reference 
level and the input level needed to produce the desired 
IMD product signal level is simply the difference in 
attenuator settings between the reference and IMD 
measurements. 


Fig A—Test setup for measurement 
of IMD performance. Both signal 
generators should be types such as 
HP 608, HP 8640, or Rhode & 
Schwarz SMDU, with phase-noise 
performance of —140 dBc/Hz or better 
at 20 kHz from the signal frequency. 


: Audio 
Power Meter 


(or use S meter) 


Fig 15.30—4 linear stage's output tracks its input decibel by decibel on a 1:1 
slope—its first-order response. Second-order intermodulation distortion (IMD) 
Intercept Point A 7 j products produced by two equal-level input signals (“tones”) rise on a 2:1 

/ slope—2 dB for every 1 dB of input increase. Third-order IMD products likewise 
r increase 3 dB for every 1 dB of increase in two equal tones. For each IMD order 
n, there is a corresponding intercept point IP, at which the stage's first-order 
and nth order products are equal in amplitude. The first-order output of real 
amplifiers and mixers falls off (the device overloads and goes into 
compression) before IMD products can intercept it, but intercept point is 
nonetheless a useful, valid concept for comparing radio system performance. 
The higher an amplifier or mixer's intercept point, the stronger the input 
signals it can handle without overloading. The input and output powers shown 


are for purposes of example; every device exhibits its own particular IMD 
profile. (After W. Hayward, Introduction to Radio Frequency Design, Fig 6.17) 
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Calculating Intercept Points 


Once we know the levels of the signals applied to the 
receiver input and the level of the IMD product, we can 
easily calculate-the intercept point using the following 
equation: 

neP, - Рм | 
IP, = р í (A) 

Here, n is the order, Рд is the receiver input power (of 
one of the input signals), Pim, is the power of the IMD 
product signal, and IP, is the nth-order intercept point. All 
powers should be in dBm. For second and third-order 
IMD, equation A results in the equations: 


20P, - Рум 
IP = е че ва ;AB) 
ЗеРд - Рм Е 
Бр (С) 


You can measure higher-order intercept points, too. 


Example Measurements 


To get a feel for this process, it’s useful to consider 
some actual measured values. 

The first example is a Rohde & Schwarz model EK085 
receiver with digital preselection. For measuring second- 
order IMD, signals at 6.00 and 8.01 MHz, at -20 dBm 
each, were applied at the input of the attenuator. The 
difference in attenuator settings between the reference 
measurement and the level needed to produce the 
desired IMD product signal level was found to be 125 dB. 
The calculation of the second-order IP is then: 


2(-20 dBm) - (-20 dBm - 125dB) 
e 2-1 
= -40 dBm + 20dBm + 125 dB 
= +105 dBm 


For IP3, we set the signal generators for 0 dBm at the . 
attenuator input, using frequencies of 14.00 and 14.01 
MHz. The difference in attenuator settings between the 
reference and IMD measurements was 80 dB, so: 


3(0 dBm) - (0 dBm – 80dB) 
in 8-1 
z 0 dBm + 80 qB = +40dBm 
2 
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. by solving equation A for Pa, then take the difference 


ОРЫН 2 : 
ID, = 3 (Ps + Prin) | (р) 


We also measured the IP4 of a Yaesu FT-1000D at the 
same frequencies, using attenuator-input levels of 
—-10 dBm. A difference in attenuator readings of 80 dB 
resulted in the calculation: 


. .. S(-10dBm) - (-10dBm – 80dB) 
IP, = E nr | 
_ -80dBm + 10dBm + 80dB _ -20dBm + 80dB 
"EE ü 2 


= +30dBm 


Synthesizer Requirements 


To be able to make use of high third-order intercept 
points at these close-in spacings requires a low-noise LO 
synthesizer. You can estimate the required noise perfor- 
mance of the synthesizer for a given IP, value. First, 
calculate the value of receiver input power that would 
cause the IMD product to just come out of the noise floor, 


between the calculated value of P, and the noise floor to 
find the dynamic range. Doing so gives the equation: 


Where ID; is the third-order IMD dynamic range in dB 
and Prin is the noise floor in dBm. Knowing the receiver 
bandwidth, BW (2400 Hz in this case) and noise figure, NF 
(8 dB) allows us to calculate the noise floor, P min: 


P -174 dBm + 10log(BW) + NF 
—174 dBm + 10log(2400) + 8 
-132 dBm 
The synthesizer noise should not exceed the noise floor 
when an input signal is present that just causes an IMD 


product signal at the noise floor level. This will be accom- 
plished if the synthesizer noise is less than: 


ID + 10log(BW) = 114.7 dB + 10109 (2400) 


= 148.5 dBc / Hz 


in the passband of the receiver. Such synthesizers hardly 
exist.—Dr. Ulrich L. Rohde, KA2WEU 


min 


At first glance, applying a diode DBM 
is easy: We feed the signal(s) we want to 
frequency-shift (at or below the maximum 
level called for in the mixer’s specifi- 
cations, such as —10 dBm for the Mini- 
Circuits SBL-1 and Synergy Microwave 
S-1, popular Level 7 parts) to the DBM’s 
RF port, feed the frequency-shifting sig- 
nal (at the proper level) to the LO port, and 
extract the sum and difference. products 
from the mixer’s IF port. 

There’s more to it than that, however, 
because diode DBMs (along with most 
other modern mixer types) are termina- 
tion-sensitive. That is, their ports—par- 


ticularly their IF (output) ports—must be 


resistively terminated with the proper im- ` 


pedance (commonly 50 Q, resistive). A 
wideband, resistive output termination is 
particularly critical if a mixer is to achieve 
its maximum dynamic range in receiving 
applications. Such a load can be achieved 
by 


* terminating the mixer in a 50-Q resistor 
or attenuator pad (a technique usually 
avoided in receiving applications be- 
cause it directly degrades system noise 
figure); 

* terminating the mixer with a low-noise, 
high-dynamic-range post-mixer ampli- 
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fier designed to exhibit a wideband re- 
sistive input impedance; or 

* terminating the mixer in a diplexer, a 
frequency-sensitive signal splitter 
that appears as a two-terminal resis- 
tive load at its input while resistively 
dissipating unwanted outputs and 
passing desired outputs through to 
subsequent circuitry. 


Termination-insensitive mixers are 
available, but this label can be mis- 
leading. Some termination-insensitive 
mixers are nothing more than a termi- 
nation-sensitive mixer packaged with 
an integral post-mixer amplifier. True 
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Both tuned circuits 
resonate at 9 MHz. 
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(B) 
Fig 15.31—A diplexer resistively terminates energy at 
unwanted frequencies while passing energy at desired 


frequencies. This band-pass diplexer (A) uses a series- : ETHER 
tuned circuit as a selective pass element, while a high-C Pho НЕЙ 
parallel-tuned circuit keeps the network's terminating WES 


resistor from dissipating desired-frequency energy. 

Computer simulation of the diplexer's response with 

ARRL Radio Designer 1.0 (B, C and D) characterizes the uu БӨ ТӨЗ 93 94 95 
diplexer's insertion loss and good input match from ‘Freq [MHz] 
1 to 100 MHz (B) and from 8.8 to 9.2 MHz (C); and the real 

and imaginary components of the diplexer’s input (D) 
impedance from 8.8 to 9.2 MHz with a 50-Q load at the 

diplexer’s output terminal. The high-C, low-L nature of the 

L2-C2 circuit requires that C2 be minimally inductive; a 

10,000-pF chip capacitor is recommended. This diplexer 

was described by Ulrich L. Rohde and T. T. N. Bucher in 

Communications Receivers: Principles and Design. 
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Fig 15.32—All of the inductors and capacitors in this high-pass/low-pass diplexer (A) exhibit a reactance of 70.7 О at its tuned 
circuits’ 3-dB cutoff frequency (the geometric mean of the IF and IF image). B and C show ARRL Radio Designer simulations of 
this circuit configured for use in a receiver that converts 7 MHz to 3.984 MHz using a 10.984-MHz LO. The IF image is at 17.984 
MHz, giving a 3-dB cutoff frequency of 8.465 MHz. The inductor values used in the simulation were therefore 1.33 uH (Q = 200 
at 25.2 MHz); the capacitors, 265 pF (О = 1000). This drawing shows idler load and “50-0 Amplifier" connections suitable for a 
receiver in which the IF image falls at a frequency above the desired IF. For applications in which the IF image falls below the 
desired IF, interchange the 50-0 idler load resistor and the diplexer's “50-0 Amplifier" connection so the idler load terminates 
the diplexer low-pass filter and the 50-Q amplifier terminates the high-pass filter. 


termination-insensitive mixers are less 
common and considerably more elaborate. 
Amateur builders will more likely use one of 
the many excellent termination-sensitive 
mixers available in connection with a 
diplexer, post-mixer amplifier or both. 

Fig 15.31 shows one diplexer implemen- 
tation. In this approach, L1 and C1 form a 
series-tuned circuit, resonant at the desired 
IF, that presents low impedance between the 
diplexer's input and output terminals at the 
IF. The high-impedance parallel-tuned cir- 


cuit formed by L2 and C2 also resonates the 
desired IF, keeping desired energy out of the 
diplexer's 50-Q load resistor, R1. 

The preceding example is called a band- 
pass diplexer. Fig 15.32 shows another type: 
ahigh-pass/low-pass diplexer in which each 
inductor and capacitor has a reactance of 
70.7 Q at the 3-dB cutoff frequency. It can 
be used after a “difference” mixer (a mixer 
in which the IF is the difference between the 
signal frequency and LO) if the desired IF 
and its image frequency are far enough apart 
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so that the image power is “dumped” into the 
network’s 51-Q resistor. (For a “summing” 
mixer—a mixer in which the IF is the sum of 
the desired signal and LO— interchange the 
50-Q idler load resistor and the diplexer's 
“50-0 Amplifier” connection.) Richard 
Weinreich, KÓUVU, and R. W. Carroll de- 
scribed this circuit in November 1968 QST 
as one of several absorptive TVI filters. 
Fig 15.33 shows a BJT post-mixer 
amplifier design made popular by Wes 
Hayward, W7ZOI, and John Lawson, 
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KSIRK. RF feedback (via the 1-kQ resistor) 
and emitter degeneration (the ac-coupled 
5.6-Q emitter resistor) work together to keep 
the stage’s input impedance low and uni- 
formly resistive across a wide bandwidth. 


Post Mixer 
Amplifier 


Amplitude Modulation with a DBM 


Wecan generate DSB, suppressed-carrier 
AM witha DBM by feeding the carrier to its 
RF port and the modulating signal to the IF 
port. This is a classical balanced modulator, 


0.01 uF 


6 -dB Attenuator 


с 
0.01 uF 1500 


Fig 15.33—The post-mixer amplifler from Hayward and Lawson's Progressive 
Commmunications Receiver (November 1981 QST). This amplifler's gain, 


including the 6-dB loss of the attenuator pad, is about 16 dB; its noise figure, 4 to 
5 dB; it output intercept, 30 dBm. The 6-dB attenuator is essential if a crystal filter 
follows the amplifier; the pad isolates the amplifier from the filter's highly reactive 
input impedance. This circuit’s input match to 50 Q below 4 MHz can be improved 
by replacing 0.01-иР capacitors C1, C2 and C3 with low-inductance 0.1-uF units 
(chip capacitors are preferable). 


Q1—TO-39 CATV-type bipolar 
transistor, frz1 GHz or greater. 
2N3866, 2N5109, 2SC1252, 2SC1365 


T1—Broadband ferrite transformer, 
242 uH per winding: 10 bifilar turns of 
#28 enameled wire on an FT73-43 


or MRF586 suitable. Use a small heat 
sink on this transistor. 


core. 


10-dB 
Attenuator 


+10 dBm 
Carrier 


Futl—Carrier 
3-dBm AM Output 
Power 
Combiner 


3-dB 
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Carrier +13 dBm 
Generator 


+10 dBm 


(Carrier, 
-3 dBm) 


6-dB 


Attenuator Sidebands 


Levels do not include 
splitter /combiner 
insertion loss. 


Modulation 
Source 


Fig 15.34—Generating full-carrier AM with a diode DBM. 
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and the result—sidebands at radio frequen- 
cies corresponding to the carrier signal plus 
audio and the RF signal minus audio— 
emerges from the DBM'sLO port. If we also 
want to transmit some carrier along with the 
sidebands, we can dc-bias the IF port (with 
acurrentof 10to20 mA)toupsetthe mixer's 
balance and keep its diodes from turning all 
the way off. (This technique is sometimes 
used for generating CW with a balanced 
modulator otherwise intended to generate 
DSB as part of an SSB-generation process.) 
Fig 15.34 shows a more elegant approach to 
generating full-carrier AM with a DBM. 
As we saw earlier when considering the 
many faces of AM, two DBMs, used in con- 
junction with carrier and audio phasing, can 
be used to generate SSB, suppressed-carrier 
AM. Likewise, two DBMs can be used with 
RF and LO phasing as an image-reject mixer. 


Phase Detection with a DBM 


As we saw in our exploration of quadra- 
ture detection, applying two signals of equal 
frequency toa DBM’s LO and RF ports pro- 
duces an IF-port dc output proportional to 
the cosine of the signals’ phase difference 
(Fig 15.35). (This assumes that the DBM 
has a dc-coupled IF port, of course. If it 
doesn’t—and some DBMs don’t—phase- 
detector operation is out.) Any dc output 
offset introduces error into this process, so 
critical phase-detection applications use 
low-offset DBMs optimized for this service. 


- 
3 
a 
45 
3 
o 
о 
о 


A Phase (degrees) 


Fig 15.35—A phase detector’s dc output 
is the cosine of the phase difference 
between its input and reference signals. 


Fig 15.36—Mixing a carrier with a 
square wave generates biphase-shift 
keying (BPSK), in which the carrier 
phase Is shifted 180° for data 
transmission. In practice, as in this 
drawing, the carrier and data signals 
are phase-coherent so the mixer 
switches only at carrier zero crossings. 


Biphase-Shift Keying Modulation with 
a DBM 


Back in our discussion of square-wave 
mixing, wé saw how multiplying a switch- 
ing mixer’s linear input with a square wave 


causes a 180° phase shift during the nega- 
tive part of the square wave’s cycle. As Fig 
15.36 shows, we can use this effect to pro- 
duce biphase-shift keying (BPSK), a digital 
system that conveys data by means of car- 
rier phase reversals. A related system, 


2.5V 
Injection 


Fig 15.37—Two 2N4416 JFETs provide high dynamic range in this mixer circuit 
from Sabin 1970. L1, C1 and C2 form the input tuned circuit; L2, C3 and C4 tune 
the mixer output to the IF. The trifilar input and output transformers are 
broadband transmission-line types. | 


`25К125 


IF OUTPUT 


Bal 
9059 (69 MHz) 


2SK125 


Fig 15.38—The ICOM IC-765’s single-balanced 2SK125 mixer achieves a high 
dynamic range (per QST Product Review, an IP, of 10.5 dBm at 14 MHz with 
preamp off) with arrangement very much like Sabin’s. The first receive mixer in 
many commercial Amateur Radio transceiver designs of the 1980s and 1990s 
used a 2SK125 pair in much this way. 


quadrature phase-shift keying (QPSK) uses 
two DBMs and phasing to convey data by 
phase-shifting a carrier in 90? increments. 


Transistors as Mixer Switching - 
Elements - К 


We’ve covered diode DBMs in depth 
because their home-buildability, high 
performance and suitability for direct con- 
nection into 50-Q systems makes them at- 
tractive to Amateur Radio builders. The 
abundant availability of high-quality 
manufactured diode mixers at resonable 


_ prices make them excellent candidates for 


home-construction projects. Although di- 


. ode DBMs are common in telecommuni- 


cations as a whole, their conversion loss 
and relatively high LO power requirement 
have usually driven the manufacturers of 
high-performance MF/HF Amateur Radio - 
receivers and transceivers to other solu- 
tions. Those solutions have generally in- 
volved single- or double-balanced FET 
mixers—MOSFETs in the late 1970s and 
early 1980s, JFETs from the early 1980s 
to date. Many of the JFET designs are 
variations of a single-balanced.mixer cir- 
cuit introduced to QST readers in 1970! 
Fig 15.37 shows the circuit as it was 
presented by William Sabin in "The Solid- 


` State Receiver," QST, July 1970. Two 


2N4416 JFETs operate in a common- 
source configuration, with push-pull RF 
input and parallel LO drive. Fig 15.38 


„shows a similar circuit as implemented in 


the ICOM IC-765 transceiver. In this ver- 


. sion, the JFETs (2SK125s) operate in com- 


mon-gate, with the LO applied across a 
220-Q resistor between the gates and 
ground. 

Bipolar junction transistors can also 
work well in switching mixers. In June 
1994 QST, Ulrich Rohde, KA2WEU, pub- 
lished a medium-frequency mixer well- 


: suited to shortwave applications and 


home-built projects. Shown in Fig 15.39, 
it consists oftwo transistors in a push-pull, 
single-balanced configuration. Because of 
the degenerative feedback introduced by 
the 20-Q emitter resistors, the two transis- 
tors need not be matched. This mixer's 
advantage lies in its achievement of a 
33-dBm output intercept with only 17 
dBm of local oscillator drive. (Typically, | 
a diode DBM with the same IMD perfor- 
mance requires 25 to 27 dBm of LO drive.) 
Tests indicate that the upper frequency 
limit of this mixer lies in the 500-MHz 
region. The circuit’s lower frequency limit 
depends on the transformer inductances 
and the ferrites used for the transformer 
cores. 

Examining the state of the art in the 
1990s, however, we find that the best re- 
ceive-mixer dynamic ranges are achieved 
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Fig 15.39—This 
single-balanced, 
push-pull BJT 
mixer achieves a 
high dynamic range 
(IP, =33 dBm) with 
15 to 17 dBm of LO 
drive. Its Insertion 
loss is approx- 
imately 6 dB. A 
diode-ring mixer 
would require 25 to 
27 dBm of LO drive 
to achieve the same 
ІРз. 


г» 


235179 


235179 


134004 


(15 to 17 dBm) 


with quads of RF MOSFETs operating as 
passive switches, with no drain voltage 
applied. The best of these techniques in- 
volves following a receiver’s first mixer 
with a diplexer and low-loss roofing crys- 
tal filter, rather than terminating the mixer 
in a strong wideband amplifier. 


A High-Dynamic-Range MF/HF 
Front End 

Jacob Mahkinson, N6NWP, achieved 
outstanding results with the more tradi- 
tional arrangement shown in Figs 15.40, 
15.41, 15.42, 15.43 and 15.44. A mono- 
lithic DMOS FET quad, the Calogic 
508901 (Fig 15.40), serves as the core of 
his system, which was experimentally 
built for 14-MHz reception with a 9-MHz 
IF. The system was described in February 
1993 QST. 


The Mixer 


Fig 15.41 shows the mixer/diplexer 
schematic. Т1 matches the 50-Q source 
(the preamplifier) to U2's RF port, and T2 
matches U2's IF port to a 50-O load—the 
post-mixer amplifier. 

In a commutation mixer, there is a com- 
promise between conversion loss and 
intermodulation distortion. The imped- 
ance ratios of transmission-line transform- 
ers Т1 and T2 are chosen to achieve low 
intermodulation distortion while keeping 
conversion loss at an acceptable level. 
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Fig 15.40—The N6NWP front end uses а 
Calogic SD8901 DMOS FET quad mixer. 


The LO waveform applied to U2 is of 
great importance. To achieve a high inter- 
cept point, the LO drive must approach an 
ideal square wave with a 50% duty cycle. 
Flip-flop U1B divides the LO signal fre- 
quency by two and provides 50% duty 
cycle square waves at its complimentary 
outputs. The offset bias adjustment po- 
tentiometers, R6 and R7, allow compen- 
sation for mismatch among the SD8901's 
MOSFETs and ensure that the commuta- 
tion mixer switches operate in a 50% duty 
cycle mode. U1A provides a signal that 
can be applied to a digital frequency 
counter. 

The mixer's intercept point also de- 
pends on the LO drive level. Zener diode 
DI establishes the power supply voltage 
for U1 and, therefore, the voltage swing at 
the mixer LO port. In the interest of ob- 
taining a high intercept point, a 9.1-V di- 
ode is used at D1. This voltage exceeds the 
74HC74's maximum supply specification. 
Experiments with samples from different 
manufacturers show that there is a consid- 
erable safety margin, however: The 
74HC74s tested failed when the power 
supply was adjusted to around 11 V. Those 
who feel uncomfortable in exceeding the 
part’s maximum rating may use a 6.8-V 
Zener diode at the cost of a few decibels in 
the intercept point value. 

A band-pass diplexer follows the mixer. 
It comprises L1, C8, C9, L2, C10, Cll, 
R10 and R11. The 9-MHz signal passes 
through this network with minimum at- 
tenuation, while out-of-passband signals 
over a wide frequency range are dissi- 
pated. Resistor R10 presents a 50-Q im- 
pedance to the mixer, while R11 presents 
a 50-Q impedance to the input of the post- 
mixer amplifier. C7 cancels the inductive 
reactance of the mixer's input source. 

The measured performance of the 
mixer/diplexer circuit is: third-order out- 
put intercept, 35 dBm; 1-dB output com- 
pression point, 16 dBm; 1-dB output de- 
sensitization (blocking) point, 15 dBm; 
insertion loss, 7 dB. 


The Preamplifier 

The push-pull preamplifier (Fig 15.42) 
uses MRF586s in a “noiseless feedback" 
configuration. BIAS controls R12 and R14 
allow the collector current of each transis- 
tor to be adjusted to the desired value of 
25 mA. T3 matches the amplifier input to 
the 50-Q band-pass input filter; T4 
matches the preamp output to the mixer 
signal port. 

Transformers T5 and T6 couple part of 
the collector signal back into the emitter 
(negative feedback), set the gain to 8 dB, 
and set the input and output impedances 
to 50 Q. C12 cancels the inductive reac- 


ив 01 
74HC74 ~ 1N5239 


Diplexer 


GND CLR1 
L1 0.88 uH 


RIO 49.9 R11 49.9 to 


Post-Mixer 
Amplifier 


from 
Preamp 


| U2 
@ Phasing Si8901, or SD8901 


Fig 15.41—The front end's mixer 
circuitry uses the SD8901 in 
conjunction with a 74HC74 dual flip- 
flop, a diplexer network and a VFO 
operating in the 10.5-MHz region— 
twice the frequency necessary to 
convert 14-MHz signals to the system's 
9-MHz IF. Both 74HC74 sections divide 
the LO frequency by two and square it; 
one section (U1A) provides LO output 
for a frequency counter, and the other 
(U1B) drives the mixer's LO port. The 
OFFSET BIAS CONtrols adjust mixer 
balance. D1 sets the 74HC74's supply 


Erom voltage at a level considerably higher 

put y тар г 

Band—Pass than the part’s specified 6-V maximum; 
Filter see text. See the parts list sidebar for 


component information. 


100 uH 


c19 
Q2 
MRF586 0.1 


Fig 15.42—The front end’s input 
preamplifier consists of two MRF586 
Except as indicated, decimo! values of transistors operating in push-pull. The 
capacitance are in microfarads (uF); BIAS Controls individually adjust the 
others are in picofarads (pF ); transistors’ collector currents to the 
resistances are in ohms. desired 25 mA. See the parts list 

t= turns sidebar for component information, 

@ Phasing and Fig 15.44 for how to wind 

Т5 and T6. 
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Except as indicated, decimal volues of 
capacitance are in microfarads (mF); 
others are in picofarads (pF ); 
resistances are in ohms. 
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Ж Use heat sink 
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to 
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Fig 15.43—Another push-pull MRF586 pair, this time biased to a collector current of 40 mA per device, serves as the front 
end’s post-mixer amplifier. A 1:9 transformer steps the amplifier’s 50-Q output up to 450 Q for a reasonable match to the 
system’s 500-Q crystal filter (manufactured by KVG). The 6-dB pad is essential in preserving this stage’s high dynamic 
range: It buffers the amplifier from the crystal filter’s highly reactive input impedance. See the parts list sidebar for 
component information, and Fig 15.44 for how to wind T9 and T10. 


Fig 15.44—Transformers T5, T6, T9 and 
T10 are wound with #32 wire on two- 
3402 hole ferrite cores (see the parts list 
Balun Core sidebar for core information). Wind the 

1-turn winding (1-2) first, the 3-turn 
winding (4-3) second and the 5-turn 
winding (5-4) third. 


@ Phosing 


22 
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Parts List for the NGNWP High-Dynamic Range Front End 


Unless indicated otherwise, all of the circuits’ resistors are '/4-W 1% tolerance, and all of the capacitors are 
20%-tolerance ceramic. C7-C12 and C20 are dipped mica, polyester film or epoxy-coated ceramic. 


U1—74HC74 CMOS flip-flop. 

U2—Calogic Corporation SD8901HD 
mixer. 

U3—LM317MP adjustable voltage 
regulator IC. 

U4—LM337MP adjustable voltage 
regulator IC. 

Q1-Q4—Motorola MRF586 RF 
transistor. Use heat sink 
(Thermalloy 2228B or Aavid 3257) 
on Q3 and Q4. 


RF Input, 
(1.8 to 30 MHz) 


F 74-1 
1:4 


Signal 
Generator 
(21.6 to 
46MHz) 


T1, T2—Mini-Circuits T4-1 4:1 RF 
transformer. 

T3, T4, T7, T8—Mini-Circuits T1-1 1:1 
RF transformer. 

T11—Mini-Circuits T9-1 9:1 RF 
transformer. .- 

L3-L8—100-LH RF choke. 

L1, L2—Toko 332PN-T10122 (Digi- 
Key TK5130) 1.0-uH variable 
inductor. 

R6, R7—2-kQ multiturn potentiometer. 

R12, R14, R16, R18—200-O multiturn 
potentiometer. 


505000 


4 х 1000 


р 


Мес CLR D СК SET Q а 


74AC74N 
GND 


4,7,8,9,10 


01—9.1-У, 0.5-W Zener diode, 
1N5239 suitable. See text. 

C7—39 pF +10%. 

C8, C10—330 pF +5%. 

C9, C11—22 pF +5%. 

C12—27 pF +10%. 

C20—100 pF +10%. 

T5, T6, T9, T10—homemade trifilar 
transformer wound with 432 enam- 
eled wire on Amidon BN-43-2402 
core (Fair-Rite 2843002402) as per 
Fig 15.44. 


C) = 
Substrate Bias, 7.5 V 


n 


IF Output 
(9 MHz) 


Fig 15.45—Colin Horrabin's DMOS FET quad switching mixer implements Mahkinson's approach with advanced CMOS flip- 
flops (74AC74Ns operated within their supply ratings) and the Siliconix SD5000 quad DMOS FET. Substrate bias (-7.5 V) is 
necessary to keep the SD5000’s built-in diodes turned off. The ferrite bead on the 74AC74N’s Vee pin, and the 100-0 resistors 
in series with the SD5000's gate-drive lines, maximize the mixer's dynamic range by damping ringing, thus keeping the 
mixer's LO waveform square. The cars sias trimmers are set for best mixer balance at a gate-bias level of about 4.5 V. 
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tance of the mixer’s source impedance at 
14 MHz. (In a multiband receiver, this 
capacitor may be part of switchable 
preselector filters.) The measured perfor- 
mance of the circuit is: third-order output 
intercept, 48 dBm; 1-dB output compres- 
sion point, 25 dBm; gain, 8.0 dB; noise 
figure, 2.0 dB; -1-dB frequency response 
Buffer 1 to 40 MHz. This performance fully meets 
the preamplifier design goals. 


2 О IF Out 


Post-Mixer Amplifier 

The post-mixer amplifier (Fig 15.43) 
uses the same basic configuration as the 
preamplifier. Bias controls R16 and R18 
allow adjustment of the MRF586s’ collec- 
tor current to 40 mA per device. This value 
is 15 mA higher than the preamplifier’s 
device standing currents to overcome the 
negative effects of load on the post-mixer 
amplifier’s intercept point. T11, a trans- 
mission-line transformer, matches the crys- 
tal filter’s impedance (500 Q in this case) 
to the amplifier’s 50-Q output impedance. 
C20 cancels the inductive reactance of the 
amplifier’s input source. The measured 
performance of the post-mixer amplifier, 


Fig 15.46—The NE602A’s equivalent circuit reveals its Gilbert-cell heritage. 


Inputs 
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Fig 15.47—The NE602A’s inputs and outputs can be single- or double-ended (balanced). The balanced configurations 
minimize second-order IMD and harmonic distortion, and unwanted envelope detection in direct-conversion service. 

C, tunes its inductor to resonance; Cs is a bypass or dc-blocking capacitor. The arrangements pictured don't show all the 
possible input/output configurations; for instance, you can also use a center-tapped broadband transformer to achieve a 
balanced, untuned input or output. 
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Fig 15.48—Three МЕ602А oscillator configurations: crystal overtone (A); crystal 
fundamental (B); and LC-controlled (C). T1 in C is a Mouser 10.7-MHz IF 
transformer, green core, 7:1 turns ratio, part no. 421F123. 


terminated by a 9-MHz filter via the 6-dB 
pad, is: third-order input intercept, 34 dBm; 
1-dB input compression point, 18 dBm; 
gain, 8.0 dB; and noise figure, 2.5 dB. 


Using the Siliconix SD5000 DMOS 
FET Quad in a Switching Mixer 


Mahkinson's circuit operates its 
74HC7AN flip-flops above their maximum 
supply-voltage limit, and the SD8901 is 
relatively difficult to obtain. Following up 
on Mahkinson's design in the Radio Soci- 
ety of Great Britain's Radio Communica- 
tion (Technical Topics, September 1993) 


Colin Horrabin, G3SBI, used 74AC74N 
“advanced CMOS” flip-flops in conjunc- 
tion with the easier-to-obtain SD5000 
Siliconix quad DMOS FET (Fig 15.45). 
Input intercepts of at least 42 dBm (HF 
bands) and 46 dBm (1.8 MHz) were ob- 
tained with this arrangement. 


The Ubiquitous NE602: A Popular 
Gilbert Cell Mixer 

Introduced as the NE602 in the mid- 
1980s, the Philips Components-Signetics 
NE602A mixer-oscillator IC has become 
greatly popular with amateur experiment- 
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ers for transmit mixers, receive mixers and 
balanced modulators. Fig 15.46 shows its 
equivalent circuit. The NE602A’s typical 
current drain is 2.4 mA; its supply voltage 
range is 4.5 to 8.0. 

As we learned in exploring sine-wave 
versus square-wave mixing, the NE602’s 
mixer is a Gilbert cell multiplier. Its in- 
puts (RF) and outputs (IF) can be single- 
or double-ended (balanced) according to 
design requirements (Fig 15.47). Each 
input’s equivalent ac impedance is ap- 
proximately 1.5 kQ in parallel with 3 pF; 
each output’s resistance is 1.5 kQ. The 
mixer can typically handle signals up to 
500 MHz. At 45 MHz, its noise figure is 
typically 5.0 dB; its typical conversion 
gain, 18 dB. Considering the NE602A’s 
low current drain, its input IP; (measured 
at 45 MHz with 60-kHz spacing) is use- 
fully good at –15 dBm. Factoring in the 
mixer’s conversion gain results in an 
equivalent output ІР; of about 5 dBm. 

The NE602A’s on-board oscillator can 
operate up to 200 MHz in LC and crystal- 
controlled configurations (Fig 15.48 
shows three possibilities). Alternatively, 
energy from an external LO can be applied 
to the chip's pin 6 via a dc blocking ca- 
pacitor. At least 200 mV P-P of external 
LO drive is required for proper mixer op- 
eration. 


NE602A Usage Notes 


The '602 was intended to be used as the 
second mixer in double-conversion FM 
cellular radios, in which the first IF is typi- 
cally 45 MHz, and the second IF is typi- 
cally 455 kHz. Such a receiver's second 
mixer can be relatively weak in terms of 
dynamic range because of the adjacent- 
signal protection afforded by the high se- 
lectivity of the first-IF filter preceding it. 
When used as a first mixer, the '602 can 
provide a two-tone third-order dynamic 
range between 80 and 90 dB, but this fig- 
ure is greatly diminished if a preamplifier 
is used ahead of the '602 to improve the 
system's noise figure. 

When the '602 is used as a second 
mixer, the sum of the gains preceding it 
should not exceed about 10 dB. NE602 
product detection therefore should not 
follow a high-gain IF section unless ap- 
propriate attenuation is inserted between 
the *602 and the IF strip. 

The '602 is generally not a good choice 
for VHF and higher-frequency mixers be- 
cause of its input noise and diminishing 
IMD performance at high frequencies. 
There are applications, however, where 
6-dB noise figures and 60- to 70-dB dy- 
namic range performance is adequate. If 
your target specifications exceed these 
numbers, you should consider other mix- 
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Fig 15.49—The synchronous 
detector operates in the 450- to 455- 
kHz region. Except as otherwise 
specified, its fixed-value resistors 
are !/4-W, 5%-tolerance units, and its 
capacitors’ working voltages can be 
10 or higher. See the References 
chapter for a list of part suppliers 
addresses that includes addresses 
of the firms mentioned below. 

D1, D2—-BB809 or BB409 tuning 
diode. Each of these, a “28-V” 
diode, exhibits approximately 33 
pF at 2 V and an unusually high 
voltage-versus-capacitance slope 
of 10. Two paralleled 30-V 
Motorola tuning diodes (one 
MV2109 [^45 pF at 2 V] and one 
MV2105 [^18 pF at 2 V], both with 
a slope of 3) may serveas a 
substitute for each BB809 or 
BB409. 

L1—Approximately 215 uH. Toko 
RWRS-T10192 (nominally 220 uH, 
Q of 100 at 796 kHz, available as 
Digi-Key Corp no. TK1223), 
Suitable. 

R1—50-kQ trimmer. 

R2—10-kQ linear control. 

T1—13 trifilar turns of #28 enameled 
wire, twisted, on an FT-37-77 
toroidal ferrite core. 

Ut, U2—Signetics NE602N, 
NE602AN, SA602N, SA602AN 
mixer/oscillator 1С. 

U3—Signetics NE604N, NE604AN, 
SA604N or SA604AN FM receiver 
subsystem IC. 


ers at VHF and up. 


NE602A Relatives 


The NE602A (SA602A for operation 
over a wider temperature range) began life 
as the NE602/SA602, a part witha slightly 
lower IP; than the A version. The pinout- 
identical NE612A/SA612A costs less as a 
result of wider tolerances. All of these 
parts should nonetheless work satisfacto- 
rily in most “NE602” experimenter 
projects. The same mixer/oscillator topol- 
ogy, modified for slightly higher dynamic 
range at the expense of somewhat less 
mixer gain, is also available in the Philips 
Components-Signetics mixer/oscillator/ 
FM IF chips NE/SA605 (input IP}, typi- 
cally -10 dBm) and NE/SA615 (input IP,, 
typically -13 dBm). 


A Synchronous AM Detector for 
455 kHz 


Much like switching a receiver or trans- 
ceiver to SSB and receiving AM as SSB, 
its carrier at zero beat, synchronous detec- 
tion overcomes fading-related distortion 
by supplying an unfading carrier at the 
receiver. The difference between synchro- 
nous AM detection and normal SSB prod- 


uct detection is that synchronous detec- 
tion phase locks its carrier to that of the 
incoming signal. No tuning error occurs if 
thereceived signal happens to fall between 
a synthesized receiver's tuning steps, and 
the detectors PLL compensates for 
modest tuning drift. The result is a dra- 
matic fidelity improvement over diode- 
detected AM. This circuit, designed by 
Jukka Vermasvuori, OH2GF, and origi- 
nally published in July 1993 QST, requires 
only a digital voltmeter for alignment. 


The Synchronous Detector Circuit 


See Fig 15.49. The unit uses popu- 
lar NE602AN (mixer/oscillator) and 
NE604AN (FM subsystem) ICs to provide 
both synchronous and quasi-synchronous 
detection. (This discussion refers to Ul 
and U2 as NE602ANs, but NE602Ns, 
SA602Ns and SA602ANs will work 
equally well in this application. Likewise, 
an NE604N, NE604AN, SA604N or 
SA604AN will work well at U3 in this 
application.) Operating at a supply volt- 
age of 6, the circuit draws 10 mA. Ul, an 
NE602AN, acts as the BFO and product 
detector necessary for synchronous detec- 
tion. Feeding U1’s balanced inputs in 
push-pull helps keep BFO energy from 
backing out of the input pins and into U3's 
limiting circuitry. To take advantage of the 
chip's internal biasing, the input trans- 
former (T1) is isolated with dc blocking 
capacitors. (U1 also supplies balanced 
audio output, but usefully reducing this to 
asingle-ended output would have required 
an operational amplifier. Doing so would 
reduce even-harmonic distortion in re- 
covered audio, but would not justify the 
increased circuit complexity and power 
consumption.) 

U1’s oscillator amplitude is optimized 
to 660 mV P-P (as measured across L1) by 
the 220-Q resistor at the oscillator output 
at pin 7. The BFO frequency is adjusted by 
two variable-capacitance diodes (D1 and 
D2) in addition to the tank coil, L1. D2 
receives its control voltage via switch S3 
(BFO MODE), which selects control voltage 
from either U3's phase detector (SYNC) or 
a constant voltage from a resistive divider 
(CW/SSB/TUNE). 

The fixed Cw/ssB/TUNE voltage (2.16, 
set by the ratio of R5 and R6) corresponds 
to the phase detector's optimum output 
voltage at lock. 

R2, BFO TUNING, drives D1 to provide 
manual detector tuning without upsetting 
the D2's control-voltage optimization. S2, 
BFO OFFSET, presets R2's tuning range into 
the optimum regions for LSB (—2 kHz), DSB 
AM (+0 kHz) and USB (+2 kHz). (These 
offsets are for a radio in which received 
sidebands are inverted relative to their on- 
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air sense.) The BFO TUNING control there- 
fore provides fine adjustment for detector 
lock around coarse receiver tuning steps (1 
kHz іп the Sangean AT-808 with which this 
circuit was originally used). 

U3’s phase detector requires a 90° phase 
shift between the incoming and reference 
phases to give the correct zero-phase out- 
put (again, approximately 2.16 V). The all- 
pass stage, Q1, operates as an isolation 
stage and adjustable phase shifter to gen- 
erate the 90? phase shift. 

U3 is an NE604N FM IF subsystem IC 
that contains limiting-amplifier stages (to- 
tal gain, 101 dB) and a quadrature detec- 
tor. Band limiting can be inserted between 
the limiter stages, but experiments with 
various RC and LC filters brought no im- 
provement, and instead led to increased 
delay that upset the carrier/sideband phase 
relationships necessary for good quasi- 
synchronous detection. The Fig 15.49 cir- 
cuit uses U3's quadrature detector as a 
phase detector that outputs control volt- 
age for D2. 

The most difficult aspect of the phase- 
locking chain is the selection of a time 
constant for the locking loop. Signal 
fading, in conjunction the relative absence 


Quasi-Synchronous 
Detection 


Synchronous detection can be 
mimicked by amplifying and 
limiting the AM signal sufficiently 
(at IF) so that only carrier remains, 
and substituting this signal for the 
BFO at the product detector. This 
quasi-synchronous detection acts 
much like envelope (“diode”) 
detection and works best when the 
received signal does not fall to 
zero, as can often occur with SSB 
and, with AM, during fading. As 
the signal fades and the carrier-to- 
noise (C/N) ratio decreases, noise 
renders the detector's switching 
action inconsistent, and detection 
quality deteriorates rapidly. Thus, 
under conditions of low C/N ratio, 
quasi-synchronous detection 
exhibits a distinct detection 
threshold, as does a diode 
detector. The chief advantage of 
quasi-synchronous detection over 
simple diode rectification is its 
much lower threshoid compared to 
a diode. The detector circuit 
presented in Fig 15.49 includes a 
quasi-synchronous detector for 
flexibility and A/B comparison with 
the synchronous circuit. 

—Jukka Vermasvuori, OH2GF 
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or presence of phase-modulation compo- 
nents in the transmitted signal, play 
important roles in detector lock. Were 
fading not a problem, a short time con- 
stant—one allowing fast locking—would 
suffice for DSB AM. For SSB AM with 
carrier (which includes a PM component 
at all modulation frequencies), however, 
and DSB AM with fading (during which a 
fast PLL may unlock on the sudden phase 
shifts that can accompany fast, deep 
carrier fades), a long time constant is 
necessary. Particularly for SSB with 
carrier, the loop bandwidth must be re- 
duced to below the lowest expected modu- 
lation frequency. C1 and R4 set the PLL 
time constant in Fig 15.49. 

The received signal strength indicator 
(RSSI) output at pin 5 of U3 follows the 
input level logarithmically, giving an out- 
put of 1.1 V on noise only (RF INPUT 
shorted in Fig 15.49) and 3.3 V at an RF 
INPUT level of 3 mV. The RSSI output is 
adaptable as an AGC-detector output, 
making the NE604AN attractive for 
simple IF-AGC designs. Because of the 
NE604AN’s high gain, circuit layout can 
be critical and requires short leads and 
physically small bypass capacitors. Cou- 
pling must be minimized between pin 9 of 
U3 and the U1 oscillator components. 

U2, an NE602AN, operates as a quasi- 
synchronous detector. The BFO energy it 
requires is readily available as a square 
wave at pin 9 of U3. Except for the fact 
that its BFO input is derived from limited 
input signal instead of a VCO, U2 func- 
tions the same way as Ul. 


Construction 


Two evaluation models were con- 
structed using ground-plane construction, 
mounting the ICs upside down and solder- 
ing their ground pins directly to ground 
with minimal lead length. The later 
version is constructed onto a long and 
narrow piece of circuit board intended to 


be the bottom plate of an add-on box to be 
fixed underside of a Sangean ATS-808 
receiver. (Fig 15.50 shows this version's 
general layout.) 

With the circuitry arranged per Fig 
15.50 and receiver-detector IF-AF con- 
nections made with small-diameter co- 
axial cable to avoid crosstalk, BFO-signal 
leakage is unmeasurable at U3; that is, the 
voltage at RSSI does not change when the 
BFO is temporarily disabled under no- 
signal conditions. 


Obtaining IF Drive 


A simple BJT emitter follower (Fig 
15.51) can connect the synchronous 
detector to a solid-state transceiver. The 
detector can also be driven from the 
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unbypassed cathode resistor of a vacuum- 
tube receiver’s final IF stage (Fig 15.51B). 
If test equipment is not available to allow 
accurate measurement of the detector’s 
input level, just keep the detector drive 
comfortably below that at which distor- 
tion begins. 

IF signal can be obtained from the 
ATS-808 receiver via a 56-pF capacitor 
connected to the hot end of the '808's 
transformer T9 (at pin 16 of the '808'sUI, 
a TA7758P IC). Connecting the detector 
cable detunes T9, which, though difficult 
to reach, must be retuned by turning its 
slug outwards a few turns to obtain maxi- 
mum audio output. The detector’s audio 
output (AF OUT) returns to the AT-808 by 
means of the '808's TONE switch, which 


+6 to 413 V 


to Detector 
RF INPUT 


to Detector 
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Fig 15.51—Simple circuitry can connect the synchronous detector to a solid-state 
transceiver (1) or a vacuum-tube receiver (2) if a 455-kHz output tap is not already 


available. 
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Fig 15.50—One recommended layout for the synchronous detector. U3's high gain requires care in construction—see text. 
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can be rewired to select audio from the 
outboard detector. 
The key to success with this circuit is 


getting interference-free IF drive. U3’s ` 


RSSI output can be of critical importance 
in scoping out possible BFO leakage and/ 
or unwanted signal input. With the 


detector's RF input shorted, a voltmeter - 


connected to RSSI should indicate about 
1.1. If it doesn't, U1's BFO signal may be 
getting into U3. The RSSI indication 
shouldn't be much higher than this with 
the detector connected to the receiver, 


with the receiver’s RF gain control turned - 


all the way down for minimal noise input 
` to the detector. (The receiver used must be 
in “AM” mode—BFO off.) If the RSSI 
voltage is above the 1-V range at this 


point, a receiver oscillator or some other - 


signal, however inaudible, may be driving 
U3’s limiter. The detector will be unable 
to achieve and hold lock if anything other 
than the receiver IF signal captures its 
limiter. The NE604’s. limiter stages, 
specified to work up to at least 21 MHz, 
are capable of 101 dB of overall gain and 
specified to be several decibels into limit- 


ing with as little as 3 mV (-92 dBm). 


applied across a 50-Q load at the '604's 
input! 


Operation 


After checking the circuit, connect it 
to a 6-V power supply. The total current 
consumption should be approximately 
10 mA. Switch the DETECTOR switch to 
ENVELOPE; band noise should now be 
audible. Tune in a strong AM signal, 
switch S3, BFO MODE, to SSB/CW/TUNE, and 
set the DETECTOR switch to sync. The 
detector may sound very quiet at this point. 
Adjust L1’s core until the signal swoops 
into audibility. This proves that the BFO 


is oscillating. If possible, measure the . 


BFO level across L1 with an oscilloscope 
and 10:1 probe; itshould be about 660 mV. 
(f test-equipment. unavailability dis- 
allows this measurement, go to the next 
paragraph.) If it’s not, experiment with 
BS. s value to make it so. 


` Accurately tune the receiver to a 


strong, pure carrier, such as a beacon. 
Adjust R2, BFO TUNING, for a wiper volt- 


age of 2.00 with S2, BFO OFFSET, set to ` 


+0 kHz. Mark as CENTER this point in its 
knob’s travel. With the BFO MODE, switch 
in the 'SSB/CW/TUNING position, use a 
nonmetallic tool to adjust L1, the VCO 
coil, for zero beat with the incoming car- 
rier. Returning S3 to the svNc position 


“importance of setting R1, 


should allow carrier lock if R1, SHIFT ADJ, . 
is reasonably near adjustment. Adjust - 


SHIFT ADJ for carrier lock if necessary: This 
completes coarse adjustment of SHIFT ADI. 
Return the BFO MODE switch to the 
SSB/CW/TUNING position; the BFO should 
still be at or very close to zero beat with 
the incoming signal. 

Return the BFO MODE switch to the SYNC 


position. After the detector locks, fine- . 


tune SHIFT ADJ to minimize detected low- 
frequency hiss. (If a sufficiently strong 
unmodulated local signal is not available 
off-air, transmit into a dummy antenna 


with a PLL-synthesized transceiver and 


make this adjustment by listening to its 
signal. It should be possible to find a SHIFT 
ADJ setting at which detected hiss dis- 
tinctly nulls. As a less desirable alterna- 
tive, tune in an unfading AM signal modu- 


‚ lated with a 1-kHz tone and adjust sHIFT 


ADJ for maximum tone recovery.) Once 
this is done, the detector’s carrier phase is 
within exactly 0° or 180° of the BFO 


‘signal applied to the amplitude detector 


(U1), and the detector’s response to phase | 
noise has been minimized. Also signifi- ` 


‘cantly, this alignment procedure sets the · 


detector to lock in a range centered on the 
control voltage that corresponds to opti- 
mum locking sensitivity and minimum 


- phase noise demodulation. This completes 


alignment. 

To zero-beat and lock a given station: 
Set the BFO TUNING control to its center 
(2.00 V) position, BFO. MODE switch to 
CW/SSB/TUNE and BFO OFFSET to match the 
sideband(s)—LSB, USB ог both— 
desired. Tune the receiver as close to zero 
beat as its tuning steps allow. Adjust ВЕО 
TUNING for zero beat. Switch the BFO MODE 
switch to SYNc to lock the detector. 

Toggling Sl, DETECTOR, between 
ENVELOPE and SYNC allows easy com- 
parison of the effects of detection mode 
under adverse propagation conditions. 
The synchronous mode will be consider- 
ably superior much of the time. The quasi- 
synchronous (ENVELOPE) mode may give 
crisper.audio under average or poor signal 


conditions; this effect may be due to . 


increasing distortion as the signal 

approaches the noise floor, however. 
Properly adjusted, the synchronous 

detector operates at- less than 1% total 


harmonic distortion. (The quasi-synchro- 


nous detector provides comparable per- 


formance—but only on a nonfading test ' 


confirm the 
SHIFT ADJ, 


signal.) Measurements · 
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x ® 
properly: Improper adjustment can in- 
crease low-order harmonic-distortion 
products by 3 to 12 dB in addition to 
increasing the detector’s sensitivity to 
phase noise. Mog Ye E 
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his chapter contains basic design 
Ш information and examples of the 
most common filters used by 
radio amateurs. It was prepared by Reed 
Fisher, W2CQH, and includes a number 
of design approaches, tables and filters by 


Basic Concepts 


A filter is a network that passes signals 
of certain frequencies and rejects or attenu- 
ates those of other frequencies. The radio 
art owes its success to effective filtering. 
Filters allow the radio receiver to provide 
the listener with only the desired signal and 
reject all others. Conversely, filters allow 
the radio transmitter to generate only one 
signal and attenuate others that might in- 
terfere with other spectrum users. 

The simplified SSB receiver shown in 
Fig 16.1 illustrates the use of several com- 
mon filters. Three of them are located be- 
tween the antenna and the speaker. They 
provide the essential receiver filter func- 
tions. A preselector filter is placed be- 
tween the antenna and the first mixer. It 
passes all frequencies between 3.8 and 
4.0 MHz with low loss. Other frequen- 
cies, such as out-of-band signals, are re- 
jected to prevent them from overloading 
the first mixer (a common problem 
with shortwave broadcast stations). The 
preselector filter is almost always built 
with LC filter technology. 

An intermediate frequency (IF) filter is 
placed between the first and second mix- 
ers. It is a band-pass filter that passes the 
desired SSB signal but rejects all others. 
The age of the receiver probably deter- 
mines which of several filter technologies 
is used. As an example, 50 kHz or 455 kHz 


Ed Wetherhold, W3NQN, and others. The 
chapter is divided into two major sections. 
The first section contains a discussion of 
filter theory with some design examples. 
It includes the tools needed to predict the 
performance of a candidate filter before a 


Preselector 
Filter 


Local 
Oscillator 


design is started or a commercial unit pur- 
chased. Extensive references are given for 
further reading and design information. 
The second section contains a number of 
selected practical filter designs for imme- 
diate construction. 


Local 
Oscillator 


Fig 16.1—One-band SSB receiver. At least three filters are used between the 


antenna and speaker. 


LC filters and 455 kHz mechanical filters 
were used through the 1960s. Later model 
receivers usually use quartz crystal filters 
with center frequencies between 3 and 
9 MHz. In all cases, the filter bandwidth 
must be less than 3 kHz to effectively re- 
ject adjacent SSB stations. 

Finally, a 300 Hz to 3 kHz audio band- 
pass filter is placed somewhere between 
the detector and the speaker. It rejects 
unwanted products of detection, power 
supply hum and noise. Today this audio 
filter is usually implemented with active 
filter technology. 

The complementary SSB transmitter 


block diagram is shown in Fig 16.2. The 
same array of filters appear in reverse 
order. 

First is a 300-Hz to 3-kHz audio filter, 
which rejects out-of-band audio signals 
such as 60-Hz power supply hum. It is 
placed between the microphone and the 
balanced mixer. 

The IF filter is next. Since the balanced 
mixer generates both lower and upper 
sidebands, it is placed at the mixer output 
to pass only the desired lower (or upper) 
sideband. In commercial SSB trans- 
ceivers this filter is usually the same as the 
IF filter used in the receive mode. 
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Fig 16.2—One-band transmitter. At least three filters are needed to ensure a clean 


transmitted signal. 
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Fig 16.3—Idealized filter responses. 
Note the definition of fc is 3 dB down 
from the break points of the curves. 
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Finally, a 3.8 to 4.0-MHz band-pass 
filter is placed between transmit mixer and 
antenna to reject unwanted frequencies 
generated by the mixer and prevent them 
from being amplified and transmitted. 

This chapter will discuss the four most 
common types of filters: low-pass, high- 
pass, band-pass and band-stop. The ideal- 
ized characteristics of these filters are 
shown in their most basic form in Fig 16.3. 

A low-pass filter permits all frequen- 
cies below a specified cutoff frequency to 
be transmitted with small loss, but will 
attenuate all frequencies above the cutoff 
frequency. The "cutoff frequency" is usu- 
ally specified to be that frequency where 
the filter loss is 3 dB. 

A high-pass filter has a cutoff frequency 
above which there is small transmission 
loss, but below which there is consider- 
able attenuation. Its behavior is opposite 
to that of the low-pass filter. 

A band-pass filter passes a selected 
band of frequencies with low loss, but at- 
tenuates frequencies higher and lower than 
the desired passband. The passband of a 
filter is the frequency spectrum that is 
conveyed with small loss. The transfer 
characteristic is not necessarily perfectly 
uniform in the passband, but the variations 
usually are small. 

A band-stop filter rejects a selected 
band of frequencies, but transmits with 
low loss frequencies higher and lower than 
the desired stop band. Its behavior is op- 
posite to that of the band-pass filter. The 
stop band is the frequency spectrum in 
which attenuation is desired. The attenua- 
tion varies in the stop band rising to high 
values at frequencies far removed from the 
cutoff frequency. 


FILTER FREQUENCY RESPONSE 


The purpose of a filter is to pass a de- 
sired frequency (or frequency band) and 
reject all other undesired frequencies. A 
simple single-stage low-pass filter is 
shown in Fig 16.4. The filter consists of an 
inductor, L. It is placed between the volt- 


age source e, and load resistance R; . Most 
generators have an associated "internal" 
resistance, which is labeled Rg. 

When the generator is switched on, 
power will flow from the generator to the 
load resistance Ку. The purpose of this 
low-pass filter is to allow maximum power 
flow at low frequencies (below the cutoff 
frequency) and minimum power flow at 
high frequencies. Intuitively, frequency 
filtering is accomplished because the in- 
ductor has reactance that vanishes at dc 
butbecomes large athigh frequency. Thus, 
the current, I, flowing through the load 
resistance, Ку, will be maximum at dc and 
less at higher frequencies. 

The mathematical analysis of Fig 16.4 


is as follows: For simplicity, let 
R,-RL-R. 
e 
els g 
OR IK. (1) 
where 
XL=2nfL 


f = generator frequency. 


Power in the load, Ру, is: 
eg Rt 


лк? Xj? (2) 


PL 


Available (maximum) power will be 
delivered from the generator when: 


X; = 0 and R, = R 


Рота (3) 
The filter response is: 


Py ____power in the load 
Ро available generator power (4) 


The filter cutoff frequency, called f,, is 
the generator frequency where 


R 
2R=X, orf, = — 
L c nL (5) 


As an example, suppose Ry = Ry =50 Q 


Ke-Generator—»»«— Filter—teteg— Load—s| 


Fig 16.4—A single-stage low-pass filter 
consists of a series inductor. DC is 
passed to the load resistor 
unattenuated. Attenuation increases 
(and current in the load decreases) as 
the frequency increases. 
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Fig 16.5—Transmission loss of a simple filter plotted against normalized 
frequency. Note the relationship between loss and SWR. 


and the desired cutoff frequency is 4 MHz. 
Equation 4 states that the cutoff frequency 
is where the inductive reactance Xj, = 
100 О. At 4 MHz, using the relationship 
Xy -2nfL,L -4 uH. If this filter is con- 
structed, its response should follow the 
curve in Fig 16.5. Note that the gentle 
rolloff in response indicates a poor filter. 
To obtain steeper rolloff a more sophis- 
ticated filter, containing more reactances, 
is necessary. Filters are designed for a 
specific value of purely resistive load im- 
pedance called the terminating resis- 
tance. When such a resistance is con- 
nected to the output terminals of a filter, 
the impedance looking into the input ter- 
minals will equal the load resistance 
throughout most of the passband. The 
degree of mismatch across the passband 
is shown by the SWR scale at the left- 
hand side of Fig 16.5. If maximum power 
is to be extracted from the generator driv- 
ing the filter, the generator resistance 
must equal the load resistance. This con- 
dition is called a “doubly terminated" fil- 
ter. Most passive filters, including the LC 
filters described in this chapter, are de- 
signed for double termination. Ifa filter is 
not properly terminated, its passband re- 
sponse changes. 

Certain classes of filters, called “trans- 
former filters” or “matching networks” are 
specifically designed to work between 
unequal generator and load resistances. 
Band-pass filters, described later, are eas- 
ily designed to work between unequal 
terminations. 

All passive filters exhibit an undesired 
nonzero loss in the passband due to un- 
avoidable resistances associated with the 


reactances in the ladder network. All fil- 
ters exhibit undesired transmission in the 
stop band due to leakage around the filter 
network. This phenomenon is called the 
“ultimate rejection” of the filter. A typical 
high-quality filter may exhibit an ultimate 
rejection of 60 dB. 

Band-pass filters perform most of the 
important filtering in a radio receiver and 
transmitter. There are several measures of 
their effectiveness or selectivity. Selectiv- 
ity is a qualitative term that arose in the 
1930s. It expresses the ability of a filter 
(or the entire receiver) to reject unwanted 
adjacent signals. There is no mathemati- 
cal measure of selectivity. 

The term Q is quantitative. A band-pass 
filter’s quality factor or Q is expressed as 
Q = (filter center frequency)/(3-dB band- 
width). Shape factor is another way some 
filter vendors specify band-pass filters. 
The shape factor is a ratio of two filter 
bandwidths. Generally, it is the ratio 
(60-dB bandwidth) / (6-dB bandwidth), 
but some manufacturers use other band- 
widths. An ideal or Prick-wall filter would 
have a shape factor of 1, but this would 
require an infinite number of filter ele- 
ments. The IF filter in a high-quality re- 
ceiver may have a shape factor of 2. 


POLES AND ZEROS 


In equation 1 there is a frequency called 
the "pole" frequency that is given by 
fp= 0. 

In equation 1 there also exists a fre- 
quency where the current i becomes zero. 
This frequency is called the zero frequency 
and is given by: fọ = infinity. Poles and 
zeros are intrinsic properties of all net- 


works. The poles and zeros of a network 
are related to the values of inductances and 
capacitances in the network. 

Poles and zero locations are of interest 
to the filter theorist because they allow 
him to predict the frequency response of a 
proposed filter. For low-pass and high- 
pass filters the number of poles equals the 
number of reactances in the filter network. 
For band-pass and band-stop filters the 
number of poles specified by the filter 
vendors is usually taken to be half the 
number of reactances. 


LC FILTERS 


Perhaps the most common filter found 
in the Amateur Radio station is the induc- 
tor-capacitor (LC) filter. Historically, the 
LC filter was the first to be used and the 
first to be analyzed. Many filter synthesis 
techniques use the LC filter as the math- 
ematical model. 

LC filters are usable from dc to approxi- 
mately 1 GHz. Parasitic capacitance asso- 
ciated with the inductors and parasitic in- 
ductance associated with the capacitors 
make applications at higher frequencies 
impractical because the filter performance 
will change with the physical construction 
and therefore is not totally predictable 
from the design equations. Below 50 or 
60 Hz, inductance and capacitance values 
of LC filters become impractically large. 

Mathematically, an LC filter is a linear, 
lumped-element, passive, reciprocal net- 
work. Linear means that the ratio of output 
to input is the same for a 1-V input as for 
a 10-V input. Thus, the filter can accept an 
input of many simultaneous sine waves 
without intermodulation (mixing) be- 
tween them. 

Lumped-element means that the induc- 
tors and capacitors are physically much 
smaller than an operating wavelength. In 
this case, conductor lengths do not con- 
tribute significant inductance or capaci- 
tance, and the time that it takes for signals 
to pass through the filter is insignificant. 
(Although the different times that it takes 
for different frequencies to pass through 
the filter—known as group delay— is still 
significant for some applications.) 

The term passive means that the filter 
does not need any internal power sources. 
There may be amplifiers before and/or after 
the filter, but no power is necessary for the 
filter's equations to hold. The filter alone 
always exhibits a finite (nonzero) insertion 
loss due to the unavoidable resistances as- 
sociated with inductors and (to a lesser ex- 
tent) capacitors. Active filters, as the name 
implies, contain internal power sources. 

Reciprocal means that the filter can pass 
power in either direction. Either end of the 
filter can be used for input or output. 
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TIME DOMAIN VS FREQUENCY 
DOMAIN 


Humans think in the time domain. Life 
experiences are measured and recorded in 
the stream of time. In contrast, Amateur 
Radio systems and their associated filters 
are often better understood when viewed 
in the frequency domain, where frequency 
is the relevant system parameter. Fre- 
quency may refer to a sine-wave voltage, 
current or electromagnetic field. The sine- 
wave voltage, shown in Fig 16.6, is a 
waveform plotted against time with equa- 
tion V = А sin(2n f t). The sine wave has 
a peak amplitude A (measured in volts) 
and frequency, f (measured in cycles/sec- 
ond or Hertz). A graph showing frequency 
on the horizontal axis is called a spectrum. 
A filter response curve is plotted on a spec- 
trum graph. 

Historically, radio systems were best 
analyzed in the frequency domain. The 
radio transmitters of Hertz (1865) and 
Marconi (1895) consisted of LC resonant 
circuits excited by bigh-voltage spark 
gaps. The transmitters emitted packets of 
damped sine waves. The low-frequency 
(200-kHz) antennas used by Marconi were 
found to possess very narrow bandwidths, 
and it seemed natural to analyze antenna 
performance using sine-wave excitation. 
In addition, the growing use of 50 and 
60-Hz alternating current (ac) electric 
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Fig 16.6—Ideal sine-wave voltage. Only 
one frequency is present. 
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power systems in the 1890s demanded the 
use of sine-wave mathematics to analyze 
these systems. Thus engineers trained in 
ac power theory were available to design 
and build the early radio systems. 

In the frequency domain, the radio 
world is imagined to be composed of many 
sine waves of different frequencies flow- 
ing endlessly in time. It can be shown by 
the Fourier transform (Ref 7) that all peri- 
odic waveforms can be represented by 
summing sine waves of different frequen- 
cies. For example, the square-wave volt- 
age shown in Fig 16.7 can be represented 
by a "fundamental" sine wave of fre- 
quency f = 1Л and all its odd harmonics: 
3f, 5f, 7f and so on. Thus, in the frequency 
domain a sine wave is a narrowband sig- 
nal (zero bandwidth) and a square wave is 
a “wideband” signal. 

If the square-wave voltage of Fig 16.7 is 
passed through a low-pass filter, which 
removes some of its high-frequency com- 
ponents, the waveform of Fig 16.8 results. 
The filtered square wave now has a rise 
time, which is the time required to rise 
from 10% to 90% of its peak value (A). 
The rise time is approximately: 

күр. (б) 


where f, is the cutoff frequency of the low- 
pass filter. 
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Fig 16.7—Square-wave voltage. Many 
frequencies are present, including 

f = 1/t and odd harmonics 3f, 5f, 7f with 
decreasing amplitudes. 


Thus a filter distorts a time-domain sig- 
nal by removing some of its high-fre- 
quency components. Note that a filter 
cannot distort a sine wave. A filter can 
only change the amplitude and phase of 
sine waves. A linear filter will pass mul- 
tiple sine waves without producing 
any intermodulation or “beats” between 
frequencies—this is the definition of 
linear. 

The purpose of a radio system is to con- 
vey a time-domain signal originating at a 
source to some distant point with mini- 
mum distortion. Filters within the radio 
system transmitter and receiver may in- 
tentionally or unintentionally distort the 
source signal. A knowledge of the source 
signal’s frequency-domain bandwidth is 
required so that an appropriate radio sys- 
tem may be designed. 

Table 16.1 shows the minimum neces- 
sary bandwidth of several common source 
signals. Note that high-fidelity speech and 
music requires a bandwidth of 20 Hz to 
15 kHz, which is that transmitted by high- 
quality FM broadcast stations. However, 
telephone-quality speech requires a band- 
width of only 200 Hz to 3 kHz. Thus, to 
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Fig 16.8—Square-wave voltage filtered 
by a low-pass filter. By passing the 
square wave through a filter, the higher 
frequencies are attenuated. The 
rectangular shape (fast rise and fall 
items) are rounded because the 
amplitude of the higher harmonics are 
decreased. 


Table 16.1 


Typical Filter Bandwidths for Typical Signals. 


Source 

High-fidelity speech and music 
Telephone-quality speech 
Radiotelegraphy (Morse code, CW) 
HF RTTY 

NTSC television 

SSTV 

1200 bit/s packet 


minimize transmit spectrum, as required 
by the FCC, filters within amateur trans- 
mitters are required to reduce the speech 
source bandwidth to 200 Hz to 3 kHz atthe 


Filter Synthesis 


The image-parameter method of filter 
design was initiated by O. Zobel (Ref 1) of 
Bell Labs in 1923. Image-parameter fil- 
ters are easy to design and design tech- 
niques are found in earlier editions of the 
ARRL Handbook. Unfortunately, image 
parameter theory demands that the filter 
terminating impedances vary with fre- 
quency in an unusual manner. The later 
addition of *m-derived matching half sec- 
tions" at each end of the filter made it 
possible to use these filters in many appli- 
cations. In the intervening decades, how- 
ever, many new methods of filter design 
have brought both better performance 
and practical component values for con- 
struction. 


MODERN FILTER THEORY 


The start of modern filter theory is usu- 
ally credited to S. Butterworth and S. 
Darlington (Refs 3 and 4). It is based on 
this approach: Given a desired frequency 
response, find a circuit that will yield this 
response. 

Filter theorists were aware that certain 
known mathematical polynomials had 
"filter like" properties when plotted on a 
frequency graph. The challenge was to 
match the filter components (L, C and R) 
to the known polynomial poles and zeros. 
This pole/zero matching was a difficult 
task before the availability of the digital 
computer. Weinberg (Ref 5) was the first 
to publish computer generated tables of 
normalized low-pass filter component val- 
ues. ("Normalized" means 1-Q resistor 
terminations and cutoff frequency ©, = 
2nf, = 1 radian/s.) 


Required Bandwidth 


20 Hz to 15 kHz 

200 Hz to 3 kHz 

200 Hz 

1000 Hz (varies with frequency shift) 
60 Hz to 4.5 MHz 

200 Hz to 3 kHz 

200 Hz to 3 kHz 


expense of some speech distortion. After 
modulation the transmitted RF bandwidth 
will exceed the filtered source bandwidth 
if inefficient (AM or FM) modulation 


An ideal low-pass filter response shows 
no loss from zero frequency to the cutoff 
frequency, but infinite loss above the cut- 
off frequency. Practical filters may ap- 
proximate this ideal response in several 
different ways. 

Fig 16.9 shows the Butterworth or 
"maximally-flat" type of approximation. 
The Butterworth response formula is: 


Fig 16.9—Butterworth approximation of 
an ideal low-pass filter response. The 
3-dB attenuation frequency (fc) is 
normalized to 1 radian/s. 


Fig 16.10—Chebyshev approximation 
of an ideal low-pass filter. Notice the 
ripple in the passband. 


methods are employed. Thus the post- 
modulation emission bandwidth may be 
several times the original filtered source 
bandwidth. At the receiving end of the 
radio link, band-pass filters are required 
to accept only the desired signal and 
sharply reject noise and adjacent channel 
interference. 

As human beings we are accustomed to 
operation in the time domain. Just about 
all of our analog radio connected design 
occurs in the frequency domain. This is 
particularly true when it comes to filters. 
Although the two domains are convertible, 
one to the other, most filter design is per- 
formed in the frequency domain. 


En iai (7) 
Po | а ) 
1+1 — 
ос 
where 


€ = frequency of interest, 

©, = cutoff frequency 

п = number of poles (reactances) 
P, = power in the load resistor 
Po = available generator power. 


The passband is exceedingly flat near 
zero frequency and very high attenuation 
is experienced at high frequencies, but the 
approximation for both pass and stop 
bands is relatively poor in the vicinity of 
cutoff. 

Fig 16.10 shows the Chebyshev ap- 
proximation. Details of the Chebyshev 
response formula can be found in Refs 5 
and 17. Use of this reference as well as 
similar references for Chebyshev filters 
requires detailed familiarity with 
Chebyshev polynomials. 


IMPEDANCE AND FREQUENCY 
SCALING 


Fig 16.11A shows normalized compo- 
nent values for Butterworth filters up to 
ten poles. Fig 16.11B shows the schematic 
diagrams of the Butterworth low-pass 
filter. Note that the first reactance in 
Fig 16.11B is a shunt capacitor C1, 
whereas in Fig 16.11C the first reactance 
is a series inductor L1. Either configura- 
tion can be used, but a design using fewer 
inductors is usually chosen. 

In filter design, the use of normalized 
values is common. Normalized generally 
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Prototype Butterworth Low-Pass Filters 


C1 L2 C3 L4 
L1 C2 L3 


C5 
C4 L5 


2.0000 
1.4142 
1.0000 
0.7654 
0.6180 
0.5176 
0.4450 
0.3902 
0.3473 
0.3129 


1.0000 
1.8478 
2.0000 
1.9319 
1.8019 
1.6629 
1.5321 
1.4142 


0.7654 
1.6180 
1.9319 
2.0000 
1.9616 
1.8794 
1.7820 


0.6180 
1.4142 
1.8019 
1.9616 
2.0000 
1.9754 


(A) 


OCOONONRWN=ATS 


= 


16 C7 L8 
C6 L7 


C9 
C8 L9 


L10 
C10 


0.5176 
1.2470 
1.6629 
1.8794 
1.9754 


0.3902 
1.0000 0.3473 
1.4142 0.9080 0.3129 


Fig 16.11—Component values for Butterworth low-pass filters. Greater values of n 


require more stages. 


means a design based on 1-Q terminations 
and a cutoff frequency (passband edge) of 
] radian/second. A filter is denormalized 
by applying the following two equations: 


RYo 
ш =| >] — IL 
(|) (8) 
К үо 
С = | — | — |С 
zs) 9 
where 
L', C', œ' and R' are the new (desired) 
values 
L and С are the values found in the filter 
tables 
R=1Q 


@ = 1 radian/s. 


We = 1 Radian /Second 


Fig 16.12—A 3-pole Butterworth filter 
designed for a normalized frequency of 
1 radian/s. 
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For example, consider the design of a 
3-pole Butterworth low-pass filter for a 
transmitter speech amplifier. Let the de- 
sired cutoff frequency be 3000 Hz and the 
desired termination resistances be 1000 Q. 


L5 = 0.106H 


Cj» 0.053 uF 


C5-0.053 uF 


1.= 3000 Hz 
wç=18,850 rad/s 


Fig 16.13—A 3-pole Butterworth filter 
scaled to 3000 Hz. 


The normalized prototype, taken from 
Fig 16.11B is shown in Fig 16.12. The new 
(desired) inductor value is: 


"m c 2) 1radian /second 
1Q Л 2n(3000)Hz 


or L' = 0.106 H. 


The new (desired) capacitor value 
is: 
, | 12 1radian/second 1 
10000 27 (3000) Hz 


or C' = 0.053 uF. 


The final denormalized filter is shown 
in Fig 16.13. The filter response, in the 
passband, should obey curve n = 3 in 
Fig 16.14. To use the normalized fre- 
quency response curves in Fig 16.14 cal- 
culate the frequency ratio f/f, where f is 
the desired frequency and f, is the cutoff 
frequency. For the filter just designed, the 
loss at 2000 Hz can be found as follows: 
When f is 2000 Hz, the frequency ratio is: 
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Fig 16.14—Passband loss of Butterworth low-pass filters. The horizontal axis is 


normalized frequency (see text). 


f/f, = 2000/3000 = 0.67. Therefore the 
predicted loss (from the n = 3 curve) is 
about 0.37 dB. 

When f is 4000 Hz, the filter is operating 
in the stop-band (Fig 16.17). The resulting 
frequency ratio is: f/f, = 4000/3000 = 1.3. 
Therefore the expected loss is about 8 dB. 
Note that as the number of reactances (poles) 
increases the filter response approaches the 
low-pass response of Fig 16.3A. 


BAND-PASS FILTERS— 
SIMPLIFIED DESIGN 


The design of band-pass filters may be 
directly obtained from the low-pass proto- 
type by a frequency translation. The low-pass 
filter has a “center frequency” (in the par- 
lance of band-pass filters) of 0 Hz. The fre- 
quency translation from 0 Hz to the band- 
pass filter center frequency, f, is obtained by 
replacing in the low-pass prototype all shunt 
capacitors with parallel tuned circuits and 
allseries inductors with series tuned circuits. 

As an example, suppose a band-pass fil- 
ter is required at the front end of a home- 
brew 40-m QRP receiver to suppress pow- 
erful adjacent broadcast stations. The 
proposed filter has these characteristics: 


* Center frequency, f, = 7.15 MHz 
* 3-dB bandwidth = 360 kHz 

* terminating resistors = 50 Q 

* 3-pole Butterworth characteristic. 


Startthe design forthe normalized 3-pole 
Butterworth low-pass filter (shown in Fig 
16.11). First determine the center frequency 
from the band-pass limits. This frequency, 
fo, is found by determining the geometric 
mean of the band limits. In this case the 
band limits are 7.15 + 0.360/2 = 7.33 MHz 
and 7.15 -0.360/2 = 6.97 MHz; then 


fo = fio x fy; = 6.97 x 7.33 = 7.14 MHz 
(10) 


where 
fio = low frequency end of the band-pass 
(or band-stop) 
fy; = high frequency end of the band- 
pass (or band-stop) 


С'= 0.0088 uF 


С'= 0.0088 uF 


fo= 0.36 MHz 


Fig 16.15—Interim 3-pole Butterworth 
low-pass filter designed for cutoff at 
0.36 MHz. 


[Note that in this case there is little dif- 
ference between 7.15 (bandwidth center) 
and 7.147 (band-edge geometric mean) 
because the bandwidth is small. For wide- 
band filters, however, there can be a sig- 
nificant difference.] 

Next, denormalize to a new interim low- 
pass filter having R' = 50 Q and f' = 
0.36 MHz. 


v-(&) к oS nea 
1\2x2x 0.36 x10 


ж хт. 
50Д02хлх0.36х10 


This interim low-pass filter, shown in 
Fig 16.15, has a cutoff frequency f, = 0.36 
MHz and is terminated with 50-Q resis- 


C=0.0088 pF 


0.056 ин 


i jr = 0.0088 uF 


tors. The desired 7.147-MHz band-pass 
filter is achieved by parallel resonating the 
shunt capacitors with inductors and series 
resonating the series inductor with a series 
capacitor. All resonators must be tuned to 
the center frequency. Therefore, variable 
capacitors or inductors are required for the 
resonant circuits. Based on the L' and С' 
just calculated the parallel-resonating in- 
ductor values are: 

1 


LI = L3 = —_—___ 
C Qxnf,) 


= 0.056 uH 
The series-resonating capacitor value 
is: 
1 


С2=———————5 
L'(2x 1n xfg) 


=11pF 
The final band-pass filter is shown in 

Fig 16.16. The filter should have a 3-dB 

bandwidth of 0.36 MHz. That is, the 


C=0.0088 uF 


fc 7.15 MHz 
BW=0.36 MHz 


9 N20 


Fig 16.16—Final filter design consists of the low-pass filter scaled to a center 


frequency of 7.15 MHz. 


Insertion Loss (dB) 


LLLI 
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Normalized Frequency, f/f. 


Fig 16.17—Stop-band loss of Butterworth low-pass filters. The almost vertical 
angle of the lines representing filters with high values of n (10, 12, 15, 20) show 
the slope of the filter will be very high (sharp cutoff). 
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3-dB loss frequencies are 6.97 MHz and 
7.33 MHz. The filter’s loaded Q is: Q = 
7.147/0.36 or approximately 20. 

The filter response, in the passband, 
falls on the “n = 3" curve in Fig 16.17. To 
use the normalized frequency response 
curves, calculate the frequency ratio f/f,- 
For this band-pass case, f is the difference 
between the desired attenuation frequency 
and the center frequency, while f, is the 
upper 3-dB frequency minus the center 
frequency. As an example the filter loss at 
7.5 MHz is found by using the normalized 
frequency ratio given by: 

f 75-7147 = 


=== = 1.928 
fe 733-7447 


Therefore, from Fig 16.17 the expected 
loss is about 17 dB. 
At 6 MHz the loss may be found by: 


doo Hee _„„ 
f, 7.33 -7.147 


The expected loss is approximately 
47 dB. Unfortunately, awkward compo- 
nent values occur in this type of band-pass 
filter. The series resonant circuit has a very 
large LC ratio and the parallel resonant 
circuits have very small LC ratios. The 
situation worsens as the filter loaded Qj 
(Q = fg BW) increases. Thus, this type of 
band-pass filter is generally used with a 
loaded Q less than 10. 

Good examples of low-Q band-pass fil- 
ters of this type are demonstrated by 
W3NQN's High Performance CW Filter 
and Passive Audio Filter for SSB in the 
projects section of this chapter. 

[Note: This analysis used the geo- 
metric f, with the assumption that the filter 
response is symmetrical about f,, which it 
is not. À more rigorous analysis yields 
16.9 dB at 7.5 MHz and 50.7 dB at 
6 MHz.—Ed.] 


Q Restrictions—Band-pass Filters 
Most filter component value tables as- 


Filter Design Using 


Practical filters must be designed using 
commercially available components. 
Therefore a set of tables, based upon stan- 
dard value capacitors (SVC), has been 
generated to facilitate this real design pro- 
cess. The procedure presented here uses 
eight computer-calculated tables of per- 
formance parameters and component val- 
ues for 5- and 7-branch Chebyshev and 
5-branch elliptic 50-Q filters. The tables 
permit the quick and easy selection of an 
equally terminated passive LC filter for 
applications where the attenuation re- 
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Maximum 


Distributed 


> 
Frequency 


1Hz 


1kHz  1MHz 1GHz 


Fig 16.18—Frequency range and 
maximum loaded Q of band-pass 
filters. Crystal filters are shown with 
the highest Qj and LC filters the 
lowest. 


sume lossless reactances. In practice, there 
are always resistance losses associated 
with capacitors and inductors (especially 
inductors). Lossy reactances in low-pass 
filters modify the response curve. There is 
finite loss at zero frequency and the cutoff 
“knee” at Ё. will not be as sharp as pre- 
dicted by theoretical response curves. 

The situation worsens with band-pass 
filters. As loaded Q is increased the 
midband insertion loss may become intol- 
erable. Therefore, before a band-pass fil- 
ter design is started, estimate the expected 
loss. 

An approximate estimate of band-pass 
filter midband response is given by: 


2N 
PL | Qi! 
aad ШЕ ПА 
Ро Qv ) ША) 
where: 


Р, = power delivered to load resistor Ry 
Po = power available from generator: 


2 
g 


Pa = 
O дв, 


(11B) 


Qu = unloaded Q of inductor: 


2nxfoQ xL 
Qu - ——29— (11C) 
R 

R = inductor series resistance 

L = inductance 

О, = filter loaded Q 

бо 

QL = BW; (11D) 


BW; = 3 dB bandwidth 
N = number of filter stages. 


This equation assumes that all losses are 
in the inductors. For example, the ex- 
pected loss of the 7.15-MHz filter 
shown in Fig 16.16 is found by assuming 
Qu = 150. О, is found by equation 110 to 
be = 7.147/0.36 = 19.8 or approximately 
20. Since N = 3 then: 


z(a) 
Po X 150 
from equation (11A), which equals 0.423. 
Expressed as dB this is equal to 10 log 
(0.423) = — 3.73 dB. 

Therefore this filter may not be suitable 
for some applications. If the insertion 
loss is to be kept small there are severe 
restrictions оп Q,;/Qy. With typical 
lumped inductors Qy seldom exceeds 200. 
Therefore, LC band-pass filters are usu- 
ally designed with О; not exceeding 20 as 
shown in Fig 16.18. 

This loss vs bandwidth trade-off is usu- 
ally why the final intermediate frequency 
(IF) in older radio receivers was very low. 
These units used the equivalent of LC fil- 
ters in their IF coupling. Generally, for 
SSB reception the desired receiver band- 
width is about 2.5 kHz. Then 50 kHz was 
often chosen as the final IF since this im- 
plies a loaded О of 20. AM broadcast 
receivers require a 10-kHz bandwidth and 
use a 455-kHz IF, which results in Ор = 
45. FM broadcast receivers require a 
200-kHz bandwidth and use a 10.7-MHz 
IF and О, = 22. 


Standard Capacitor Values 


sponse is of primary interest. All of the 
capacitors in the Chebyshev designs and 
the three nonresonating capacitors in the 
elliptic designs have standard, off-the- 
shelf values to simplify construction. Al- 
though the tables cover only the 1 to 
10-MHz frequency range, a simple scal- 
ing procedure gives standard-value ca- 
pacitor (SVC) designs for any impedance 
level and virtually any cutoff frequency. 

The full tables are printed in the Refer- 
ences chapter of this Handbook. Extracts 
from the tables are reprinted in this sec- 


tion to illustrate the design procedure. 
The following text by Ed Wetherhold, 
W3NQN, is adapted from his paper en- 
titled Simplified Passive LC Filter Design 
for the EMC Engineer. It was presented at 
an IEEE International Symposium on 
Electromagnetic Compatibility in 1985. 
The approach is based upon the fact that 
for most nonstringent filtering applica- 
tions, it is not necessary that the actual 
cutoff frequency exactly match the desired 
cutoff frequency. A deviation of 5% or so 
between the actual and desired cutoff 


frequencies is acceptable. This permits 
the use of design tables based on stan- 
dard capacitor values instead of pass- 
band ripple attenuation or r reflection coef- 
ficient. 


STANDARD VALUES IN FILTER 
DESIGN CALCULATIONS B 


Capacitors are commercially available 
in special series of preferred values having 
designations of E12 (10% tolerance) and 
E24 (596 tolerance; Ref 22) The reciprocal 
of the E-number is the power to which 10 
is raised to give the step multiplier for that 
particular series. 

First the normalized Chebyshev and el- 
liptic component values are calculated 
based on many ratios of standard capaci- 
tor values. Next, using а 50-Q impedance 
level, the parameters of the designs are 
calculated and tabulated to span the 1-10 
MHz decade. Because of the large number 
of standard-value capacitor (SVC) designs 
in this decade, the increment in cutoff fre- 
quency from one design to the next is suf- 
ficiently small so that virtually any cutoff 
frequency requirement can be satisfied. 
Using such a table, the selection of an 


The schematic for а 5—element 
capacitor input/output Chebyshev 
low—pass filter. 


Schematic for a 5—element inductor— 
input/output Chebyshev low—pass filter. 
See the corresponding table in References 
chapter for the attenuation response curve. 


п L3 L5 


1 
2 
3 
E 
5 
6 
7 


appropriate design consists of merely 
scanning the cutoff frequency column to 
find a design having a cutoff frequency 
that most closely matches the desired cut- 
off frequency. 


CHEBYSHEV AND ELLIPTIC 
FILTERS 

Low-pass and high-pass 5- and 7- 
element Chebyshev and 5-branch elliptic 
designs were selected for tabulation be- 
cause they are easy to construct and will 
satisfy the majority of nonstringent filter- 
ing requirements where the amplitude 


.response is of primary interest. The pre- 


calculated 50-Q designs are presented in 
eight tables of five low-pass and three 
high-pass designs with cutoff frequencies 
covering the 1-10 MHz decade. The appli- 
cable filter configuration and attenuation 
response curve accompany each table. In 
addition to the component values, attenu- 
ation vs frequency data and SWR are also 
included in the table. The passband attenu- 
ation ripples are so low in amplitude that 
they are swamped by the filter losses and 
aré not measurable. For this reason, they 
are not shown in the résponse curves. 


LOW-PASS TABLES 


Fig 16.19 is an extract from the tables. 
for the low-pass 5- and 7-element 
Chebyshev capacitor input/output con- 
figuration in the References chapter of 
this Handbook. This filter configurationis 
generally preferred to the alternate induc- 
tor input/output configuration because it . 
requires fewer inductors. Generally, de- 
creasing input impedance with increasing 
frequency in the stop band presents no 
problems. Fig 16.20 shows the corre- 
sponding information for low-pass appli- 
cations, but with an inductor input/output 
configuration. This configuration is use- 
ful when the filter input impedance in the 
stop band must rise with increasing fre- 
quency. For example, some RF transistor 
amplifiers may become unstable when ter- 
minated in a low-pass filter having a stop- 
band response with a decreasing input im- 
pedance. In this case, the inductor-input 
configuration may eJiminate the instabil- 
ity. (Ref 23) Because only one capacitor 
value is required in the designs of Fig 
16.20, it was feasible to have the inductor 
value of L1 and L5 also be a standard 
value. Fig 16.21 is extracted from the table 


Fig 16.19—A portion of a 5-element Chebyshev low-pass filter design table for 
50-Q impedance, C-in/out and standard E24 capacitor values. The full table is 


printed in the References chapter. 


5-Element Chebyshev 50-O Lowpass SVC-Filter Designs C-In/Out, 


E24 Capacitor Values 
—FREQUENCY (MHz)— 

Fco зав 20dB 40dB 
1.01 1.15 1.53 2.25 
1.02 1.21 1.65 2.45 
1.15 1.29 1.71 2.51 
1.10 - 1.32 1.81 2.69 
1.25 1.41 1.88 2.75 
1.04 1.37 1.94 2.94 
1.15 1.41 1.95 2.92 


=. 


MAX 
SWR 
1.355 
1.212 
1.391 
1.196 
1.386 
1.085 
1.155 


C1,5 
(pF) 
3600 
3000 
3300 
2700 
3000 
2200 
2400 


L2,4 
(ин) 
10.8 
10.7 
9.49 
9,88 
8.67 
9.82 
9.37 


Fig 16.20—A portion of a 5-element Chebyshev low-pass filter design table for 
50-Q impedance, L-in/out and standard-value L and C. The full table is printed in 


the References chapter. 


5-Element Chebyshev 50-O Low-pass Filters with L- In/Out and 


Standard-value і апа C. 
—FREQUENCY (MHz)— 
Feo зав 20dB 40dB 


0.744 1.15 1.69 2.60 
0.901 1.26 1.81 2.76 
1.06 1.38 1.94 2.93 
. 1.19 1.47 2.05 3.07 
1.32 1.58 2.17 3.23 
0.911 1.39 2.03 3.12 
1.08 1.50 2.16 3.29 
1.25 1.63 2.30 3.48 
1.42 1.77 . 2.46 3.68 
1.61 1.92 2.63 3.90 
1.05 1.64 2.41 3.72 


z 
9 
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-h = 


` 1.209 


MAX 
SWR 


1.027 
1.055 
1.096 
1.138 
1.192 
1.030 
1.056 
1.092 
1.142. 


L1,5 


(uH) 
5.60 
5.60 
5.60 
5.60 
5.60 
4.70 
4.70 
4.70 
4.70 
4.70 
3.90 


C2,4 
(pf) 

4700 
4300 
3900 
3600 
3300 
3900 
3600 
3300 
3000 
2700 


1.025 3300 
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Fig 16.21—A portion of a 5-element elliptic low-pass filter 
design table for 50-Q impedance, Standard E12 capacitor 
values for C1, C3 and C5. The full table is printed in the 

References chapter. 


2 
9 


Фомлость о мо ~ 


for the low-pass 5-branch elliptic filter 
with the capacitor input/output configura- 
tion, in which the nonresonating capaci- 
tors (СІ, СЗ and C5) are standard values. 
The alternate inductor input/output ellip- 
tic configuration is seldom used and there- 
fore it is not included. 


HIGH-PASS TABLES 


A high-pass 5-element Chebyshev ca- 
pacitor input/output configuration is 
shown in the table extract of Fig 16.22. 
Because the inductor input/output con- 
figuration is seldom used, it was not in- 
cluded. High-pass tables for elliptical fil- 
ters appear in the References chapter. 


SCALING TO OTHER 
FREQUENCIES AND IMPEDANCES 


The tables shown are for the 1-10 MHz 
decade and for a 50-Q equally terminated 


impedance. The designs are easily scaled 
to other frequency decades and to other 
equally terminated impedance levels, 
however, making the tables a universal 
design aid for these specific filter types. 


Frequency Scaling 


To scale the frequency and the com- 
ponent values to the 10-100 or 100- 
1000 MHz decades, multiply all tabulated 
frequencies by 10 or 100, respectively. 
Then divide all C and L values by the same 
number. The A, and SWR data remain 
unchanged. To scale the filter tables to the 
0.1-1 kHz, 1-10 kHz or the 10-100 kHz 
decades, divide the tabulated frequencies 
by 1000, 100 or 10, respectively. Next 
multiply the component values by the 
same number. By changing the "MHz" 
frequency headings to "kHz" and the 
“pF” and "uH" headings to “nF” and 


Fig 16.22—A portion of a 5-element Chebyshev high-pass filter design table for 
50-Q impedance, C-in/out and standard E24 capacitor values. The full table is 


printed in the References chapter. 
—FREQUENCY (MHz)— 


Max C1,5 L2,4 сз 


Schematic for а 5—branch elliptic 
low—pass filter. 


L2 


F2 


C2 


"mH," the tables are easily changed from 
the 1-10 MHz decade to the 1-10 kHz de- 
cade and the table values read directly. 
Because the impedance level is still at 
50 Q, the component values may be awk- 
ward, but this can be corrected by increas- 
ing the impedance level by ten times using 
the impedance scaling procedure de- 
scribed below. 


Impedance Scaling 


All the tabulated designs are easily 
scaled to impedance levels other than 
50 Q, while keeping the convenience of 
standard-value capacitors and the "scan 
mode" of design selection. If the desired 
new impedance level differs from 50 O by 
a factor of 0.1, 10 or 100, the 50-Q designs 
are scaled by shifting the decimal points 
of the component values. The other data 
remain unchanged. For example, if the 


The schematic for a 5—element capacitor 
input/output Chebyshev high—poss filter. 
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Fco 3 dB 20 dB 


1.04 0.726 0.501 
1.04 0.788 0.554 
1.17 0.800 0.550 
1.07 0.857 0.615 
1.17 0.877 0.616 
1.33 0.890 0.609 
1.12 0.938 0.686 
1.25 0.974 0.693 
1.38 0.994 0.691 
1.54 1.00 0.683 


40 dB 


0.328 
0.366 
0.359 
0.410 
0.406 
0.397 
0.461 
0.461 
0.454 
0.444 


SWR 


1.044 
1.081 
1.039 
1.135 
1.076 
1.034 
1.206 
1.109 
1.057 
1.028 


(pF) 
5100 
4300 
4700 
3600 
3900 
4300 
3000 
3300 
3600 
3900 


(H) (ФР) с 
6.45 2200 
5.97 2000 
5.85 2000 
5.56 1800 
5.36 1800 
5.26 1800 
5.20 1600 
4.86 1600 
4.71 1600 
4.67 1600 
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impedance level is increased by ten or one 
hundred times (to 500 or 5000 Q), the deci- 
mal point of the capacitor is shifted to the 
left one or two places and the decimal 
point of the inductor is shifted to the right 
one or two places. With increasing imped- 
ance the capacitor values become smaller 
and the inductor values become larger. 
The opposite is true if the impedance de- 
creases. 

When the desired impedance level dif- 
fers from the standard 50-Q value by a 
factor such as 1.2, 1.5 or 1.86, the follow- 
ing scaling procedure is used: 

1. Calculate the impedance scaling 
ratio: 

Zx 


R=<% 


50 (12) 


where Z, is the desired new impedance 
level, in ohms. 

2. Calculate the cutoff frequency (fs0co) 
of a “trial” 50-Q filter, 


(13) 


where R is the impedance scaling ratio and 
fxco is the desired cutoff frequency of the 
filter at the new impedance level. 

3. From the appropriate SVC table 
select a design having its cutoff frequency 
closest to the calculated Ё; value. The 
tabulated capacitor values of this design 
are taken directly, but the frequency and 
inductor values must be scaled to the new 
impedance level. 

4. Calculate the exact fxco values, where 


fsoco =R X fyc 


f f 50co 


xco = UR 
and f' 599 is the tabulated cutoff frequency 
of the selected design. Calculate the other 
frequencies of the design in the same way. 

5. Calculate the inductor values for the 
new filter by multiplying the tabulated 
inductor values of the selected design by 
the square of the scaling ratio, R. 

For example, assume a 600-Q elliptic 
low-pass filter is desired with a cutoff 
frequency of 1.0 kHz. The elliptic low- 
pass table is frequency scaled to the 
1-10 kHz decade by changing the table 
headings to kHz, nF and mH. A suitable 
design is then selected for scaling to 60 О. 
The 60-Q design is then scaled to 600 Q 
by shifting the decimal point to com- 
plete the scaling procedure. The calcula- 
tions for this example follow, using the 
five steps outlined above and using the 


(14) 


table extract in Fig 16.21: 


2. fsoco = 1.2 X 1.0 kHz = 1.2 kHz 

3. From the elliptic low-pass table 
(Fig 16.21), designs 5 and 10 have cutoff 
frequencies closest to the F59,, of 1.2 kHz. 
Either design is suitable and design 5 is 
chosen because of its better selectivity. 
The tabulated capacitor values of 2200 nF, 
3900 nF, 1800 nF, 271 nF and 779 nF are 
copied directly. 

4. All frequencies of the final design are 
calculated by dividing the tabulated fre- 
quencies (in kHz) of design 5 by the im- 
pedance scaling ratio, 1.2: 


1.27 
fo =—— 21.06 
Е 

1.4 
fqn = —— = 1.21 
зав 12 

2.17 


Note that a cutoff frequency of 1.0 kHz 
was desired, but a 1.06-kHz cutoff fre- 
quency will be accepted in exchange for 
the convenience of using an SVC design. 

5. The L2 and L4 inductor values of 
design 5 are scaled to 60 Q by multiplying 
them by the square of the impedance ratio, 
where R = 1.2 and R? = 1.44: 


L2 = 1.44 x 7.85 mH = 11.3 mH 
L4 = 1.44 x 6.39 mH = 9.20 mH 


The 60-Q design is now impedance 
scaled to 600 Q by shifting the decimal 
points of the capacitor values to the left 
and the decimal points of the inductor 
values to the right. The final scaled com- 
ponent values for the 600-Q filter are: 


СІ = 0.22 ШЕ 
C3 = 0.39 uF 
C5 = 0.18 uF 
C2 = 27.1 nF 
C4 = 77.9 nF 
L2 = 113 mH 
L4 = 92.0 mH 


How to Use the Filter Tables 


1. 50-Q impedance level: Before select- 
ing a filter design, the important param- 
eters of the filter must be known, such as 
type (low-pass or high-pass), cutoff fre- 
quency, impedance level, preferred input 


element (for low-pass only) and an ap- 
proximation of the required stop band at- 
tenuation. It is obvious which tables to use 
for low-pass or high-pass applications, but 
it is not so obvious which one design of the 
many possible choices is optimum for the 
intended application. 

Generally, the Chebyshev will be pre- 
ferred over the elliptic because the 
Chebyshev does not require tuning of the 
inductors. If the relatively gradual attenu- 
ation rise of the Chebyshev is not satisfac- 
tory, however, then the elliptic should be 
considered. For audio filtering, the ellip- 
tic designs with high values of SWR are 
preferred because these designs have a 
much more abrupt attenuation rise than the 
Chebyshev. For RF applications, SWR 
values less than 1.2 are recommended to 
minimize undesired reflections. Low 
SWR is also important when cascading 
high-pass and low-pass filters to achieve a 
band-pass response more than two octaves 
wide. Each filter will operate as expected 
if it is correctly terminated, but this will 
occur only if both designs have the rela- 
tively constant terminal impedance that is 
associated with low SWR. 

Once you know the filter type and re- 
sponse needed, select the table of designs 
most appropriate for the application on a 
trial basis. From the chosen table, scale 
the 1-10 MHz data to the desired fre- 
quency decade and search the cutoff fre- 
quency column for a value nearest the 
desired cutoff frequency. After finding a 
possible design, check the stop-band at- 
tenuation levels to see if they are satisfac- 
tory. Then check the SWR to see if it is 
appropriate for the application. Finally, 
check the component values to see if they 
are convenient. For example, in the audio- 
frequency range, the capacitor values 
probably will be in the microfarad range 
and capacitors in this size are available 
only in the E12 series of standard values. 
Then connect the components in accor- 
dance with the diagram shown in the table 
from which the design was selected. 

2. Impedance levels other than 50 Q: 
First calculate a "trial" filter design using 
the impedance scaling procedure previ- 
ously explained. Then search the appropri- 
ate table for the best match to the trial filter 
and scale the selected design to the desired 
impedance level. In this way, the conve- 
nient scan mode of filter selection is used 
regardless of the desired impedance level. 
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Chebyshev Filter Design (Normalized Tables) 


The figures and tables in this section 
provide the tools needed to design 
Chebyshev filters including those filters for 
which the previously published standard 
value capacitor (SVC) designs might not 
be suitable. Table 16.2 lists normalized 
low-pass designs that, in addition to low- 
pass filters, can also be used to calculate 
high-pass, band-pass and band-stop filters 
in either the inductor or capacitor input/ 
output configurations for equal impedance 
terminations. Table 16.3 provides the at- 
tenuation for the resultant filter. 

This material was prepared by Ed 
Wetherhold, W3NQN, who has been the 
author of a number of articles and papers 
on the design of LC filters. It is a complete 
revision of his previously published filter 


design material and provides both insight 
to the design and actual designs in just a 
few minutes. 

For a given number of elements (N), 
increasing the filter reflection coefficient 
(RC or p) causes the attenuation slope to 
increase with a corresponding increase in 
both the passband ripple amplitude (aj) 
and SWR and with a decrease in the filter 
return loss. All of these parameters are 
mathematically related to each other. If 
one is known, the others may be calcu- 
lated. Filter designs having a low RC are 
preferred because they are less sensitive 
to component and termination impedance 
variations than are designs having a higher 
RC. The RC percentage is used as the in- 
dependent variable in Table 16.2 because 


it is used as the defining parameter in the 
more frequently used tables, such as those 
by Zverev and Saal (see Refs 17 and 18). 

The return loss is tabulated instead of 
passband ripple amplitude (ay) because it 
is easy to measure using a return loss 
bridge. In comparison, ripple amplitudes 
less than 0.1 dB are difficult to measure 
accurately. The resulting values of attenu- 
ation are contained in Table 16.3 and cor- 
responding values of a, and SWR may be 
found by referring to the Equivalent 
Values of Reflection Coefficient, Atten- 
uation, SWR and Return Loss table in the 
References chapter. The filter used (low 
pass, high-pass, band-pass and so on) will 
depend on the application and the stop- 
band attenuation needed. 
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Table 16.2 


Element values of Chebyshev low-pass filters normalized for a ripple cutoff frequency (Fa,) of one radian/sec 


(“2л Hz) and 1-Q terminations. 


Use the top column headings for the low-pass C-in/out configuration and the bottom column headings for the low-pass 
L-in/out configuration. Fig 16.23 shows the filter schematics. 


16 C7 L8 C9 

(H) (F) (H) (F) 
1.179 0.5355 

1.282 0.5808 

1.241 0.5893 

1.343 0.7066 

1.391 0.7928 

1.392 0.7970 

1.431 0.9390 

1.437 1.010 

1.437 1.033 

1.428 1.181 

1.632 1.550 1.233 0.5573 
1.665 1.610 1.291 0.6100 
1.690 1.670 1.342 0.6679 
1.696 1.688 1.357 0.6867 
1.712 1.786 1.419 0.7939 
1.713 1.804 1.427 0.8145 
1.712 1.813 1.431 0.8239 
1.692 1.936 1.460 0.9682 
1.677 1.985 1.462 1.025 
1.617 2.135 1.443 1.196 
C6 L7 C8 L9 

(F) (H) (F) (H) 


N RC Ret Loss ЕЗ/Е Сї L2 C3 L4 C5 
(%) (dB) Ratio (F) (H) (F) (H) (F) 

3 1.000 40.00 3.0094 0.3524 0.6447 0.3524 
3 1.517 36.38 2.6429 0.4088 0.7265 0.4088 
3 4.796 26.38 1.8772 0.6292 0.9703 0.6292 
3 10.000 20.00 1.5385 0.8535 1.104 0.8535 
3 15.087 16.43 1.3890 1.032 1.147 1.032 
5 0.044 67.11 2.7859 0.2377 0.5920 0.7131 0.5920 0.2377 
5 0.498 46.06 1.8093 0.4099 0.9315 1.093 0.9315 0.4099 
5 1.000 40.00 1.6160 0.4869 1.050 1.226 1.050 0.4869 
5 1.517 36.38 1.5156 0.5427 1.122 1.310 1.122 0.5427 
5 2.768 31.16 1.3892 0.6408 1.223 1.442 1.223 0.6408 
5 4.796 26.38 1.2912 0.7563 1.305 1.577 1.305 0.7563 
5 6.302 24.01 1.2483 0.8266 1.337 1.653 1.337 0.8266 
5 10.000 20.00 1.1840 0.9732 1.372 1.803 1.372 0.9732 
5 15.087 16.43 1.1347 1.147 1.371 1.975 1.371 1.147 
7 1.000 40.00 1.3004 0.5355 1.179 1.464 1.500 1.464 
7 1.427 36.91 1.2598 0.5808 1.232 1522 1.540 1.522 
7 1.517 36.38 1.2532 0.5893 1.241 1.532 1.547 1.532 
7 3.122 30.11 1.1818 0.7066 1.343 1.660 1.611 1.660 
7 4.712 26.54 1.1467 0.7928 1.391 1744 1.633 1.744 
7 4.796 26.38 1.1453 0.7970 1.392 1748 1.633 1.748 
7 8.101 21.83 1.1064 0.9390 1.431 1.878 1.633 1.878 
7 10.000 20.00 1.0925 1.010 1.437 1.941 1.622 1.941 
7 10.650 19.45 1.0885 1.033 1.437 1.962 1.617 1.962 
7 15.087 16.43 1.0680 1.181 1.423 2.097 1.573 2.097 
9 1.000 40.00 1.1783 0.5573 1.233 1.550 1.632 1.696 
9 1.517 36.38 1.1507 0.6100 1.291 1.610 1.665 1.745 
9 2.241 32.99 1.1271 0.6679 1.342 1.670 1.690 1.793 
9 2.512 32.00 1.1206 0.6867 1.357 1.688 1.696 1.808 
9 4.378 27.17 1.0915 0.7939 1.419 1.786 1.712 1.890 
9 4.796 26.38 1.0871 0.8145 1.427 1.804 1.713 1.906 
9 4.994 26.03 1.0852 0.8239 1.431 1.813 1.712 1.913 
9 8.445 21.47 1.0623 0.9682 1.460 1936 1.692 2.022 
9 10.000 20.00 1.0556 1.025 1.462 1985 1.677 2.066 
9 15.087 16.43 1.0410 1.196 1.443 2.135 1.617 2.205 
N RC Ret Loss F3/F,, L1 C2 L3 C4 L5 

(%) (dB) Ratio (Н) (F) (H) (F) (H) 
pU lE Шш лыш е и ш — ci KS 
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Fig 16.23—The schematic diagrams shown are low-pass and high-pass 
Chebyshev filters with the C-in/out and L-in/out configurations. For all normalized 
values see Table 16.2. 


A: C-in/out low-pass configuration. Use the C and L values associated with the 
top column headings of the Table. 


B: L-in/out low-pass configuration. For normalized values, use the L and C values 
associated with the bottom column headings of the Table. 


C: L-in/out high-pass configuration is derived by transforming the C-in/out low- 
pass filter in A into an L-in/out high-pass by replacing all Cs with Ls and all Ls 
with Cs. The reciprocals of the lowpass component values become the highpass 
component values. For example, when n = 3, RC = 1.00% and C1 = 0.3524 F, L1 
and L3 in C become 2.838 H. 


D: The C-in/out high-pass configuration is derived by transforming the L-in/out 
low-pass in B into a C-in/out high-pass by replacing all Ls with Cs and all Cs with 
Ls. The reciprocals of the low-pass component values become the high-pass 
component values. For example, when n = 3, RC = 1.00% and L1 = 0.3524 H, C1 
and C3 in D become 2.838 F. 


The filter schematic diagrams shown in 
Fig 16.23 are for low-pass and high-pass 
versions of the Chebyshev designs listed 
in Table 16.2. Both low-pass and high- 
pass equally terminated configurations 
and component values of the C-in/out or 
L-in/out filters can be derived from this 
single table. By using a simple procedure, 
the low-pass and high-pass designs can be 
transformed into corresponding band-pass 
and band-stop filters. The normalized ele- 
ment values of the low-pass C-in/out and 
L-in/out designs, Fig 16.23A and B, are 
read directly from the table using the val- 
ues associated with either the top or bot- 
tom column headings, respectively. 

The first four columns of Table 16.2 list 
N (the number of filter elements), RC (re- 
flection coefficient percentage), return 
loss and the ratio of the 3-dB-to-F,, fre- 
quencies. The passband maximum ripple 
amplitude (ay) is not listed because it is 
difficult to measure. If necessary it can be 
calculated from the reflection coefficient. 
The F3/F,, ratio varies with N and RC; if 
both of these parameters are known, the 
F3/F,, ratio may be calculated. The re- 
maining columns list the normalized 
Chebyshev element values for equally 
terminated filters for Ns from 3 to 9 in 
increments of 2. 

The Chebyshev passband ends when the 
passband attenuation first exceeds the 
maximum ripple amplitude, a,. This fre- 
quency is called the "ripple cutoff fre- 
quency, Fap” and it has a normalized value 
of unity. All Chebyshev designs in Table 
16.2 are based on the ripple cutoff fre- 
quency instead of the more familiar 3-dB 
frequency of the Butterworth response. 
However, the 3-dB frequency of a 
Chebyshev design may be obtained by 
multiplying the ripple cutoff frequency by 
the F3/F,, ratio listed in the fourth column. 

The element values are normalized to a 
ripple cutoff frequency of 0.15915 Hz (one 
radian/sec) and 1-Q terminations, so that 
the low-pass values can be transformed 
directly into high-pass values. This is done 
by replacing all Cs and Ls in the low-pass 
configuration with Ls and Cs and by re- 
placing all the low-pass element values 
with their reciprocals. The normalized 
values are then multiplied by the appro- 
priate C and L scaling factors to obtain the 
final values based on the desired ripple 
cutoff frequency and impedance level. The 
listed C and L element values are in farads 
and henries and become more reasonable 
after the values are scaled to the desired 
cutoff frequency and impedance level. 

The normalized designs presented are a 
mixture: Some have integral values of re- 
flection coefficient (RC) (1% and 10%) 
while others have "integral" values of 
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Table 16.3 


Normalized Frequencies at Listed Attenuation Levels for Chebyshev Low-Pass Filters with N = 3, 5, 7 and 9. 


N RC(%) 1.0 3.01 6.0 
3 1.000 2.44 3.01 3.58 
3 1.517 2.15 2.64 3.13 
3 4.796 1.56 1.88 2.20 
3 10.000 1.31 1.54 1.78 
3 15.087 1.20 1.39 1.59 
5 1.000 1.46 1.62 1.76 
5 1.517 1.38 1.52 1.65 
5 4.796 1.19 1.29 1.39 
5 6.302 16 1.25 1.34 
5 10.000 1.11 1.18 1.26 
5 15.087 1.07 1.13 1.20 
7 1.000 1.23 1.30 1.37 
7 1.517 1.19 1.25 1.32 
7 4.796 1.10 1.15 1.19 
7 8.101 1.07 1.11 1.15 
7 10.000 1.05 1.09 1.13 
7 15.087 1.04 1.07 1.10 
9 1.000 1.13 1.18 1.22 
9 1.517 1.11 1.15 1.19 
9 4.796 1.06 1.09 1.11 
9 8.445 1.04 1.06 1.09 
9 10.000 1.03 1.06 1.08 
9 15.087 1.02 1.04 1.06 


passband ripple amplitude (0.001, 0.01 
and 0.1 dB). These ripple amplitudes cor- 
respond to reflection coefficients of 1.517, 
4.796 and 15.087%, respectively. By hav- 
ing tabulated designs based on integral 
values of both reflection coefficient and 
passband ripple amplitude, the correctness 
of the normalized component values may 
be checked against those same values pub- 
lished in filter handbooks whichever pa- 
rameter, RC or a, is used. 

In addition to the customary normalized 
design listings based on integral values of 
reflection coefficient or ripple amplitude, 
Table 16.2 also includes unique designs 
having special element ratios that make 
them more useful than previously pub- 
lished tables. For example, for N = 5 and 
RC = 6.302, the ratio of СЗ/СІ is 2.000. 
This ratio allows 5-element low-pass fil- 
ters to be realized with only one capacitor 
value because C3 may be obtained by us- 
ing parallel-connected capacitors each 
having the same value as Cl and C5. 

In a similar way, for N = 7 and RC = 
8.101, C3/CI and С5/СІ are also 2.000. 
Another useful N = 7 design is that for RC 
= 1.427%. Here the L4/L2 ratio is 1.25, 
which is identical to 110/88. This means 
a seventh-order C-in/out low-pass audio 
filter can be realized with four surplus 
88-mH inductors. Both L2 and L6 can be 
88 mH while L4 is made up of a series 
connection of 22 mH and 88 mH. The 
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Attenuation Levels (dB) 


10 20 30 40 50 
4.28 6.33 9.27 13.59 19.93 
3.74 5.52 8.08 11.83 17.35 
2.60 3.79 5.53 8.08 11.83 
2.08 3.00 4.34 6.33 9.26 
1.85 2.63 3.79 5.52 8.06 
1.94 2.39 2.97 3.69 4.62 
1.80 2.22 2.74 3.41 4.26 
1.50 1.82 2.22 2.74 3.41 
1.44 1.74 2.12 2.61 3.24 
1.35 1.61 1.95 2.39 2.96 
1.28 1.51 1.82 2.22 2.74 
1.45 1.65 1.89 2.18 2.53 
1.39 1.57 1.80 2.07 2.39 
1.25 1.39 1.57 1.80 2.07 
1.19 1.32 1.49 1.69 1.94 
1.18 1.30 1.45 1.65 1.89 
1.14 1.25 1.39 1.57 1.80 
1.26 1.38 1.51 1.67 1.85 
1.23 1.34 1.46 1.61 1.78 
1.15 1.23 1.34 1.46 1.61 
11 1.19 1.28 1.40 1.53 
1.10 1.18 1.27 1.38 1.51 
1.08 1.15 1.23 1.34 1.46 


22-mH value is obtained by connecting 
the two windings of one of the four sur- 
plus inductors in parallel. Other useful 
ratios also appear in the N = 9 listing for 
both C3/CI and L4/L2. 

Except for the first two N = 5 designs, 
all designs were calculated for a reflection 
coefficient range from 1% to about 15%. 
The first two N = 5 designs were included 
because of their useful L3/L1 ratios. De- 
signs with an RC of less than 196 are not 
normally used because of their poor selec- 
tivity. Designs with RC greater than 15% 
yield increasingly high SWR values with 
correspondingly increased objectionable 
reflective losses and sensitivity to termi- 
nation impedance and component value 
variations. 

Low-pass and high-pass filters may be 
realized in either a C-input/output or 
an L-input/output configuration. The 
C-input/output configuration is usually 
preferred because fewer inductors are re- 
quired, compared to the L-input/output 
configuration. Inductors are usually more 
lossy, bulky and expensive than capaci- 
tors. The selection of the filter order or 
number of filter elements, N, is deter- 
mined by the desired stop-band attenua- 
tion rate of increase and the tolerable re- 
flection coefficient or SWR. A steeper 
attenuation slope requires either a design 
having a higher reflection coefficient or 
more circuit elements. Consequently, to 


60 70 80 
29.25 42.92 63.00 
25.46 37.36 54.83 
17.85 25.445 37.35 
13.57 19.90 29.20 
11.81 17.32 25.41 
5.79 7.27 9.13 
5.33 6.69 8.40 
4.26 5.33 6.69 
4.04 5.05 6.34 
3.69 4.61 5.78 
3.41 4.25 5.33 
2.95 3.44 4.04 
2.79 3.25 3.81 
2.39 2.79 3.25 
2.24 2.60 3.03 
2.18 2.53 2.94 
2.07 2.39 2.78 
2.07 2.32 2.61 
1.99 2.22 2.50 
1.78 1.99 2.22 
1.69 1.88 2.10 
1.67 1.85 2.07 
1.61 1.78 1.99 


select an optimum design, the builder must 
determine the amount of attenuation re- 
quired in the stop band and the permis- 
sible maximum amount of reflection coef- 
ficient or SWR. 

Table 16.3 shows the theoretical nor- 
malized frequencies (relative to the ripple 
cutoff frequency) for the listed attenua- 
tion levels and reflection coefficient per- 
centages for Chebyshev low-pass filters 
of 3,5, 7 and 9 elements. For example, for 
N=5 and RC = 15.087%, an attenuation of 
40 dB is reached at 2.22 times the ripple 
cutoff frequency (slightly more than one 
octave). The tabulated data are also appli- 
cable to high-pass filters by simply taking 
the reciprocal of the listed frequency. For 
example, for the same previous N and RC 
values, a high-pass filter attenuation will 
reach 40 dB at 1/2.22 = 0.450 times the 
ripple cutoff frequency (slightly less than 
one octave). 

The attenuation levels are theoretical 
and assume perfect components, no cou- 
pling between filter sections and no signal 
leakage around the filter. A working 
model should follow these values to the 60 
or 70-dB level. Beyond this point, the 
actual response will likely degrade some- 
what from the theoretical. 

Fig 16.24 shows four plotted attenua- 
tion vs normalized frequency curves for 
N = 5 corresponding to the normalized fre- 
quencies in Table 16.3 At two octaves 
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‚Fig 16.24—The graph shows attenuation vs frequency for four 5-element low-pass 
.filters designed with the information obtained from Table 16.2. This graph 
. demonstrates how reflection coefficient percentage (RC), maximum passband ' 
ripple amplitude (ap), SWR, return loss and attenuation rolloff are all related. The 
exact frequency at a specified attenuation level can be obtained from Table 16.3. 


above the ripple cutoff frequency, f. the 


attenuation slope gradually becomes 6 dB. 


per octave per filter element. 


LOW-PASS AND HIGH-PASS . ~ 


‘FILTERS 


Low-Pass Filter 


Let’s look at the procedure used to ale g 


culate the capacitor and inductor values of 
low-pass and high-pass filters by using 
‘two examples. Assume a 50-O low-pass 


filter is needed to give more than 40 dB of: 


. attenuation at 2f, or one octave above the 
ripple-cutoff frequency of 4.0 MHz. Re- 


ferring to Table 16.3, we see from the | 


40-dB column that a filter with 7 elements 
(N = 7) and a RC of 4.796% will reach 


40 dB at 1.80 times the cutoff frequency or | 


1.8 x 4 = 7.2 MHz. Since this design has a 
reasonably low reflection coefficient and 
will satisfy the attenuation requirement, it 
is a good choice..Note that no 5-element 
filters are suitable for this application be- 
cause 40 dB of attenuation is not achieved 
one octave above the cutoff frequency. 

: From Table’ 16.2, the normalized 
component values corresponding to N = 
7 and RC = 4.796% for the C-in/out 
configuration are: C1, C7 = 0.7970 F, 


L2, L6 = 1.392 H, C3, C5 = 1.748 F and 


Lg-——- 


E 


n 
"m 


L4 = 1. 633 H. See e Fig 16.23A for the ` ` 
corresponding configuration. The C and- 


` L normalized values will be scaled from 


~-a ripple cutoff frequency of one radian/ . 


sec and an impedance level of 1.Q to a 


` cutoff frequency of 4.0 MHz and an 
‚ ` impedance level of 50 Q. The C, and L, 


scaling factors.are calculated: 
l EET А $ ы 
2uRf . 


Cs = (15) 


~ 2nf 


. Where: 
= R = impedance level 
f = cutoff frequency. 


In this example: i 
1.- -1 


= = 795.8 х 1072 
20КЕ. 2m x 50 х4 х10° я 


Cg = 


R |( 50 


TX4X 


2nf 


Using these scaling factors, the capaci- 
tor and inductor normalized values. аге: 
scaled to the desired cutoff frequency ang 
impedance level: 


СІ, C7 = 0.797 x 795.8 pF =.634 pF 
C3, C5 = 1.748 x 795.8`рЕ = 1391 pF 


(6) 


12,16 = 1.392 x 1.989 pH = 2.77 uH 
14 = 1.633 x 1.989 uH = 3.25 uH 


High-Pass Filter 


The procedure for calculating a high- 
pass filter is similar to that for a low-pass 
filter, except à low-pass-to-high-pass 


transformation must first be performed. 


Assume a 50-Q high-pass filter is needed 
to give more than 40 dB of attenuation one 


octave below (f,/2) a ripple cutoff fre- 


quency of 4.0 MHz. Referring to Table 


` 16.3, we see from the 40-dB column that a 


7-element low-pass filter with RC of 


4.79695 will give 40 dB of attenuation at 


1.8f,. If this filter is transformed into a- 
high- pass filter, the 40-dB levelis reached 


at fy /1.80 or at 0. 556f, = 2.22 MHz. Since 
the 40-dB level is reached before one oc- | 


tave from the 4-MHz cutoff frequency, 


| this design will be satisfactory. 


_ From Fig 16.23, we choose the low-pass 


_ L-in/out configuration in B and transform 
it into a high-pass filter by replacing all 


inductors with capacitors. and all capaci- 
tors with inductors. Fig 16.23D is the fil- 
ter configuration after the transformation. 


' The reciprocals of the low-pass values 
` become the high-pass values to complete . 


the transformation. The high-pass values . 
of the filter shown in Fig 16.23D are: 


CLc7-— 
0.7970 


= 1.255 Е 


12,16 = ae 0.7184 H 
C 1392 ., 


C$ cs--l.zosmiF ` 
1.748 | 


апа 


l4-—L- 206124 H 
1.633 -` 
Using the previously calculated C and 
L'scaling factors, the high-pass compo- 
nent values are calculated the same way as 
before: : 


Cl, C7 = 1.255 x 795. TM 999 pF 


С3, C5 = 0.5721x 795.8 pF = 455 pF 


L2, L6 = 0.7184 x 1.989 uH = 1.43 pH 
L4 = 0.6124 x 1.989 uH = 1.22 uH 


BAND-PASS FILTERS - 
Band-pass filters may be classified as 


_ either narrowband or broadband. If the 


ratio of the upper ripple cutoff frequency 
to the lower cutoff frequency is greater 


` than two, we have a wideband filter. For 


wideband filters, the band-pass filter 
(BPF) requirement may be realized by 
simply cascading separate high-pass and 


‚ low-pass filters having the same design 
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impedance. (The assumption is that the 
filters maintain their individual responses 
even though they are cascaded.) For this 
to be true, it is important that both filters 
havea relatively low reflection coefficient 
percentage (less than 5%) so the SWR 
variations in the passband will be small. 

For narrowband BPFs, where the sepa- 
ration between the upper and lower cutoff 
frequencies is less than two, itis necessary 
to transform an appropriate low-pass filter 
into a BPF. That is, we use the low-pass 
normalized tables to design narrowband 
BPFs. 

We do this by first calculating a low- 
pass filter (LPF) with a cutoff frequency 
equal to the desired bandwidth of the BPF. 
The LPF is then transformed into the de- 
sired BPF by resonating the low-pass com- 
ponents at the geometric center frequency 
of the BPF. 

For example, assume we want а 50-Q 
BPF to pass the 75/80-m band and attenu- 
ate all signals outside the band. Based on 
the passband ripple cutoff frequencies of 
3.5 and 4.0 MHz, the geometric center fre- 
quency = (3.5x4.0)952 (14)052 3.741657 
or 3.7417 MHz. Let's slightly extend the 
lower and upper ripple cutoff frequencies 
to 3.45 and 4.058 MHz to account for pos- 
sible component tolerance variations and 
to maintain the same center frequency. 
We'll evaluate a low-pass 3-element pro- 
totype with a cutoff frequency equal to the 
BPF passband of (4.058-3.45)MHz = 
0.608 MHz as a possible choice for trans- 
formation. 

Further, assume it is desired to attenu- 
ate the second harmonic of 3.5 MHz by at 
least 40 dB. The following calculations 
show how to design an N = 3 filter to pro- 
vide the desired 40-dB attenuation at 
7 MHz and above. 

The bandwidth (BW) between 7 MHz 
on the upper attenuation slope (call it 
*f--") of the BPF and the corresponding 
frequency at the same attenuation level on 
the lower slope (call it “f—”) can be calcu- 
lated based on (f+)(f-) = (f)? or 


= o wie 
7 


f- 
Therefore, the bandwidth at this un- 
known attenuation level for 2 and 7 MHz 
is 5 MHz. This 5-MHz BW is normalized 
to the ripple cutoff BW by dividing 
5.0 MHz by 0.608 MHz: 
2:022 
0.608 
We now can goto Table 16.3 and search 
for the corresponding normalized fre- 
quency that is closest to the desired nor- 
malized BW of 8.22. The low-pass design 
of N 2 3 and RC = 4.796% gives 40 dB for 
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a normalized BW of 8.08 and 50 dB for 
11.83. Therefore, a design of N = 3 and 
RC = 4.796% with a normalized BW of 
8.22 is at an attenuation level somewhere 
between 40 and 50 dB. Consequently, a 
low-pass design based on 3 elements 
and a 4.796% RC will give slightly more 
than the desired 40 dB attenuation above 
7 MHz. The next step is to calculate the 
C and L values of the low-pass filter 
using the normalized component values in 
Table 16.2. 

From this table and for N = 3 and RC = 
4.796%, C1, C3 = 0.6292 F and L2 = 
0.9703 H. We calculate the scaling factors 
as before and use 0.608 MHz as the ripple 
cutoff frequency: 


1 1 


= = = 5235x107 
2nRf 27х50х0.608х106 


Cs 


PU UN 50 
2nf 2nx0.608 x 10° 


СІ, C3 = 0.6292 x 5235 pF = 3294 pF and 
L2 = 0.9703 x 13.09 uH = 12.70 pH. 


The LPF (in a pi configuration) is trans- 
formed into a BPF with 3.7417-MHz cen- 
ter frequency by resonating the low-pass 
elements at the center frequency. The reso- 
nating components will take the same 
identification numbers as the components 
they are resonating. 


25330 
(F2 x Cl) 


Ls =13.09 x10% 


L1, L3 = 


25330 


= _ = 0.5493 uH 
(14 x 3294) 


Bee 20 
(F. xL2), 
25330 


2I _ = 142.5 pF 
(14 x 12.7) 


where L, С and f are in ИН, pF and MHz, 
respectively. 

The BPF circuit after transformation 
(for N = 3, RC = 4.796%) is shown in Fig 
16.25. 

The component-value spread is 


12.7 


0.549 — 


and the reactance of L1 is about 13 Q at the 
center frequency. For better BPF perfor- 
mance, the component spread should be 
reduced and the reactance of L1 and L3 
should be raised to make it easier to 
achieve the maximum possible Q for these 
two inductors. This can be easily done by 
designing the BPF for an impedance level 
of 200 Q and then using the center taps 
on L1 and L3 to obtain the desired 50-0 
terminations. The result of this approach 


is shown in Fig 16.26. 
The component spread is now a more 
reasonable 


12:7 1571 


2.20 

and the L1, L3 reactance is 51.6 О. This 
higher reactance gives a better chance to 
achieve a satisfactory Q forL1 and L3 with 
a corresponding improvement in the BPF 
performance. 

As a general rule, keep reactance values 
between 5 О and 500 Q in a 50-Q circuit. 
When the value falls below 5 Q, either the 
equivalent series resistance of the inductor 
or the series inductance of the capacitor 
degrades the circuit Q. When the inductive 
reactance is greater than 500 Q, the induc- 
tor is approaching self-resonance and cir- 
cuit Q is again degraded. In practice, both 
L1 and L3 should be bifilar wound on a 
powdered-iron toroidal core to assure that 


optimum coupling is obtained between 


turns over the entire winding. The junction 
of the bifilar winding serves as a center 
tap. 


N=3, RC= 4.796 X 
L1,3 = 0.549 uH 
L2 — 12.7 uH 
C1,3 2 3294 pF 
C2 = 142.5 pF 
Fo = 3.742 MHz 
Ripple BW = 0.608 MHz 


Fig 16.25—After transformation of the 
band-pass filter, all parallel elements 
become parallel LCs and all series 
elements become series LCs. 


L1,3 = 2.20 uH 
L2=12.7 uH 


C1,3 = 823.5 pF 
C2 = 142.5 pF 


Fig 16.26—A filter designed for 200-0 
source and load provides better values. 
By tapping the inductors, we can use a 
200-0 filter design in a 50-0 system. 


Side-Slope Attenuation 
Calculations 


The following equations allow the cal- 
culation of the frequencies on the upper 
and lower sides of a BPF response curve at 
any given attenuation level if the band- 
width at that attenuation level and the geo- 
metric center frequency of the BPF are 
known: 


fiy  -X + үг? +X? (17) 
fhi = flo + BW (18) 
where 
BW = bandwidth at the given attenua- 
tion level, 
f, = geometric center frequency 
x = BW 
2 


For example, if f = 3.74166 MHz and 
BW = 5 MHz, then 


BW ox =25 
2 


and: 


flo =—2.5 + 3.741662 + 2.5? = 2.00 MHz 


fii =f, + ВМ =2 + 5 = 7 MHz 


BAND-STOP FILTERS 


Band-stop filters may be classified as 
either narrowband or broadband. If the 
ratio of the upper ripple cutoff frequency 
to the lower cutoff frequency is greater 
than two, the filter is considered 
wideband. A wideband band-stop filter 
(BSF) requirement may be realized by 
simply paralleling the inputs and outputs 
of separate low-pass and high-pass filters 
having the same design impedance and 
with the low-pass filter having its cutoff 
frequency one octave or more below the 
high-pass cutoff frequency. 

In order to parallel the low-pass and 
high-pass filter inputs and outputs with- 
out one affecting the other, it is essential 
that each filter have a high impedance in 
that portion of its stop band which lies in 
the passband of the other. This means that 
each of the two filters must begin and end 
in series branches. In the low-pass filter, 
the input/output series branches must con- 


Quartz Crystal Filters 


Practical inductor Q values effectively 
set the minimum achievable bandwidth 
limits for LC band-pass filters. Higher-Q 
circuit elements must be employed to ex- 
tend these limits. These high-Q resonators 
include PZT ceramic, mechanical and co- 
axial devices. However, the quartz crystal 
provides the highest Q and best stability 
with temperature and time of all available 
resonators. Quartz crystals suitable for fil- 
ter use are fabricated over a frequency 
range from audio to VHF. 

The quartz resonator has the equivalent 
circuit shown in Fig 16.31. L,, C, and К, 
represent the motional reactances and 
loss resistance. C, is the parallel plate 
capacitance formed by the two metal elec- 
trodes separated by the quartz dielectric. 
Quartz has a dielectric constant of 3.78. 
Table 16.4 shows parameter values for 
typical moderate-cost quartz resonators. 
Qu is the resonator unloaded Q. 


Qu =2nfs Is (19) 


Qy is very high, usually exceeding 
25,000. Thus the quartz resonator is an 
ideal component for the synthesis of a 
high-Q band-pass filter. 

A quartz resonator connected between 
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sist of inductors and in the high-pass fil- 
ter, the input/output series branches must 
consist of capacitors. 

When the ratio of the upper to lower 
cutoff frequencies is less than two, the 
BSF is considered to be narrowband, and 
a calculation procedure similar to that of 
the narrowband BPF design procedure is 
used. However, in the case of the BSF, the 
design process starts with the design of a 
high-pass filter having the desired imped- 
ance level of the BSF and a ripple cutoff 
frequency the same as that of the desired 
ripple bandwidth of the BSF. After the 
HPF design is completed, every high-pass 
element is resonated to the center fre- 
quency of the BSF in the same manner as 
if it were a BPF, except that all shunt 
branches of the BSF will consist of series- 
tuned circuits, and all series branches will 
consist of parallel-tuned circuits—just the 
opposite of the resonant circuits in the 
BPF. The reason for this becomes obvious 
when the impedance characteristics of the 
series and parallel circuits at resonance are 
considered relative to the intended pur- 
pose of the filter, that is, whether it is for 
a band-pass or a band-stop application. 


Fig 16.31—Equivalent circuit of a quartz crystal. The curve plots the crystal 
reactance against frequency. At fp, the resonance frequency, the reactance curve 


goes to infinity. 
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Quartz Resonator 


P 
Frequency ——— 


insertion Loss (dB) 


Fig 16.32—A: Series test circuit for a 
crystal. In the test circuit the output of 
a variable frequency generator, eq, is 
used as the test signal. The frequency 
response in B shows the highest 
attenuation at resonance (fp). See text. 
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Fig 16.33—The practical one-stage 
crystal filter in A has the response 
shown in B. The phasing capacitor is 
adjusted for best response (see text). 
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Table 16.4 
Typical Parameters for AT-Cut Quartz Resonators 
Freq Mode rs Cp Cs L Qy 
(MHz) п (Q) (pF) (pF) (mH) 
1.0 1 260 3.4 0.0085 2900 72,000 
5.0 1 40 3.8 0.011 100 72,000 
10.0 1 8 3.5 0.018 14 109,000 
20 1 15 4.5 0.020 3.1 26,000 
30 3 30 4.0 0.002 14 87,000 
75 3 25 4.0 0.002 2.8 43,000 
110 5 60 2.7 0.0004 5.0 57,000 
150 5 65 3.5 0.0006 1.9 27,000 
200 7 100 3.5 0.0004 2.1 26,000 


Courtesy of Piezo Crystal Co, Carlisle, Pennsylvania 
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Fig 16.34—A half-lattice crystal filter. No phasing capacitor is needed in this circuit. 


Fig 16.35—A four-stage crystal ladder filter. The crystals must be chosen properly 
for best response. 


generator and load, as shown in Fig 
16.324, produces the frequency response 
of Fig 16.32B. There is a relatively low 
loss at the series resonant frequency f, and 
high loss at the parallel resonant frequency 
fp- The test circuit of Fig 16.32A is useful 
for determining the parameters of a quartz 
resonator, but yields a poor filter. 

A crystal filter developed in the 1930s is 
shown in Fig 16.33A. The disturbing ef- 
fect of Ср (which produces f,) is canceled 


р 
by the phasing capacitor, C1. The voltage 


reversing transformer Т1 usually consists 
of a bifilar winding on a ferrite core. Volt- 
ages V, and Vy have equal magnitude but 
180° phase difference. When C1 =C,, the 
effect of C, will disappear and a well-be- 
haved single resonance will occur as 
shown in Fig 16.33B. The band-pass filter 
will exhibit a loaded Q given by: 
2nf;L 
Gus Q0) 


This single-stage "crystal filter," oper- 


ating at 455 kHz, was present in almost 
all high-quality amateur communica- 
tions receivers up through the 1960s. When 


` the filter was switched into the receiver ТЕ. 


amplifier the bandwidth was reduced to a 
few hundred Hz for Morse code reception. 
. The half-lattice filter shown іп 
_ Fig 16.34 is an improvement in crystal fil- 
ter design. The quartz resonator parallel- 
plate capacitors, C,, cancel each other. 


Remaining series resonant circuits, if prop- 


‘Monolithic Crystal 
Filters 


. A monolithic (Greek: one-stone) érys- 
tal filter has two sets of electrodes depos- 
ited on the same quartz plate, as shown in 
Fig 16.36. This forms two resonators with 
acoustic (mechanical) coupling between 
them. If the acoustic coupling is correct, a 
2-pole Butterworth or Chebyshev re- 
sponse will be achieved. More than two 
resonators can be fabricated on the same 
plate yielding a multipole response. 
Monolithic crystal filter technology is 
popular because it produces a low parts 
count, single-unit filter at lower cost than 


erly offset in frequency, will produce an 
approximate 2-pole Butterworth ог 
Chebyshev response. Crystals A and B are 
usually chosen so that the parallel resonant 
frequency (f,) of one is the same as the 
series resonant frequency (f,) of the other. 

Half-lattice filter sections can be cas- 
caded to produce a composite filter with 


` many poles. Until recently, most vendor- 


supplied commercial filters were lattice 
types. Ref 11 discusses the computer de- 


a lumped-element equivalent. Monolithic 


crystal filters are typically manufactured 
in the range from 5 to 30 MHz for the fun- 
damental mode and up to 90 MHz for the 
third-overtone mode. Q, ranges from 200 
to 10,000. 


D 


Fig 16.36—Typical two-pole monolithic 
crystal filter. This single small ('/2 to 
3/,-inch) unit can replace 6 to 12, or 
more, discrete components. 


sign of half-lattice filters. 

Many quartz crystal filters produced to- 
day use the ladder network design shown 
in Fig 16.35. In this configuration, all . 
resonators have the same series resonant 
frequency f,. Interresonator coupling is 
provided by shunt capacitors such as C12 
and C23. Refs 12 and 13 provide good 
ladder filter design information. A test set 
for evaluating crystal filters is presented 
in the Projects section of this chapter. 
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SAW Filters 


The resonators in a monolithic crystal 
filter are coupled together by bulk acous- 
tic waves. These acoustic waves are gen- 
erated and propagated in the interior of a 
quartz plate. It is also possible to launch, 
by an appropriate transducer, acoustic 
waves which propagate only along the 
surface of the quartz plate. These are 
called “surface-acoustic-waves” because 
they do not appreciably penetrate the inte- 
rior of the plate. 

A surface-acoustic-wave (SAW) filter 
consists of thin aluminum electrodes, or 
fingers, deposited on the surface of a 
piezoelectric substrate as shown in 
Fig 16.37. Lithium Niobate (LiNbO;) is 
usually favored over quartz because it 
yields less insertion loss. The electrodes 


ist 


Section Section 


Absorber 


Finger 
Overlap 


Signal 


Electrode Input 


Transducer 


make up the filter’s transducers. RF volt- 
age is applied to the input transducer and 
generates electric fields between the fin- 
gers. The piezoelectric material vibrates 
launching an acoustic wave along the sur- 
face. When the wave reaches the output 
transducer it produces an electric field 
between the fingers. This field generates a 
voltage across the load resistor. 

Since both input and output transducers 
are not entirely unidirectional, some 
acoustic power is lost in the acoustic ab- 
sorbers located behind each transducer. 
This lost acoustic power produces a 
midband electrical insertion loss typically 
greater than 10 dB. The SAW filter fre- 
quency response is determined by the 
choice of substrate material and finger 


Finger 
2nd i 
Spacin 
oe Nth 
Section 


pattern. The finger spacing, (usually one- 
quarter wavelength) determines the filter 
center frequency. Center frequencies are 
available from 20 to 1000 MHz. The num- 
ber and length of fingers determines the 
filter loaded Q and shape factor. 

Loaded Qs are available from 2 to 100, 
with a shape factor of 1.5 (equivalent to a 
dozen poles). Thus the SAW filter can be 
made broadband much like the LC filters 
that it replaces. The advantage is substan- 
tially reduced volume and possibly lower 
cost. SAW filter research was driven by 
military needs for exotic amplitude- 
response and time-delay requirements. 
Low-cost SAW filters are presently found 
in television IF amplifiers where high 
midband loss can be tolerated. 


Electrode Output 


Transducer 


Piezoelectric Substrate 


Absorber 


Fig 16.37—The interdigitated transducer, on the left, launches SAW energy to a similar transducer on the right (see text). 
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Transmission-Line Filters 


LC filter calculations are based on the 
assumption that the reactances are 
lumped—the physical dimensions of the 
components are considerably less than the 
operating wavelength. Therefore the un- 
avoidable interturn capacitance associ- 
ated with inductors and the unavoidable 
series inductance associated with capaci- 
tors are neglected as secondary effects. If 
careful attention is paid to circuit layout 
and miniature components are used, 
lumped LC filter technology can be used 
up to perhaps 1 GHz. 

Transmission-line filters predominate 
from 500 MHz to 10 GHz. In addition they 
are often used down to 50 MHz when 
narrowband (О; > 10) band-pass filtering 
is required. In this application they exhibit 
considerably lower loss than their LC 
counterparts. 


Fig 16.38—Transmission lines. 

A: Coaxial line. B: Coupled stripline, 
which has two ground planes. 

C: Microstripline, which has only one 
ground plane. 


Replacing lumped reactances with se- 
lected short sections of TEM transmission 
lines results in transmission-line filters. In 
TEM, or Transverse Electromagnetic 
Mode, the electric and magnetic fields 
associated with a transmission line are at 
right angles (transverse) to the direction 
of wave propagation. Coaxial cable, 
stripline and microstrip are examples of 
TEM components. Waveguides and 
waveguide resonators are not TEM com- 
ponents. 


Transmission Lines for Filters 


Fig 16.38 shows three popular transmis- 
sion lines used in transmission-line filters. 
The circular coaxial transmission line 
(coax) shown in Fig 16.38A consists of 
two concentric metal cylinders separated 
by dielectric (insulating) material. Coaxial 
transmission line possesses a characteris- 
tic impedance given by: 


ЫТ 
E d 


VE 


Zo (21) 


Fig 16.39. At RF, Zo is an almost pure re- 
sistance. If the distant end of a section of 
coax is terminated in Zo, then the imped- 
ance seen looking into the input end is also 
Zo at all frequencies. A terminated section 
of coax is shown in Fig 16.40A. If the 
distant end is not terminated in Zo, the 
input impedance will be some other value. 
In Fig 16.40B the distant end is short cir- 
cuited and the length is less than '/4 А. The 
input impedance is an inductive reactance 
as seen by the notation +j in the equation 
in part B of the figure. 

Хү vs £ for the short-circuit case is tabu- 
lated in Fig 16.41. A length of !/ А as 
propagating in the coax is denoted Ag, 

The input impedance for the case of the 
open-circuit distant end, is shown in 
Fig 16.40C. This case results in a capaci- 
tive reactance (—j). Thus, short sections of 
coaxial line (stubs) can replace the induc- 
tors and capacitors in an LC filter. Coax 
line inductive stubs usually have lower 
loss than their lumped counterparts. 

There is an optimum value of Zp that 
yields lowest loss, given by 


120 
Ve Zo (Ohms) 


160 


Fig 16.39—Coaxial-line impedance varies with the ratio of the inner- and outer- 
conductor diameters. The dielectric constant, =, is 1.0 for air and 2.32 for 


polyethylene. 
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2n4 
Zigm t Zo tan —— 
N 


mu 


^g = electrical wavelength 
fo = Operating Frequency (MHz) 
€ = Dielectric Constont 


Fig 16.40—Transmission line stubs. 

A: A line terminated in its charac- 
teristic impedance. B: A shorted line 
less than */4-X long is an inductive stub. 
С: An open line less than '/4-À long is a 
capacitive stub. 


Shorted 
Stub 


Open 
Stub 


Fig 16.41—Stub reactance for various 
lengths of transmission line. Values are 
for Z, = 50 О. For Z, = 100 Q, double the 
tabulated values. 


15 
vE 

If the dielectric is air, Zg = 75 Q. If the 
dielectric is polyethylene (€ = 2.32) Zp = 
50 О. This is the reason why polyethylene 
dielectric flexible coaxial cable is usually 
manufactured with a 50-Q characteristic 
impedance. 

The first transmission-line filters were 
built from sections of coaxial line. Their 
mechanical fabrication is expensive and it 


Zo = (22) 
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Fig 16.42— The Z, of stripline varies with и, b and t (conductor thickness). See 
Fig 16.38B. The conductor thickness is t and the plots are normalized in terms 


of t/b. 


is difficult to provide electrical coupling 
between line sections. Fabrication diffi- 
culties are reduced by the use of shielded 
strip transmission line (stripline) shown 
in Fig 16.38B. The outer conductor of 
stripline consists of two flat parallel metal 
plates (ground planes) and the inner con- 
ductor is a thin metal strip. Sometimes the 
inner conductor is a round metal rod. The 
dielectric between ground planes and strip 
can be air or a low-loss plastic such as 
polyethylene. The outer conductors 
(ground planes or shields) are separated 
from each other by distance b. 

Striplines can be easily coupled to- 
gether by locating the strips near each 
other as shown in Fig 16.38B. Stripline Zo 
vs width (w) is plotted in Fig 16.42. Air- 
dielectric stripline technology is best for 
low bandwidth (Qj > 20) band-pass filters. 

The most popular transmission line is 
microstrip (unshielded stripline), shown 
in Fig 16.38C. It can be fabricated with 
standard printed-circuit processes and is 
the least expensive configuration. Unfor- 
tunately, microstrip is the most lossy of 
the three lines, therefore it is not suitable 
for narrow band-pass filters. In microstrip 
the outer conductor is a single flat metal 
ground-plane. The inner conductor is a 
thin metal strip separated from the ground- 
plane by a solid dielectric substrate. Typi- 
cal substrates are 0.062-inch G-10 fiber- 


glass (€ = 4.5) for the 50 MHz to 1-GHz 
frequency range and 0.031-inchTeflon 
(є = 2.3) for frequencies above 1 GHz. 

Conductor separation must be mini- 
mized or free-space radiation and un- 
wanted coupling to adjacent circuits may 
become problems. Microstrip characteris- 
tic impedance and the effective dielectric 
constant (£) are shown in Fig 16.43. Unlike 
coax and stripline, the effective dielectric 
constant is less than that of the substrate 
since a portion of the electromagnetic 
wave propagating along the microstrip 
*sees" the air above the substrate. 


€=2.3 
(RT/Duroid) 


Fig 16.43—Microstrip parameters (after 
H. Wheeler, IEEE Transactions on MTT, 
March 1965, p 132). 


0.062" G-10 fiberglass 
copper on both sides. 
Sides bonded to each 
other at top and 
bottom edges. 


Short circuit stripline 
to chassis wall. 


Fig 16.44—This 146-MHz stripline band- 
pass filter has been measured to have 
a QL of 63 and a loss of approximately 
1 dB. 


The least-loss characteristic impedance 
for stripline and microstrip-lines is not 
75 Q as it is for coax. Loss decreases as 
line width increases, which leads to 
clumsy, large structures. Therefore, to con- 
serve space, filter sections are often con- 
structed from 50-Q stripline or microstrip 
stubs. 


Transmission-Line Band-Pass 
Filters 


Band-pass filters can also be constructed 
from transmission-line stubs. At VHF the 
stubs can be considerably shorter than a 
quarter wavelength yielding a compact 
filter structure with less midband loss 
than its LC counterpart. The single-stage 
146-MHz stripline band-pass filter shown 
in Fig 16.44 is an example. This filter 
consists of a single inductive 50-Q strip- 
line stub mounted into a 2x5x7-inch alu- 
minum box. The stub is resonated at 146 
MHz with the “APC” variable capacitor, 
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Fig 16.45—This Butterworth filter is constructed in combline. It was originally 
discussed by R. Fisher in December 1968 QST. 


Dimension 52 MHz 146 MHz 222 MHz 


A g" 7" 7" 

B 7" g" 9" 

L T/a" 6" 6" 

S 1" Ths" 13/6" 
үү 1" 1°/в" 15/в" 
Capacitance 

(pF) 

C1 110 22 12 
C2 135 30 15 
Сз 110 22 12 
Co 35 6.5 2.8 
а 10 29 36 
Performance 

ВМЗ (MHz) 5.0 5.0 6.0 
Loss (dB) 0.6 0.7 — 


C1. Coupling to the 50-Q generator and 
load is provided by the coupling capacitors 
C,. The measured performance of this fil- 
ter is: f; = 146 MHz, BW = 2.3 MHz (О, = 
63) and midband loss = 1 dB. 

Single-stage stripline filters can be 
coupled together to yield multistage filters. 
One method uses the capacitor coupled 
band-pass filter synthesis technique to de- 
sign a 3-pole filter. Another method allows 
closely spaced inductive stubs to magneti- 
cally couple to each other. When the 
coupled stubs are grounded on the same 
side of the filter housing, the structure is 
called a “combline filter." Three examples 
of combline band-pass filters are shown in 
Fig 16.45. These filters are constructed in 
2x7x9-inch chassis boxes. 


Quarter-Wave Transmission-Line 
Filters 


Fig 16.41 shows that when £ = 0.25 À,, 
the shorted-stub reactance becomes infi- 


nite. Thus, a !/4.А shorted stub behaves like 
a parallel-resonant LC circuit. Proper in- 
put and output coupling to a !/4-À resonator 
yields a practical band-pass filter. Closely 
spaced '/s-A resonators will couple to- 
gether to form a multistage band-pass fil- 
ter. When the resonators are grounded on 
opposite walls of the filter housing, the 
structure is called an “interdigital filter" 
because the resonators look like interlaced 
fingers. Two examples of 3-pole UHF 
interdigital filters are shown in Fig 16.46. 
Design graphs for round-rod interdigital 
filters are given in Ref 16. The !/4-À reso- 
nators may be tuned by physically chang- 
ing their lengths or by tuning the screw 
opposite each rod. 

If the short-circuited ends of two !/43. 
resonators are connected to each other, the 
resulting '/2-A stub will remain in reso- 
nance, even when the connection to 
ground-plane is removed. Such a floating 
!/3-) microstrip line, when bent into a 
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Approx. 4-1/8" 


U-shape, is called a “hairpin” resonator. 
Closely coupled hairpin resonators can be 
arranged to form multistage band-pass fil- 
ters. Microstrip hairpin band-pass filters 
are popular above | GHz because they can 
be easily fabricated using photo-etching 
techniques. No connection to the ground- 
plane is required. 


Transmission-Line Filters 
Emulating LC Filters 


Low-pass and high-pass transmission- 
line filters are usually built from short 
sections of transmission lines (stubs) that 
emulate lumped LC reactances. Some- 
times low-loss lumped capacitors are 
mixed with transmission-line inductors 
to form a hybrid component filter. For 
example, consider the 720-MHz 3-pole 
microstrip low-pass filter shown in Fig 
16.47A that emulates the LC filter shown 
in Fig 16.47B. C1 and C3 are replaced with 
50-Q open-circuit shunt stubs £c long. L2 
is replaced with a short section of 100-Q 
line 4; long. The LC filter, Fig 16.47B, 
was designed for f, = 720 MHz. Such a 
filter could be connected between a 432- 
MHz transmitter and antenna to reduce 
harmonic and spurious emissions. A reac- 
tance chart shows that X¢ is 50 Q, and the 
inductor reactance is 100 Q at f,. The 
microstrip version is constructed on G-10 
fiberglass 0.062-inch thick, with € = 4.5. 
Then, from Fig 16.43, wis 0.11 inch and lc 
= 0.25 A, for the 50-Q capacitive stubs. 
Also, from Fig 16.43, w is 0.024 inch and 
l, is 0.25 Z, for the 100-Q inductive 
line. The inductive line length is approxi- 
mate because the far end is not a short cir- 
cuit. £, is 300/(720)(1.75) = 0.238 m, or 
9.37 inches. Thus éc is 1.1 inch and £j is 
1.1 inch. 


Fig 16.46—These 3-pole Butterworth 
filters (upper: 432 MHz, 8.6 MHz 
bandwidth, 1.4 dB pass-band loss; 
lower: 1296 MHz, 110 MHz bandwidth, 
0.4 dB pass-band loss) are constructed 
as interdigitated filters. The material is 
from R. E. Fisher, March 1968 QST. 


Helical Resonators 


Ever-increasing occupancy of the radio 
spectrum brings with it a parade of re- 
ceiver overload and spurious responses. 
Overload problems can be minimized by 
using high-dynamic-range receiving tech- 
niques, but spurious responses (such as the 
image frequency) must be filtered out be- 
fore mixing occurs. Conventional tuned 
circuits cannot provide the selectivity nec- 
essary to eliminate the plethora of signals 
found in most urban and many suburban 
neighborhoods. Other filtering techniques 
must be. used. 

Helical resonators are usually a better 
choice than '/4-A cavities on 50, 144 and 
222 MHz to eliminate these unwanted in- 
puts. They are smaller and easier to build. 
In the frequency range from 30 to 100 
MHz it is difficult to build high-Q induc- 
tors and coaxial cavities are very large. In 
this frequency range the helical resonator 
is an excellent choice. At 50 MHz for ex- 
ample, а capacitively tuned,'/+A coaxial 


cavity with an unloaded Q of 3000 would 
be about 4 inches in diameter and nearly 5 
ft long. On the other hand, a helical reso- 
nator with the same unloaded Q is about 
8.5 inches in diameter and 11.3 inches 
long. Even at 432 MHz, where coaxial 
cavities are common, the use of helical 
resonators results in substantial size re- 
ductions. 

The helical resonator was described by 
WIHR in a QST article as a coil sur- 
rounded by a shield, but it is actually a 
shielded, resonant section of helically 
wound transmission line with relatively 
high characteristic impedance and low 
axial propagation velocity. The electrical 
length is about 94% of an axial !/4À or 
84.6°. One lead of the helical winding is 
connected directly to the shield and the 
other end is open circuited as shown in 
Fig 16.48. Although the shield may be any 
shape, only round and square shields will 
be considered here. 


Fig 16.47—A microstrip 3-pole 
Butterworth low-pass filter with a 
cutoff frequency of 720 MHz. 

A: Microstrip version built with G-10 
fiberglass board (£ = 4.5, h = 0.062 
inches). B: Lumped LC version of the 
same filter. To construct this filter with 
lumped elements very small values of 
L and C must be used and stray 
capacitance and inductance reduced to 
a tiny fraction of the component 
values. 


Design r 

The unloaded Q of a helical resonator is 
determined primarily by the size of the 
shield. For a round resonator with a cop- 
per coil on a low-loss form, mounted in a 
copper shield, the unloaded Q is given by 


Qu =50Ю./ (23) 
where 
D = inside diameter of the shield, in 
inches 


fo = frequency, in MHz. 


D is assumed to be 1.2 times the width 
of one side for square shield cans. This 
formula includes the effects of losses and 
imperfections in practical materials. It 
yields values of unloaded Q that are easily 
attained in practice. Silver plating the 
shield and coil increases the unloaded Q 
by about 3% over that predicted by the 
equation. At VHF and UHF, however, it is 
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Fig 16.48—Dimensions of round and 
square helical resonators. The 
diameter, D (or side, S) is determined 
by the desired unloaded Q. Other 
dimensions are expressed in terms of 
D or S (see text). 


more practical to increase the shield size 
slightly (that is, increase the selected Qy 
by about 3% before making the calcula- 
tion). The fringing capacitance at the 
open-circuit end of the helix is about 
0.15 D pF (that is, approximately 0.3 pF 
for a shield 2 inches in diameter). Once the 
required shield size has been determined, 
the total number of turns, N, winding 
pitch, Р and characteristic impedance, 2, 
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Fig 16.49—The design nomograph for round helical resonators 


inches and О, of 500 at 7 MHz). Finally the number o 
determined by drawing a line from the frequency scale through s 


for round and square helical resonators 
with air dielectric between the helix and 
shield, are given by: 


_ 1908 (24А) 
foD 
2 
p= {00 (24B) 
2312 
z, = 99.900 DE 
foD 
= 1590 (24D) 
fos 
2 
p = 105 (24E) 
1606 
ad (24F) 
FoS 


In these equations, dimensions D and S 
are in inches and fọ is in megahertz. The 
design nomograph for round helical reso- 
nators in Fig 16.49 is based on these for- 
mulas. 

Although there are many variables to 
consider when designing helical resona- 
tors, certain ratios of shield size to length 
and coil diameter to length, provide opti- 
mum results. For helix diameter, d = 0.55 


FREQUENCY, MHz 
F 


SHIELD 
INSIDE 


DIAMETER 
0 


INCHES 


D or d = 0.66 S. For helix length, b = 
0.825D or b = 0.995. For shield length, B 
= 1.325 D and H = 1.60 S. 

Fig 16.50 simplifies calculation of these 
dimensions. Note that these ratios result 
in a helix with a length 1.5 times its diam- 
eter, the condition for maximum Q. The 
shield is about 6096 longer than the he- 
lix—although it can be made longer—to 
completely contain the electric field at the 
top of the helix and the magnetic field at 
the bottom. 

The winding pitch, P, is used primarily 
to determine the required conductor size. 
Adjust the length of the coil to that given 
by the equations during construction. Con- 
ductor size ranges from 0.4 P to 0.6 P for 
both round and square resonators and are 
plotted graphically in Fig 16.51. 

Obviously, an area exists (in terms of 
frequency and unloaded Q) where the de- 
signer must make a choice between a con- 
ventional cavity (or lumped LC circuit) 
and a helical resonator. The choice is af- 
fected by physical shape at higher frequen- 
cies. Cavities are long and relatively small 
in diameter, while the length of a helical 
resonator is not much greater than its di- 
ameter. A second consideration is that 
point where the winding pitch, P, is less 
than the radius of the helix (otherwise the 


NUMBER 
OF TURNS 
N 
200 -F 10,000 


IMPEDANCE 


150 


starts by selecting Qy and the required shield diameter. A 
line is drawn connecting these two values and extended to the frequency scale (example here is for a shield of about 3.8 


f turns, N, winding pitch, P, and characteristic impedance, Zo, are 
elected shield diameter (but this time to the scale on the 


right-hand side. For the example shown, the dashed line shows Р = 0.047 inch, М = 70 turns, and Z, = 3600 О). 


16.26 Chapter 16 


SHIELD HELIX HELIX "SHIELD 
DIAMETER DIAMETER, 


SHIELD 


LENGTH LENGTH DIAMETER 


Fig 16.50—The helical resonator is 
‘scaled from this design nomograph. 
Starting with the shield diameter, the 
helix diameter, d, helix length, b, and 
shield length, B, can be determined 

` with this graph. The example shown 
has a shield diameter of 3.8 inches. 
This requires a helix mean diameter of 
2.1 inches, helix length of 3.1 inches, 
and shield length of 5 inches. 


гри плут 
С T: 


L LT 
ое ог б О? 
WINDING PITCH, Р (INCHES) 


Fig 16.51—This chart provides the 
design information of helix conductor 
size vs winding pitch, P. For example, a 
winding pitch of 0.047 inch results in a 
conductor diameter between 0.019 and 
0.028 inch (#22 or #24 AWG). 


structure tends to be nonhelical). This con- 
dition occurs when the'helix has fewer 
than three turns (the “upper limit" on the 
design nomograph of Fig 16.49). 


Construction 


The shield should not haves any seams ' 


parallel to the helix axis to obtain as high 
an unloaded Q as possible. This is usually 
not a problem with round resonators be- 
cause large-diameter copper tubing is used 
for the shield, but square resonators re- 
quire at least one seam and usually more. 

: The effect on unloaded Q is minimum if 
the seam is silver soldered carefully from 
one end to the other. 


i 


-Results are best when little or no dielec- 


tric is used inside the shield. This is usu- 


ally no problem at VHF and UHF because 
the conductors are large enough that a sup- 
porting coil form is not required. The 
lower end of the helix should be soldered 
to the nearest point on the inside of the 
shield. 

Although the external field is mini- 
mized by the use of top and bottom shield 
covers, the top and bottom of the shield 
may be left open with negligible effect on 
frequency or unloaded Q. Covers, if pro- 
vided, should make electrical contact with 
the shield. In those resonators where the 
helix is connected to the bottom cover, that 
cover must be soldered solidly to the 
shield to minimize losses. 


: Tuning 


A carefully built helical resonator de- 
signed from the nomograph of Fig 16.49 


` will resonate very close to the design fre- 


quency. Slightly compress or expand the 
helix to adjust resonance over a small 
range. If the helix is made slightly longer 
than that called for in Fig 16.50, the reso- 
nator can be tuned by pruning the open 
end of the coil. However, neither of these 
methods is recommended for wide fre- 
quency excursions because any major de- 
viation in helix length will degrade the 
unloaded Q of the resonator. 

Most helical resonators are tuned by 
means of a brass tuning screw or high- 
quality air-variable capacitor across the 
open end of the helix. Piston capacitors 
also work well, but the Q of the tuning 
capacitor should ideally be several times 
the unloaded Q of the resonator. Varactor 
diodes have sometimes been used where 
remote tuning is required, but varactors 
can generate unwanted harmonics and 
other spurious signals if they are excited 
by strong, nearby signals. 

When a helical resonator is to be tuned 


by a variable capacitor, the shield size is. 


based on the chosen unloaded Q at the op- 
erating frequency. Then the number of 
turns, N and the winding pitch, P, are based 
on resonance at 1.5 fọ. Tune the resonator 
to the desired operating frequency, fo. 


Insertion Loss 
The insertion loss (dissipation loss), I, , 


: in decibels, of all single-resonator circuits 


is given by 
Ij = 20108, 5 (25) 
1- = 
Qu, 
where 
- О, = loaded О 


Qy = unloaded Q 
This is plotted in Fig 16.52. For the most 


practical cases (Оу > 5), this can be closely 
approximated by I, ~ 9.0 (Q,/Qy) dB. The 
selection of Q; for a tuned circuit is dic- 
tated primarily by the required selectivity 
of the circuit. However, to keep dissipa- 
tion loss to 0.5 dB or less (as is the case for 
low-noise VHF receivers), the unloaded Q 
must be at least 18 times the Qj. 


Coupling 

Signals are coupled into and out of he- 
lical resonators with inductive loops at the 
bottom of the helix, direct taps on the coil 
or a combination of both. Although the 
correct tap point can be calculated easily, 
coupling by loops and probes must be de- ` 
termined experimentally. 

The input and output coupling is often 
provided by probes when only one resona- 
tor is used. The probes are positioned on 
opposite sides of the resonator for maxi- ' 
mum isolation. When coupling loops are 
used, the plane of the loop should be per- 
pendicular to the axis of the helix and sepa- 
rated a small distance from the bottom of 
the coil. For resonators with only a few 
turns, the plane of the loop can be tilted 
slightly so it is parallel with the slope of 
the adjacent conductor. 

Helical resonators with inductive cou- 
pling (loops) exhibit more attenuation to 
signals above the resonant frequency (as 


compared to attenuation below reso- 


nance), whereas resonators with capaci- 
tive coupling (probes) exhibit more 
attenuation below the passband, as shown 
for a typical 432-MHz resonator in 
Fig 16.53. Consider this characteristic 
when choosing a coupling method. The 
passband can be made more symmetrical 
by using a combination of coupling meth- 


: ods (inductive input and capacitive out- 


put, for example). 

If more than one helical resonator is 
required to obtain a desired band-pass 
characteristic, adjacent resonators may be 
coupled through apertures in the shield 
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. Fig 16.52—The ratio of loaded (Q,) to 
` unloaded (Qu) О determines the 


insertion loss of a tuned resonant 
circuit. 
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Fig 16.53—This response curve for a 
single-resonator 432-MHz filter shows 
the effects of capacitive and inductive 
input/output coupling. The response 
curve can be made symmetrical on 
each side of resonance by combining 
the two methods (inductive input and 
capacitive output, or vice versa). 


Active Filters 


(A) 


LOW-PASS FILTER 
[a? + ак - t]Cz 


wall between the two resonators. Unfortu- 
nately, the size and location of the aper- 
ture must be found empirically, so this 
method of coupling is not very practical 
unless you're building a large number of 
identical units. 

Since the loaded Q of a resonator is de- 
termined by the external loading, this must 
be considered when selecting a tap (or 
position of a loop or probe). The ratio of 
this external loading, Къ, to the character- 
istic impedance, Zp, for a '/s-A resonator is 
calculated from: 

K = $2 = 0.7851 =- a 
Zo Qi Quy 

Even when filters are designed and 
built properly, they may be rendered 
totally ineffective if not installed prop- 
erly. Leakage around a filter can be quite 
high at VHF and UHF, where wave- 


(26) 


HIGH-PASS FILTER 


Note: For unity gain, short R4 and omit НЗ. 


Example: 
K=2 
f = 4000 Hz 
we = 25,132.74 
C2 = 0.0025 „F 
C1 < 0.003 „F 
R1 = 19,254 Q (use 20 КО) 


навида! 


R2 = 11,278 0 (use 11 КО) 
R3 = 61,066 0 (use 62 КО) 
R4 = 61,066 Q (use 62 КО) 
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C 
m 4b 
2 
ML WU EL И сечие 
[ас, + ү[а? + 4bK - 110,2 - 4bC4Co Ju, [а + Va? + вык - 1] «C 
1 
bC, C? Roc we? CPR, 
K(R, + Ro) KR 
Bg (K » 1) Ry = (K > 1) 
R4, = K(R, + R2) R, = KR, 
where 
А where 
oe K = gain 
fe = -3 dB cutoff point = 
we = 2m fe Pi f, = -3 dB cutoff point 
a - 0.765367 (see table) ос = arf, 
b=1 a = 0.765367 (see table) 
2 = a standard value near 10 / f, „F b-1 
: parma R N pis C = a standard value near 10 / f, pF 


Note: For unity gain, short R4 and omit R3. 
Example: 
1570.8 


= 0.04 uF (use 0.039 pF) 
11,407 0 (use 11 КО) 


R2 = 23,358 0 (use 24 КО) 
ВЗ = 15,210 0 (use 15 kQ) 
R4 = 45,630 0 (use 47 КО) 


lengths are short. Proper attention to 
shielding and good grounding is manda- 
tory for minimum leakage. Poor coaxial 
cable shield connection into and out of 
the filter is one of the greatest offenders 
with regard to filter leakage. Proper dc- 
lead bypassing throughout the receiving 
system is good practice, especially at 
VHF and above. Ferrite beads placed over 
the dc leads may help to reduce leakage. 
Proper filter termination is required to 
minimize loss. 

Most VHF RF amplifiers optimized for 
noise figure do not have a 50-Q input im- 
pedance. As a result, any filter attached to 
the input of an RF amplifier optimized for 
noise figure will not be properly termi- 
nated and filter loss may rise substantially. 
As this loss is directly added to the RF 
amplifier noise figure, carefully choose 
and place filters in the receiver. 


BAND-PASS FILTER 


Pick K, Q, w = 2zf, 
where f, = center freq. 


Choose C 
Then R1 = Q 
KowoC 
fane AL 
(2Q2 - Ko)woC 
2 
R3 = Q 
WoC 
Example: 
К = 2, f, = 800 Hz, Q = 5 and 
С = 0.022 uF 
R1 = 22.6 КО (use 22 kQ) 


942 2 (use 1000 9) 
90.4 КО (use 91 kQ or 100 


2 
х Np 
Sun 


Fig 16.54—Equations for designing a low- 
pass RC active audio filter are given at A. 
B, C and D show design information for 
high-pass, band-pass and band-reject 
filters, respectively. All of these filters will 
exhibit a Butterworth response. 


AF 
PREAMP 


от 
2N2222A 


RC ACTIVE 
750-Hz CW 
FILTER 


BAND-REJECT FILTER 


°  2«R1C2 
where R1 
R2 = R3 = — 
Ci=2c2 2 
C2 = C3 
Example: 
f; = 500 Hz 
R1 = 150 kQ 
Then 


R2 = ВЗ = 75 КО 

C2 = 2122 pF (choose 2000 pF 
or 2200 pF) 

C2 = 4244 pF (choose 4300 pF) 


22k CRH 
1N914A 


HF passive filters are constructed with 
inductors and capacitors. Inductors are of- 
ten undesirable at low frequency ranges be- 
cause of their size. Consequently there has 
beenatrend toward replacing inductors with 
active devices that simulate them. This trend 
has accelerated with the availability of op 
amps as the active devices. Advantages in- 
clude lower cost than filters with induc- 
tances and simplified tuning (by adjusting 
only resistors). Active band-pass filters can 
be made with variable Q and variable center 
frequency. 

Active filters have a few disadvantages: 
Upper frequency is limited to a few hun- 
dred kilohertz, if low-cost op amps are 
used. Active filters have a limited dynamic 
range, which means that the active device 


35-W 
AF OUTPUT 


EXCEPT AS INDICATED, OECIMAL VALUES OF 
CAPACITANCE ARE IN MICROFARADS ( yF 2; 
OTHERS ARE IN PICOFARADS ( pF OR yyF 
RESISTANCES ARE IN OHMS; 

k= 1000, М:1000 000, 


POLY. = POLYSTYRENE 


Fig 16.55—The two-pole active CW 
filter can be switched in and out of 
the audio chain with S6 (DPDT). 


output voltage swing must be less than the 
dc supply voltage. Strong out-of-band in- 
put signals may unknowingly overload the 
active device and distort the desired signal. 

The design equations for various active 
filters at audio frequencies are given in Fig 
16.54. A program (ACTFIL.EXE) to de- 
sign 1-4 stage filters is on the disk accom- 
panying this book. Fig 16.55 contains the 


‘schematic and installation information of 


atwo-pole RC active filter that uses a dual 
op amp. A typical receiver audio channel 
is shown with S1 switching the filter into 
and out of the audio chain. A two-stage 
cascade filter provides the minimum ac- 
ceptable performance on CW. Three or 
four stages would be needed for weak-sig- 
nal work in heavy QRM or high noise. 


Factor "a" for Low- and High-Pass Filters 


No. of 

Stages Stage!  Stage2 Stage3 
1 1.413 - - 

2 0.7649 1.847 - 

3 0.5174 1.931 1.414 

4 0.3901 1.662 1.961 


Stage 4 


1 


.111 
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Switched Capacitor Filters 


The switched capacitor filter, or SCF, 
uses an IC to synthesize a high-pass, low- 
pass, band-pass or notch filter. The per- 
formance of multiple-pole filters is avail- 
able, with Q and bandwidth set by external 
resistors. An external clock frequency sets 


the filter center frequency, so this fre- 
quency may be easily changed or digitally 
controlled. Dynamic range of 80 dB, Q of 
50, 5-pole equivalent design and maxi- 
mum usable frequency of 250 kHz are 
available for such uses as audio CW and 


CRYSTAL-FILTER EVALUATION 


Crystal filters, such as those described 
earlier in this chapter, are often con- 
structed of surplus crystals or crystals 
whose characteristics are not exactly 
known. Randy Henderson, WI5W, devel- 
oped a swept frequency generator for test- 
ing these filters. It was first described in 
March 1994 QEX. This test instrument 
adds to the ease and success in quickly 
building filters from inexpensive micro- 
processor crystals. 

A package of additional information is 
available from the ARRL Technical Sec- 
retary. Enclose an SASE and request the 
Crystal Filter Evaluation Project template. 


An Overview 
The basic setup is shown in Fig 16.56A. 
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Except as indicated, decimal values of 
capacitance ore in microfarads ( uF ); 
others are іп picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


The VCO is primarily a conventional LC- 
tuned Hartley oscillator with its frequency 
tuned over a small range by a varactor 
diode (MV2104 in part B of the figure). 
Other varactors may be used as long as the 
capacitance specifications aren't too dif- 
ferent. Change the 5-pF coupling capaci- 
tor to expand the sweep width if desired. 

The VCO signal goes through a buffer 
amplifier to the filter under test. The filter 
is followed by a wide-bandwidth ampli- 
fier and then a detector. The output of the 
detector is a rectified and filtered signal. 
This varying dc voltage drives the vertical 
input of an oscilloscope. At any particular 
time, the deflection and sweep circuitry 
commands the VCO to “run at this fre- 
quency.” The same deflection voltage 
causes the oscilloscope beam to deflect 


To Oscilloscope 
Verticat Input 


1000 


RTTY filters. In addition, all kinds of digi- 
tal tone signaling such as DTMF and mo- 
dem encoding and decoding are being de- 
signed with these circuits. An example 
SCF appears in the Project portion of this 
chapter. 


left or right to a position corresponding to 
the frequency. 

Any or all of these circuits may be elimi- 
nated by the use of appropriate commer- 
cial test equipment. For example, a com- 
mercial sweep generator would eliminate 
the need for everything but the wide-band 
amplifier and detector. Motorola, Mini- 
Circuits Labs and many others sell devices 
suitable for the wide-band amplifiers and 
detector. 

The generator/detector system covers 
approximately 6 to 74 MHz in three 
ranges. Each tuning range uses a separate 
RF oscillator module selected by switch 
S1. The VCO output and power-supply 
input are multiplexed on the “A” lead to 
each oscillator. The tuning capacitance for 
each VCO is switched into the appropriate 


0.1 uF 0.1 uF 
3300 3300 
0.1 uF POS 0.1 uF 
CH CE 
AJ A 
1000 1000 


Sil 0.1 uF 


Filter Ql 
2SC1424 


Q2 
2801424 


Voltage 
Controlled 
Oscillator 


Deflection 
and Sweep 
Waveform 


Oscilloscope 


Except as indicated, decimal values of 
capacitance аге in microfarads ( uF ); 

others аге in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


Wideband 


Amp Detector 


100 uH 


MV2104 


Ж Build two HF oscillators with different coils. Leads of one oscillator 
are A2 and B2, second ore АЗ and B3. See Table 16.5 for coll data. 


Fig 16.56—The test set block diagram, lower left, starts with a swept frequency oscillator, shown in the schematic. If a 
commercial swept-frequency oscillator is available, it can be substituted for the circuit shown. 


To 
Filter 


52 
Attenuator 


10-dB 
Attenuator 


Deflection and Sweep 
1M 


C1 
0.1 uF | 
Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 
others are in picoforads ( pF ); 
resistances are in ohms; k=1,000, M=1,000,000. 


Fig 16.57—The filter under testis . 
connected to Q3 on the right side of 
the schematic. The detector output, on 
the left side, connects to the oscillo- 
Scope vertical input. A separate 
voltage regulator, an LM 317, is used to 
power this circuit. Q3, Q4, Q5 and Q6 
are 25C1424 or 2N2857. 

< 


Output Waveform 


1/2 11072 


50 k 
SWEEP 


S3 Sweep WIDTH 


To Generator 
Sweep Input 


To Scope 

Horizontal 

Deflection 
Input 


Fig 16.58—The sweep generator 
provides both an up and down sweep 
voltage (see text) for the swept 
frequency generator and the scope 
horizontal channel. 
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circuit by a second set of contacts on S1. 
Cris the coarse tuning adjustment for each 
oscillator module. 

Two oscillator coils are wound on PVC 
plastic pipe. The third, for the highest fre- 
quency range, is self supporting #14 cop- 
per wire. Although PVC forms with Super 
Glue dope may not be “state of the art” 
technology, frequency stability is com- 
pletely adequate for this instrument. 

The oscillator and buffer stage operate 
at low power levels to minimize frequency 
drift caused by component heating. Crys- 
tal filters cause large load changes as the 
frequency is swept in and out of the pass- 
band. These large changes in impedance 
tend to “pull” the oscillator frequency and 
cause inaccuracies in the passband shape 
depicted by the oscilloscope. Therefore a 
buffer amplifier is a necessity. The wide- 
band amplifier in Fig 16.57 is derived 
from one in ARRL’s Solid State Design 
for the Radio Amateur. 

S2 selects a 50-Q 10-dB attenuator in 
the input line. When the attenuator is in 
the line, it provides a better output match 
for the filter under test. The detector uses 
some forward bias for D2. A simple un- 
biased diode detector would offer about 
50 dB of dynamic range. Some dc bias in- 
creases the dynamic range to almost 
70 dB. D3, across the detector output 
(the scope input), increases the vertical- 
amplifier sensitivity while compressing 
or limiting the response to high-level sig- 
nals. With this arrangement, high levels of 
attenuation (low-level signals) are easier 
to observe and low attenuation levels are 
still visible on the CRT. The diode only 
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Table 16.5 

VCO Coils 

Coil Inside Diameter Length Turns, Wire Inductance 
(inches) (inches) (ин) 

їагде 0.85 1.1 181, #28 5.32 

medium 0.85 0.55 7 t, #22 1.35 

small 0.5 0.75 51, #14 0.27 


The two larger coils are wound on ?/4-inch PVC pipe and the smaller one on a '/z-inch 
drill bit. Tuning coverage for each oscillator is obtained by squeezing or spreading the 
turns before gluing them in place. The output windings connected to A1, A2 and A3 are 
each single turns of #14 wire spaced off the end of the tapped coils. 


kicks in to provide limiting at higher sig- 
nal levels. 

The horizontal-deflection sweep circuit 
uses a dual op-amp IC (see Fig 16.58). One 
section is an oscillator; the other is an in- 
tegrator. The integrator output changes 
linearly with time, giving a uniform 
brightness level as the trace is moved from 
side to side. Increasing C1 decreases the 
sweep rate. Increasing C2 decreases the 
slope of the output waveform ramp. 


Operation 


The CRT is swept in both directions, left 
to right and right to left. The displayed 
curve is a result of changes in frequency, 
not time. Therefore it is unnecessary to in- 
corporate the usual right-to-left, snap-back 
and retrace blanking used in oscilloscopes. 

S3 in Fig 16.58 disables the automatic 
sweep function when opened. This per- 
mits manual operation. Use a frequency 
counter to measure the VCO output, from 
which bandwidth can be calculated. Turn 


the fine-tune control to position the CRT 
beam at selected points of the passband 
curve. The difference in frequency read- 
ings is the bandwidth at that particular 
point or level of attenuation. 

Substitution of a calibrated attenuator 
for the filter under test can provide refer- 
ence readings. These reference readings 
may be used to calibrate an otherwise 
uncalibrated scope vertical display in dB. 

The buffer amplifier shown here is set 
up to drive a 50-Q load and the wide-band- 
width amplifier input impedance is about 
50 Q. If the filter is not a 50-Q unit, how- 
ever, various methods can be used to ac- 
commodate the difference. 
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BAND-PASS FILTERS FOR 144 OR 222 MHz 


' Spectral purity is necessary during 
transmitting. Tight filtering in a receiving 
system ‘ensures the rejection of out-of- 
band signals. Unwanted signals that lead 
to receiver overload and increased 
intermodulation-distortion (IMD) prod- 
ucts result in annoying in-band “birdies.” 
One solution is the double-tuned band- 
pass filters shown in Fig 16.64. They were 


designed by Paul Drexler, WB3J YO. Each 


includes a resonant trap coupled between 


Component Values 
144 MHz 

C2 1pF 

C1, C3 1-7 pF piston 

L2 ` 27t no. 26 enam. on 15t по. 24 enam. 


220 MHz 
1pF 
1-7 pF piston . 


. T37-10 on T44-10 
L1, L3 7t no. 18, %-in ID, . 4t no. 18, %-in 
tap 1121 ID, tap 1%21 


Fig 16.64—Schematic of the band-pass 
filter. Components must be chosen to 
work with the power level of the 
transmitter. 


the resonators to provide increased rejec- 
tion of undesired frequencies. 

Many popular VHF cohversion schemes 
use a 28-MHz intermediate frequency 


_ (IE), yet proper filtering of the image fre- 


quency is often overlooked in amateur 
designs. The low-side injection frequency 


‚ used in 144-MHz mixing schemes is 116 


MHz and the image frequency, 88 MHz, 
falls in TV channel 6. Inadequáte rejec- 
tion of a broadcast carrier at this frequency 


results in a strong, wideband signal at the 


low end of the 2-m band. A similar prob- 
lem on the transmit side can cause TVI. 
These band-pass filters have effectively 
suppressed undesired mixing products. 
See Fig 16.65 and 16.66. 

The circuit is constructed on a double- 
sided copper-clad circuit board. Minimize 
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Fig 16.65—Filter response plot of the 
144-MHz band-pass filter, with an 
image-reject notch for a 28 MHz IF. 


component lead lengths to eliminate resis- 


‘tive losses and unwanted stray coupling. 
. Mount the piston trimmers through the 


board with the coils soldered to the oppo- 
site end, parallel to the board. The shield’ 
between L1 and L3 decreases mutual cou- 
pling and improves the frequency re- 
sponse. Peak C1 and C3 for optimum re- 
sponse. ` 

L1,C1, L3 and C3 form the tank circuits 
that resonate at the desired frequency. C2 
and L2 reject the undesired energy while. 
allowing the desired signal to pass. The 
tap points on L1 and L3 provide 50-Q 
matching; they may be adjusted for opti- 
mum energy transfer. Several filters have 
been constructed using a miniature vari- 
able capacitor in place of C2 so that the 
notch frequency could be varied. 
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Fig 16.66—Filter response plot of the 
222-MHz band-pass filter, with an 
image-reject notch for a 28 MHz IF. 
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A TUNABLE SWITCHED-CAPACITOR AUDIO FILTER 


This active audio filter, designed by 
Samuel Ulbing, N4UAU, uses a low-cost 
МЕВЎ IC as a switched-capacitor audio fil- 
ter. One potentiometer sets its center fre- 
quency, and its 3-dB bandwidth readily 
adjusted from about 0.13 to 3 times its 
center frequency. (With a center fre- 
quency of 750 Hz, for example, its calcu- 
lated 3-dB bandwidths span the range from 
108 to 2440 Hz.) 
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GND TRIGGER THR 
Eh oe 


It cuts off very sharply, with attenua- 
tion rising to 30 dB just 150 Hz outside its 
passband. Using all new parts, it probably 
can be built for under $50 (1992 prices), 
including a PC board. PC-board templates 
and part overlays for this project are avail- 
able free of charge. Write, phone or email 
the Technical Department Secretary at 
ARRL НО and request the NAUAU Audio 
Filter PC Board Template Package. 


A Fi Fi F2 F2 
OUT IN OUT IN OUT 


Filter . 


RESET 


Vcc — DISCH 


Timer 
(Osc) 


c6 


0.001 51 
pais WIPER | 2440 


Etched, solder-coated and drilled PC 
boards for this project are available from 
FAR Circuits (see the Address List in the 
References chapter) A full description of 
the circuit appears in October 1992 QST. 


The Filter Circuit 


Fig 16.67 (on the following two pages) 
shows the circuit, which includes the 
MF§8s (01 and U2), a 555 clock oscillator 


fl Fl r2 F2 
IN OUT IN OUT 


R11-R15 
10k 


02| D3| 04 ^ | 
459 
574 108 
51 


BANDWIDTH 
(Hz) 


t 


D10) selects filter Qs that correspond to. 


(U3) and the LM386N audio-amplifier 
. stage for headphone drive. U5, a 78L09 
' regulator, serves to isolate U1 and U2 from 


power supply effects. 
Filter bandwidth is selected by the S1 
(BANDWIDTH (HZ)). A Diode matrix (D1- 


calculated 3-dB bandwidths of 2440 (Q = 
0.47), 574 (2), 459 (2.5), 383 (3), 230 (5) 
and 108 Hz (10.6) at the chosen center 
frequency (750 Hz). 

The value C6 is critical. It sets the clock 


Except as indicated, decimal values of 
capacitance аге in microfarads ( ШЕ); 
others are in picofarads (pF); 
resistances are in ohms; k-1,000. 

Ж Ground Coax Shield at Plug End Only 
IC Pins not shown are unused. ' 
T=Tantalum electrolytic. 


Fig 16.67—The switched capacitor filter uses '/4-W resistors. DigiKey Corp 
carries the ICs, suitable RF chokes, 1%-tolerance resistors and 2%-tolerance 
capacitors. (Look at the Address. List in the References chapter for contact 


information.) 


C1, C12—Optional; see "Filter RFI?” 
text. n І 
C6—2% tolerance, plastic-film - 
dielectric. 
R1—147 kQ, 1% tolerance, metal film: 
R2—49.9 kQ, 1% tolerance, metal film. 
R3—294 kQ, 1% tolerance, metal film. 
R4—750 kQ, 1% tolerance, metal film. 
R5—100 kQ, 1% tolerance, metal film. 
R9—10-kQ trimmer potentiometer. 
Adjust it as described in the text. 
R20—Optional; see “Filter RFI?” text. 
RFC1—1-mH RF choke (optional; see 
“Filter RFI?"). 


"e 


frequency (about 75 kHz) in conjunction 
with .R8-RIO. Use а 2%-tolerance 
polypropylene capacitor for this compo- 
nent. R9, CENTER FREQ ADJ, sets the clock 


"frequency. It must be adjusted for maxi- 


mum audio output when listening to the 
transceiver sidetone oscillator with the 
BANDWIDTH (HZ) switch set to minimum 
(108 Hz). 

. The LC filter (C1- ВЕСІ). on the audio- 
input line keeps RF out of the MF8. On the 


‘output side of the LM386, C12; RFC2 and 


PHONES 


RFC2—100-1.H ВЕ choke (optional; see 
“Filter RFI?"). Radio Shack 273- 102 

. suitable. 

U1, U2—National Semiconductor : 
MF8CCN switched capacitor filter. IC. 

U3—555 timer IC. Standard or CMOS 
version acceptable; CMOS version 
may produce weaker clock 
harmonics (see "Filter RFi?"). 

U4—National Semiconductor LM386N · 
audio amplifier IC. ` 

U5—Panasonic AN78L09 9-V, 100-mA. 
voltage regulator IC. 


R20 help eliminate RFI. R20 also reduces . 
the LM386 idling hiss, which is audible in 
sensitive headphones. 


Construction and Operation 
The filter is built on a Radio Shack uni- 


. versal PC board (#276-168). The filter 


board is mounted in an enclosure such as 


.Radio Shack 270-253 metal box. J1, S1" 


and S2, the optional POWER switch, mount 
on the box front panel; ВР1 and BP2 
mount on the back. 

` This filter'works for both CW and SSB.. 
Its narrowest bandwidth is handy for zero- 
beating incoming signals. At its widest 
bandwidth (2440 Hz), it is useful for SSB 
listening. For general CW reception, 


. bandwidths from 230 to 459 Hz work best, 


depending on interference. 


Filter RFI? 


. Under some conditions, RF from a sta- 
tion transmitter may affect this filter, or 
the filter may produce interference in a 


‘receiver. Here’s what to do if either of 


these situations occur. 

RF can get into the filter via the RADIO 
AUDIO IN, POWER and PHONES lines. It may 
be heard as humming, buzzing, thumping, ` 
blasting or other noises during transmis- 
sion. Poor station grounding can worsen 
such effects. So can using unshielded 
cable and connectors for the filter’s exter- ` 
nal audio and power wiring. С1 and RFCI 
in the RADIO AUDIO IN line and R20, C12 
and RFC2 in the PHONES line, are there to 
suppress interference. It is possible to omit 
some or all of these components at some 
stations; at other locations the filter may 
require additional bypass capacitors and/ 
or RFC chokes/ferrite beads. 

Weak harmonics of the filter clock os- 
cillator may be heard, especially if the 
antenna is very. close to the filter. This 
problem is similar to those encountered 
with computers. or any other digital cir- 
cuitry in a ham shack. The clock operates 
at about, 100 times the filter center fre- 
quency—75 kHz for a center frequency of 


` 750 Hz, for example. Harmonics of its 


clock may appear every 75 kHz or so 


- across the receiver dial. 


Shielded audio and power cables can . 


help. One other approach is to use a CMOS 


'555 timer IC instead of a bipolar '555. 


` (Generally, CMOS °555s—the Harris 


ICM7555 or National LMC555CN, for.. 
instance—generate waveforms with 
slower rise and fall times and hence with 
less: harmonic content, than bipolar 
°5555). Running the filter and a receiver 
or transceiver off the same power supply 
may be asking for interference unless 
heàvy decoupling and bypassing are used 


. on the power bus they share. 
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A BC-BAND ENERGY-REJECTION FILTER 


Inadequate front-end selectivity or 
poorly performing RF amplifier and mixer 
stages often result in unwanted cross-talk 
and overloading from adjacent commer- 
cial or amateur stations. The filter shown 
is inserted between the antenna and re- 
ceiver. It attenuates the out-of-band sig- 
nals from broadcast stations but passes 
signals of interest (1.8 to 30 MHz) with 
little or no attenuation. 

The high signal strength of local broad- 
cast stations requires that the stop-band 
attenuation of the high-pass filter also be 
high. This filter provides about 60 dB of 
stop-band attenuation with less than | dB 
of attenuation above 1.8 MHz. The filter 
input and output ports match 50 Q with a 
maximum SWR of 1.353:1 (reflection co- 
efficient = 0.15). A 10-element filter 
yields adequate stop-band attenuation 
and a reasonable rate of attenuation rise. 
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12-3.66 uH, 28T No. 22 on 150-2 core 
L4- 4.91 uH, 30T No. 24 on Т50-2 core 
6 – 4.82 ШН, 29T No. 24 on T50-2 core 


The design uses only standard-value 
capacitors. 


Building the Filter 


The filter parts layout, schematic dia- 
gram, response curve and component val- 
ues are shown in Fig 16.68. The standard 
capacitor values listed are within 2.8% of 
the design values. If the attenuation peaks 
(f2, f4 and f6) do not fall at 0.677, 1.293 
and 1.111 MHz, tune the series-resonant 
circuits by slightly squeezing or separat- 
ing the inductor windings. 

Construction of the filter is shown in 
Fig 16.69. Use Panasonic NPO ceramic 
disk capacitors (ECC series, class 1) or 
equivalent for values between 10 and 
270 pF. For values between 330 pF and 
0.033 uF, use Panasonic P-series polypro- 
pylene (type ECQ-P) capacitors. These ca- 
pacitors are available through Digi-Key 


Frequency (MHz) 


Fig 16.68—Schematic, layout and response curve of the broadcast band rejection 


filter. 
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(see the Address List in the References 
chapter) and other suppliers. The pow- 
dered-iron T-50-2 toroidal cores are avail- 
able through Amidon, Palomar Engineers 
and others. 

For a 3.4-MHz cutoff frequency, divide 
the L and C values by 2. (This effectively 
doubles the frequency-label values in 
Fig 16.68.) For the 80-m version, L2 
through L6 should be 20 to 25 turns each, 
wound on T-50-6 cores. The actual turns 
required may vary one or two from the 
calculated values. Parallel-connect ca- 
pacitors as needed to achieve the non- 
standard capacitor values required for this 
filter. 


Filter Performance 


The measured filter performance is 
shown in Fig 16.68. The stop-band attenu- 
ation is more than 58 dB. The measured 
cutoff frequency (less than 1 dB attenua- 
tion) is under 1.8 MHz. The measured 
passband loss is less than 0.8 dB from 1.8 
to 10 MHz. Between 10 and 100 MHz, the 
insertion loss of the filter gradually in- 
creases to 2 dB. Input impedance was 
measured between 1.7 and 4.2 MHz. Over 
the range tested, the input impedance of 
the filter remained within the 37 to 67.7 Q 
input-impedance window (equivalent to a 
maximum SWR of 1.353:1). 


Fig 16.69—The filter fits easily in a 
2x2x5-inch enclosure. The version in 
the photo was built on a piece of 
perfboard. 


A DIGITAL SIGNAL PROCESSOR 


This digital signal processor (see 
Fig 16.70) was designed by Dave 
Hershberger, W9GR. It is a modern filter 
that uses digital technology. The program- 
mable digital signal processor (DSP) re- 
places inductors, capacitors and op amps. 
It connects between a receiver's audio 
output and a speaker. A total of 18 func- 
tions are selectable. It features an LED 
display and 13 bit analog-to-digital con- 
version for a wide dynamic range. 

Parts, including the preprogrammed chip 
and PC boards, are available in kit form. 
The Digital Signal Processing chapter dis- 
cusses DSP techniques in more detail and 
points to other information sources. 


HARDWARE DESCRIPTION 


All DSP filters for analog signals begin 
with an analog-to-digital converter or A/D. 
Often an integrated circuit known as a 
CODEC—a COder/DECoder consisting of 


A/D Converter 
1/2162 
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Shift Registers 
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Power on Reset 


an A/D, a D/A and filtering—is used. This 
DSP unit is drawn in block form in Fig 
16.71 and its schematic is in Fig 16.72. The 
input at J2 is connected to a 13 bit CODEC, 
IC2. A 13 bit conversion is theoretically 
equivalent to an 80 dB dynamic range, 
which makes it easier to set the input audio 
levels. It also improves CW filtering, be- 
cause a wide dynamic range is necessary to 
select a weak CW signal amidst much 
stronger signals. In voice applications, the 
signal to noise ratio of a relatively strong 
SSB signal might be 30 dB; there is 50 dB 
of S/N "headroom" left with 13 bits! With 
such a margin, 13 bits is more than adequate 
for amateur applications. 

IC2 uses switched capacitor antialias 
low-pass filter. (See the DSP chapter for 
an explanation of aliasing.) The low-pass 
filter cuts off at about 3.2 kHz. IC2 ac- 
cepts analog input at pin 18 and outputs a 
serial digital audio bit stream at pin 13. 


D/A Converter 
1/2 12 


T 


Serial Јол 


Out 


Shift 
Register 
Timing 
IC5A, B, C 
IC6, IC7B 


Latches 
IC10 
IC11 


1/0 Port 
Decoder 
IC9 


DSP CPU (IC1) 


1w 
AF Amplifier 
1С12 


Shift registers IC3 and IC4 convert the 
serial output from IC2 to a parallel word, 


Fig 16.70—The PC board is mounted in 
a steel case to minimize radiation from 
the digital circuits. All controls are on 
the front panel except S4. 


J4 
Headphone 
Output 


J3 
Speaker 
Output 


LED 


Bargraph 


Display 


Fig 16.71—The DSP uses a 16-bit parallel data bus to connect the CPU (IC1) to the input/output shift register (IC3 and IC4). 


The CODEC is IC2 (see text). 
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for the CPU chip, IC1. The sampling rate 
is approximately 7700 Hz. 

IC1 is a 16 bit DSP CPU with a 32 bit 
accumulator. This processor executes in- 
structions at a rate of 5 MIPS (million in- 
structions per second). [t contains 8 kbytes 
of OTP (one time programmable; not eras- 
able) PROM memory that holds the DSP 
firmware. 

For special applications, the CPU can 
be replaced with another, such as a 
TMS320C10 or TMS320C15. These 
processors require external program 
memory, such as 57C43 high speed 
EPROMs at IC13 and IC14. These ICs are 
not shown in Fig 16.71, but their connec- 
tions are shown in Fig 16.72. This capabil- 
ity is provided for advanced experi- 
menters, who want to do their own DSP 
software development. 

Modes are selected by a rotary encoder 
switch, S3. It generates a 4 bit binary code, 
which is periodically read by the CPU via 
the tristate buffer IC8. The setting of S3 
determines which DSP function is ex- 
ecuted by ICI. 

IC5D is connected as an inverter that 
goes low for a fraction of a second when 
the power is turned on. This short pulse 
initializes the CPU (IC1), the shift regis- 
ters (IC3 and IC4) and some of the various 
remaining flip-flops. 

IC7A accepts the 5-MHz clock output 
from ІСІ via IC8 and produces the 
2.5-MHz clock for IC2. Chips IC5A, 
IC5B, ICSC, IC7B апа IC6 all work to 


1 The TMS320P15 CPU chip, prepro- 
grammed with the firmware for this project, 
is available exclusively from Quanties (see 
the Address List in the References chap- 
ter). Contact Quantics for current pricing 
and firmware features. A PC board and a 
complete parts kit are also available from 
Quantics. 

? A package of additional descriptive tech- 
nical information is available from the 
ARRL Technical Secretary. Enclose a 10x 
13-inch self addressed envelope and re- 
quest the '96 Handbook DSP-3 template. 


Table 16.6 
IC Power and Ground Connections 
Ground 45V 
IC1 10 30 
IC2 16 5 
IC3 10 20 
IC4 10 20 
IC5 7 14 
IC6 7 14 
IC7 7 14 
IC8 8 16 
IC9 8 16 
IC10 10 20 
IC11 7 14 
IC13 10 20 
IC14 10 20 
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produce the proper timing signals to inter- 
face [C2 and shift registers to the CPU. 

IC9 is a port decoder, which produces 
active-low outputs to read the binary 
encoder mode switch S3. It also reads the 
A/D converter' s output from the shift reg- 
isters, writes parallel digital audio words 
to the shift registers, and writes data to the 
LED bargraph display. 

When the CPU writes to the LED dis- 
play, the data word controlling the 
individual LEDs is written to IC10 and 
IC11. IC10 holds the left-most 8 bits of the 
LED display, and IC11 holds the right- 
most 2 bits. A logic 0 at any output turns 
the corresponding LED on; | turns it off. 

After the CPU performs the desired fil- 
tering operation on the input audio, it out- 
puts parallel audio words to shift register 
chips IC3 and IC4. These shift registers are 
bidirectional. In addition to converting the 
serial A/D data to parallel, they also con- 
vert the parallel data back to serial again, 
so that it can be sent to the D/A in IC2. 

The processed serial digital audio data 
enters IC2 at pin 8. Within IC2, it is con^ 
verted back to analog again. IC2 also in- 
cludes a switched capacitor low-pass fil- 
ter for analog reconstruction and sin(x)/x 
correction. The filtered analog output is 
connected from pin 2 through R11, the AF 
GAIN control, to the audio amplifier, IC12. 
This amplifier provides about 1 W of au- 
dio output power to J3 and J4. 

The 12-V dc power supply is connected to 
the audio power amplifier IC12. VR1 drops 
12 V to 5 V for [C2 and the digital circuitry. 


BUILDING THE DSP 


This DSP may be built with PC board, 
wire-wrap, or point-to-point hand-wir- 
ing techniques. A PC board (double 
sided, with piated-through holes) and 
parts kit are available from Quantics.!? 
Fig 16.70 shows the inside of the case. 
The digital pulses in the DSP are ca- 
pable of generating strong interference. 
Therefore, enclose the unit in a case that 
provides good shielding. A steel enclo- 
sure works very well. 

If you do not want the headphone jack to 
mute speaker audio when you plug in a pair 
of headphones, install a jumper wire at JP3. 

R16 prevents the grounded sleeve on 
mono audio plugs from shorting the audio 
output circuit. If you intend to use only 
stereo headphones, install a jumper wire 
in place of R16. If stereo headphones are 
used with R16 installed, there will be a 
slightlevel imbalance between the left and 
right channels. 

S1 is the power switch. Switch S4 
(B10, for binary I/O) is wired to pin 9 of 
ICI (Fig 16.72). It controls the proces- 
sor mode selection in conjunction with 


You may be surprised 


All filters have side effects. A 
very good, very narrow crystal filter 
may ring and surround the signal 
you are trying to copy with an 
annoying echo. Modern, 
state-of-the-art digital filters also 
have their side effects, and if you 
are not prepared they may surprise 
you. The W9GR filter in the 50 or 
100 Hz position does a fine job on 
a single CW signal. But try to use it 
in a round table—or when listening 
to two stations—and you may only 
hear one station unless both are 
within 50 or 100 Hz in frequency. 

The filter also has a limited 
amount of intelligence. In the notch 
position it will select the interfering 
heterodyne by itself. At the same 
time, tests of this mode in the lab 
showed some distortion, since 
there was no background noise to 
limit the AGC level. When used on 
the air, this distortion was not 
evident, because there is always 
noise or slight QRM present. 

The performance of the filter is 
primarily software controlled. The 
chip supplied by Quantics includes 
the latest version of the software. 
As more and more experience is 
gained with this software, changes 
are made in the program to 
incorporate improvements based 
on the experience of hams using 
this filter. For further information on 
the software version, contact 
Quantics at the address given in 
the References chapter—fPaul 
Danzer, N11I, ARRL Staff 


S3. Power and ground connections are 
shown in Table 16.6. 


TESTING THE DSP 


To test the DSP, you will need the fol- 
lowing: 

1. A source of audio, which may be 

taken from a receiver. 

2. A speaker. 

3. A 12 V, 0.5 A dc power supply. 

Before applying power, make sure that 
the ON/OFF switch is off, which is the out 
position. Apply audio (from any source 
that is capable of driving a speaker) to 
connector J2 (AF IN) or to pad E3 onthe PC 
board. Similarly, connect a speaker to con- 
nector J3 (AF OUT). This should produce 
unprocessed audio at the speaker. Next, 
set the MODE switch to the 12 o'clock po- 
sition (knob pointer straight up or flat on 
shaft straight down). 


If you use the coaxial dc power con- 
nector at J1, make sure that the center pin 
is positive, and apply power. Turn the 
power on by pushing ST'in. When you first 
apply power, the LEDs should light up 
and then a pattern quickly sweeps back 
and forth across the bar graph. Then some 
LEDs should light in response to the 
input audio. Increase and decrease the 
audio to see how the bar graph responds. 


If you push S2 in, you will hear processed. 


audio. 

With S2 out, the DSP is s bypassed; the 
signal passes through only the AF GAIN 
control and analog audio amplifier stage. 
Finally, with the IN/oUT switch S2 in, ro- 
tate the MODE switch through its various 
positions, and you will be able to hear the 
effect of the various DSP modes. 


CONTROLS AND OPERATION 


The DSP normally connects between a 
receiver and speaker. For FSK or SSTV, 


the DSP goes between a receiver and ter- ` 


minal unit, TNC, or SSTV demodulator. 
` The DSP requires 12 V dc to operate. The 
front panel controls are: 

ON/OFF switch (S1)—When S1 is 
pushed in, power is on; when S1 is out, 
power is off. When the power is off, the, 
‘audio input is connected to the audio out- 
put, bypassing the DSP. 


‚ IN/OUT switch (S2)—This switch en- 


ables or bypasses the digital signal pro- 


cessing function. When S2 is pushed in, : 


processing is on; when S2 is out, the signal 
passes through the analog amplifier only. 

„ AF GAIN control (R11)—This controls 
the audio output level. 

LED bar graph—The DSP des a 
10 segment LED bar graph display. In 
most of the operating modes, the bar graph 
displays peak audio level. Each LED rep- 
resents a 3-dB change in audio level. The 
maximum input level (without clipping) 

. is 5 V peak to peak, about 1.8 V RMS. 
"Although the hardware and software 
have been designed to accept and process 


audio across a wide range of input levels, . 


it.is best to set the receiver audio gain so 
that the strongest signals light most or all 
of the LEDs occasionally. Once the re- 
ceiver gain is properly adjusted, use only 


the AF GAIN control on the processor to ~ 
adjust speaker volume. This procedure , 


maximizes A/D and D/A precision, and 
minimizes quantization noise. Most mod- 
ern receivers have good AGC characteris- 


tics that produce consistent audiolevelfor ` 


both strong and weak signals. If receiver 
audio level varies, it may occasionally 


overload the DSP and produce clipping | 


distortion. If this happens, simply turn 
down the audio input.  . | 
Rear panel BIO switch—The BIO 


switch (S4) selects DSP configuration 
options and activates special functions. It 


‘may be thought of as an auxiliary mode 
- switch. BIO stands for binary I/O. 


MODE Switch (S3)—This 16 position 
rotary switch selects the DSP operating 
mode. Here are the DSP functions, begin- 


.ning with no. 1 at the 12 noon position, 


and numbered clockwise. The 16 positions 
and the 18 DSP functions are às follows: 

1. Combined automatic notch and 
denoiser—This mode automatically 
notches carriers and simultaneously re- 
duces noise. It is recommended for most 
HF SSB operation. When the BIO switch is 
set to 1 (up) in this mode, audio AGC is 
enabled. (More on AGC operation later.) 

The noise reducer mode is most effec- 
tive against hiss and thermal noise, but it 
also, reduces impulse noise and static 
crashes. Noise reduction reduces listener 
fatigue, and it is recommended for long- 
term monitoring. The automatic. notch 
function. eliminates multiple carriers 
within a few milliseconds. CW interfer- 


ence, carriers and: other forms of undes- ` 


ired audio tones are quickly eliminated. If 
a carrier comes on your frequency, you 


will only hear a subtle click as the auto- 


matic notch acquires it: — 

2. Denoiser—This mode reduces noise 
with greater effectiveness than in Mode 1. 
Use Mode 2 for weak voice signals, such 


as SSB, VHF SSB and ‘FM. When the BIO 
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Fig 16.73—The DSP will decode and 
identify DTMF tones. The LED pattern 
indicates which tone was transmitted. 
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Fig 16.72—(see next two pages) DC 
power input, audio input and audio 
output connections are at the bottom 
of the schematic. IC13 and IC14 are 
only used for custom programming 
(see text). An LM380 (IC 12) is the audio 
output amplifier. Any of the 74XX A 
series TTL parts (marked with a *) may 
be used in any of the following 
variations: 74XX, 74LSXX, 74SXX, 
74FXX, 74ALSXX, 74HCXX, 7AHCTXX, . 
74AHCTXX, 74HCTLSXX and so on. For 
1C5, a HCMOS type is recommended 
(for example HCT, HCTLS and so on) to 
minimize the effects of gate input 
current on the power-on reset circuit. 


: When mixing logic family types, 


bipolar devices (LS and such) must 
always drive devices that accept 
bipolar input levels (such as HCT, 
HCTLS and so on). Unless otherwise 


. specified, all resistors аге '/4 W, 5% 


and capacitors are 10% tolerance. All 

capacitors less than 1.0 uF are 

ceramic; 1.0 рҒ and above аге 
electrolytic, 16-V or greater. 

D1, D2—1N4001 silicon diode (diodes 
with higher voltage ratings such as 
1N4002, 1N4003, 1N4004 and so on 
may also be used). f | 

IC1—TMS320P15 DSP CPU programmed 
with firmware (see Note 1). 

IC2—TCM320AC39 audio CODEC 
(TCM320AC38 may be substituted). 

IC3, 1C4—74299 shift register (*). 

1C5—7400 quad NAND gate (HCMOS 
recommended) (*). 

IC6, IC7, 1C11—7474 dual flip-flop (*). 

1C8—74368 hex inverter (*). 


. 1C9—74139 decoder (*). 


1C10—74374 octal flip-flop (*). 

IC12—LM380 audio power amplifier. 

IC13, IC14—WaferScale 57C43 EPROM 
(see text—only used for user 
developed firmware). ` 

JP1, 2, 3—Connectors used on the 
Quantics PC board. 
J1—Coaxial dc power jack. 

J2, J3—!/s-inch audio jack. 

J4—'/s-inch stereo headphone jack. 

L1, L2—10 uH RF chokes. 

LED1—10 segment LED bar graph, 
Radio Shack 276-081B or equivalent. 

R11—100 k Q potentiometer. 

$1, S2—DPDT push-push switch. Switch 
‘caps for S1 and S2 (1 red; 1 gray). 

S3—16 position binary rotary encoder 
switch. 
(Noble SDB161 PH 20F-1-4-16-16PC- -B). 


. S4—SPDT toggle switch (for BIO 


function). 
VR1—7805 or LM340T-5 TO- 220 voltage 
regulator. 


X1—20 MHz fundamental crystal. © 


Hardware: 

(1) TO-220 heat sink. 

(5) 14 pin IC socket. 

(2) 16 pin IC socket. 

(4) 20 pin IC socket. 

(1) 40 pin IC socket. 

(1) 20 pin right angle socket (for LED 
bar graph). 


: (2) Knob. 
(1) PC board. 


(1) Set of #4 hardware for VR1 and 
heat sink. : 
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Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 
others are in picofarads (pF ); 

resistances are in ohms; k=1,000, М=1,000,000. 
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CTCSS TONE DISPLAY 


CTCSS signal LED pattern 
NO CTCSS І 
67.0 к [ [11111] 
71.9 Ш 
74.4 BERERE 
77.0 
79.7 
82.5 
85.4 
88.5 
91.5 
94.8 mee teat 
97.4 ТЕТЕ 
100.0 aa HEGRE 
103.5 ESE BEEE 
107.2 EEEE ana 
110.9 ИШ 
114.8 ТИДЕ 
118.8 ERBENEENE 
123.0 
127.3 
131.8 
136.5 
141.3 
146.2 
151.4 
156.7 
162.2 
167.9 
173.8 
179.9 
186.2 
192.8 
203.5 
210.7 
218.1 
225.7 
233.6 
241.8 
250.3 


mE | 


TIO юш юш 1 


[] = LED illuminated 


W -LED not illuminated 


Fig 16.74—When decoding CTCSS 
(subaudible) tones the LED pattern 
again identifies the particular tone 
detected. 


switch is set to 1 in this mode, AGC is 
enabled. 

3. Automatic Notch—This mode 
automatically notches carriers with great- 
er effectiveness than Mode 1. Use Mode 3 
for HF SSB operation where interfering 
carriers are the most objectionable prob- 
lem. When the BIO switch is set to 1, AGC 
is enabled. 

4. Narrow (2.1 kHz) Voice Filter—This 
mode is a fixed 100th order narrowband 
voice FIR (finite impulse response) filter, 
intended for rejecting adjacent overlap- 
ping SSB signals. There is no adaptive 
noise reduction or automatic notching in 
this mode. The filter passband is 300-2100 
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Hz. Outside the passband, the attenuation 
is >50 to 70 dB. 

5. Narrow (1.8 kHz) Voice Filter—This 
mode is identical to the previous mode with 
the passband narrowed to 300-1800 Hz. 

6. RTTY filter—This is a 100th order 
linear phase band-pass filter. This mode is 
intended for 170 Hz shift FSK signals such 
as Baudot and AMTOR. When ВІО is set to 
0 (down), North American RTTY tones 
are selected (2125/2295 Hz). When BIO 
is 1, European RTTY tones are selected 
(1275/1445 Hz). Attenuation out of the 
passband is >60 dB. 

7. HF packet filter or SSTV filter —This 
is a 100th order linear phase band-pass 
filter. Mode 7 is intended for 200 Hz shift, 
1200 baud HF packet FSK signals or 
SSTV signals. When Bio is 0, the HF 
packet mode is selected (1600/1800 Hz). 
When Bio is 1, Mode 7 is a SSTV filter 
(1200-2300 Hz). The passband for HF 
packet is 1550-1850 Hz. Attenuation out- 
side this band is >65 dB. 

8. DTMF Decoder—Mode 8 decodes 
DTMF signals, using the LED bar graph to 
indicate the decoded tone pairs. Use this 
mode to test DTMF encoders, trouble- 
shoot autopatches and monitor repeater 
autopatch access. The bar graph (Fig 
16.73) displays the tone detected. 

9. CTCSS Decoder and Squelch—Mode 
9 is useful for decoding subaudible 
CTCSS tones. This mode will decode any 
of the 38 subaudible tones used for re- 
peater access, tone squelch and selective 
calling. Use it to test your own CTCSS 
transmissions. Fig 16.74 shows the bar 
graph patterns for CTCSS frequencies. 

IMPORTANT NOTE: This mode will 
not work if the receiver cuts off frequen- 
cies below 300 Hz! /As many do!—Ed.] 

10-16. CW Filters—Modes 10 through 
16 are a set of CW filters with center fre- 
quencies ranging from 400 to 1000 Hz, and 
bandwidths of 50 to 200 Hz. Out of band 
rejection is 250 dB for the 50-Hz filters 
and >60 dB for the wider filters. A short 
dit is sent at the filter center frequency (to 
confirm the frequency selection) when a 
filter is selected. 

To adjust the center frequency of any 
CW filter, perform the following steps: 

1. Turn the power off. 

2. Set the BIO switch, S4, to 1. 

3. Set the MODE switch, S3, to the CW 
filter position you want to tune. 

4. Turnonthe power. The DSP will pro- 
duce a slowly declining audio tone 
at the center of the CW filter band 
pass. When the audio tone reaches 
the frequency you want, turn the 
MODE switch to any other position. 
The filter is now tuned to the note 
last heard. If the MODE selector is 


not moved during the declining 
tone, tuning will terminate at 3096 
below the original center frequency. 

This process adjusts all of the CW fil- 
ters by the same percentage. As an ex- 
ample, if a 1000-Hz filter is tuned to 
900 Hz (-1096), the 750-Hz filter becomes 
675 Hz, 600 Hz becomes 540 Hz and so 
on.When you select one of the CW filters, 
the dit sent will be at the new center fre- 
quency of the filter. Such adjustments re- 
main in effect until you turn the power off. 

This process does not affect the other 
(RTTY, SSTV or narrow SSB) filters. 

Digital AGC—When the digital AGC 
function is selected (B10 = 1 in modes 1, 2 
and 3), the AGC range is limited to 30 dB, 
so that noise and hum are not increased to 
full output amplitude in the absence of a 
signal. Therefore, if you use AGC in 
modes 1,20r3,aslong as at least one LED 
is lit, the audio output level will be brought 
up to full amplitude. 

The AGC function is entirely DSP 
based, and it exists in software. There is 
no separate analog AGC chip. The recov- 
ery time constant is very slow, about 30 s 
to adapt to a new (lower) signal level. The 
time constant was made deliberately slow 
to avoid “pumping” and "breathing" arti- 
facts. Attack time is fast, virtually instan- 
taneous. If the input level suddenly drops 
and you do not want to wait for the AGC 
to adapt, you can reinitialize it by turning 
the MODE switch away and then back. The 
AGC will instantly reinitialize to the new 
signal level, and the output of the DSP will 
be at full amplitude. 
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OTHER FILTER 
PROJECTS 


Filters for specific applications may be 
found in other chapters of this Handbook. 
Receiver input filters, transmitter filters, 
interstage filters and others can be sepa- 
rated from the various projects and built 
for other applications. Since filters are a 
first line of defense against electromag- 
netic interference (EMI) problems, the 


following filter projects appear in the EMI 
‘chapter: 


* Differential- inode high- pass filter for 


75-Q coax (for TV reception) 

* Brute-force ac-line filter 

. © Loudspeaker common-mode choke 
` e LC filter for speaker leads 

* Audio equipment impor filter 


REFERENCES: ИТА 


1. О. Zobel, “Theory and Boston o of Elec-' m 


tric Wave Filters," Bell System Techni: 
cal Journal, Jan 1923. A ; 
‚ ARRL Handbook, 1968, р 50. 
. S. Butterworth, “On the Theory of Filter 
Amplifiers,” 
: and Wireless Engineer, 
S pp 536-541. f 
4. S. Darlington, “Synthesis of Reactance 
‚ 4-Poles Which Produce Prescribed In- 
sertion Loss Characteristics,” Journal 


Ww N 


Oct 1930, 


of Mathematics and Physics, Sep 1939, .- 


> pp 257-353. 
5. L. Weinberg, “Network Design by use 


of Modern Synthesis Techniques and. 


Tables," Proceedings of the National 


. Electronics Conference, vol 12, 1956. ze 


Experimental Wireless 


`6. Laplace Transforms: Р. Chirlian, Basic | 


- Network Theory; McGraw Hill, 1969. 
7. Fourier Transforms: Reference Data 


for Engineers, Chapter 7, 7th edition; - ; 
; - 16. W. S. Metcalf, 
8. Cauer Elliptic Filters: The Design of i 
Filters Using the Catalog of Normal- . 
ized Low-Pass Filters, Telefunken, 


Howard Sams, 1985. 


1966. Also Ref 7, pp 9-5 to 9-11. 
9. M. Dishal, “Top Coupled Band- -pass 
Filters,” IT&T Handbook, 4th edition, 
American Book, Inc, 1956, p 216. Also, 
P. Geffe; Simplified Modern Filter 
Design, J. F. Rider, 1963, pp 42-48. 


10. W. E. Sabin, WØIYH, “Designing Nar-. 


row Band-Pass Filters with a BASIC 
Program,” May 1983 QST, pp 23-29. 


11. U. R. Rohde, DJ2LR, “Crystal Filter ` 


` Design with Small Computers" May 
1981 QST,p18. ` 
12.31. A. Hardcastle, G3JIR, “Ladder Crys- 
-tal Filter Design," Nov 1980 QST, p 20. 
13.W. Hayward, W7ZOI, *A Unified Ap- 
proach to the Design of Ladder Crystal 
Filters," May 1982 QST, p 21. 


14. R. Fisher, W2CQH, "Combline VHF 
Band-pass Filters," Dec 1968 QST, p 44. 


‘ 


15. R. Fisher, W2CQH, “Interdigital 
` Band-pass Filters for Amateur VHF/ 
UHF Applications,” Mar 1968 QST, 
p3 C | 

“Graphs Speed 
Interdigitated Filter Design,”. Micro- 
waves, Feb 1967. wad 

17. A. Zverev, Handbook of Filter Synthe- 
sis, John Wiley and Sons. 


18. R. Saal, The Design of Filters Using 


the Catalog of Normalized Low-Pass 
Filters, Telefunken. 
19. P. Geffe, Simplified Modern Filter De- 
- sign (New York: John F. Rider, a division ` 
of Hayden Publishing Co, 1963). 
20. A Handbook on Electrical Filters 
(Rockville, Maryland: White Electro- 
‘magnetics, 1963). 
21. A. B. Williams, Electronic Filter De- 


sign Handbook (New York: McGraw- 


Hill, 1981). 


` 22. Reference Data for Radio Binion: 


6th edition, Table 2, p 5-3 (Indianapo- 
lis, IN: Howard W. Sams & Co, 1981). 

23. R. Frost, “Large-Scale S Parameters 
Help Analyze Stability,” Electronic 
Design, May 24, 1980. 


Filters and Projects 16.43 
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his chapter, by William E. Sabin, 
WOIYH, discusses the “system 
` design" of Amateur Radio re- 
ceivers, transmitters and transceivers. 
“A Single-Stage Building Block” r 
views briefly a few of the basic pieces 
ties of the various individual building 
block circuits, described in detail in 
other chapters, and the methods that are 
used to combine and interconnect them 
in order to meet the requirements of the 
completed equipment. “The Amateur 
Radio Communication Channel” de- 
scribes the relationships between the 
equipment system design and the elec- 
tromagnetic medium that conveys radio 
signals from transmitter to receiver. 
This understanding helps to put the ra- 
dio equipment mission and design re- 
quirements into perspective. Then we 
discuss receiver, transmitter, trans- 
ceiver and transverter design techniques 
in general terms. At the end of the theory 
discussion is a list of references for fur- 
ther study on the various topics. The 
projects section contains several hard- 
ware descriptions that are suitable for 
amateur construction and use on the ham 
bands. They have been selected to illus- 
trate system-design methods. The em- 
phasis in this chapter is on analog de- 
sign. Those functions that can be 
implemented using digital signal pro- 
cessing (DSP) can be explored in other 


chapters, but an initial basic apprecia- 
tion of analog methods and general sys- 
tem design is very valuable. 


A SINGLE-STAGE BUILDING 
BLOCK 


We start at the very beginning with 
Fig 17.1, a generic single-stage module 
that would typically be part of a system of 
many stages. 

A signal source having an “open-cir- 
cuit” voltage V gen causes a current Igen to 
flow through Zgen, the impedance of the 
generator, and Zin, the input impedance of 
the stage. This input current is responsible 
for an open-circuit output voltage Уа 
(measured with a high-impedance voltme- 
ter) that is proportional to Igen. Va pro- 
duces а current lout and a voltage drop 
across Zout, the output impedance of the 
stage and Zioaa, the load impedance of the 
stage. Observe that the various Zs may 
contain reactance and resistance in vari- 
ous combinations. Let's first look at the 
different types of gain and power relation- 
ships that can be used to describe this 
stage. 


Actual Power Gain 


Current Igen produces a power dissipa- 
tion Pi, in the resistive component.of Zin 
that is equal to Igen? Rin. The current Iout 
produces a power dissipation Pjoag in the 
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resistive component of Zjoaq that is equal 
to Ioui? Rioad. The actual power gain in dB 
is 10 log (Роаа / Pin). This is the conven- 
tional usage of dB, to describe a power 
ratio. 


Voltage Gain 


The current Igen produces a voltage drop 
across Zin. Уа produces a current Io; and 
a voltage drop Vout across Zjoad. The volt- 
age gain is the ratio 


Vout / Vin (1) 
In decibels (dB) it is 
20 log (Vout / Vin) } (2) 


This aberrant usage of dB, to describe а 
voltage ratio, is common practice. It is 
different from the power gain mentioned 
in the previous section because it does not 
take into account the power ratio or the 
resistance values involved. It is a voltage 
ratio only. Itis used in troubleshooting and 
other instances where a rough indication 
of operation is needed, but precise mea- 
surement is unimportant. Voltage gain is 
often used in high-impedance circuits such 
as pentode vacuum tubes and is also some- 
times convenient in solid-state circuits. Its 
improper usage often creates errors in 
radio circuit design because many calcu- 
lations, for correct answers, require power 
ratios rather than voltage ratios. We will 
see several examples of this throughout 
this chapter. 


17.1 


Impedance 
Changing 
Circuit 


Fig 17.2—The conjugate impedance match of a generator to a stage input. The 
network input impedance is Нг, + /Xgen and its output impedance is Н+ Xin 
(where either R term may represent a dynamic impedance). Therefore the 
generator and the stage input are both impedance matched for maximum power 


transfer. 


Available Power 


The maximum power, in watts, that can 
be obtained from the generator is V gen? /(4 
Куеп). To see this, suppose temporarily 
that Xgen and Х are both zero. Then let 
Rin increase from zero to some large value. 
The maximum power in Rin occurs when 
Rin = Rgen and the power in Rin then has the 
value mentioned above (plot a graph of 
power in Rin vs Rin to verify this, letting 
Vgen = 1 V and Rgen = 50 Q). This is called 
the “available power" (we're assuming 
sine wave signals). If Xgen is an inductive 
(or capacitive) reactance and if Xin is an 
equal value of capacitive (or inductive) 
reactance, the net series reactance is nul- 
lified and the above discussion holds true. 
If the net reactance is not zero the current 
Igen is reduced and the power in Rin is less 
than maximum. The process of tuning out 
the reactance and then transforming the 
resistance of Rin is called “conjugate 
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matching." A common method for doing 
this conjugate matching is to put an im- 
pedance transforming circuit of some 
kind, such as a transformer or a tuned cir- 
cuit, between the generator and the stage 
input that "transforms" Rin to the value 
Куеп (as seen by the generator) and at the 
same time nullifies the reactance. Fig 17.2 
illustrates this idea and later discussion 
gives more details about these interstage 
networks. A small amount of power is lost 
within any lossy elements of the matching 
network. 

This same technique can be used be- 
tween the output of the stage in Fig 17.1 
and the load impedance Zjoag. In this case, 
the stage delivers the maximum amount of 
power to the load resistance. If both input 
and output are processed in this way, the 
stage utilizes the generator signal to the 
maximum extent possible. It is very im- 
portant to note, however, that in many situ- 
ations we do not want this maximum uti- 


lization. We deliberately “mismatch” in 
order to achieve certain goals that will be 
discussed later (Ref 1). 


The dBm Unit of Power 


In low-level radio circuitry, the watt 
(W) is inconveniently large. Instead, the 
milliwatt (mW) is commonly used as a 
reference level of power. The dB with re- 
spect to 1 mW is defined as 


dBm =10 log (Pw / 0.001) (3) 


where 
dBm = Power level in dB with respect to 
1 mW 
Pw = Power level, watts. 


For example, 1 W is equivalent to 
30 dBm. Also 


Pw = 0.001 x 1048/10 (4) 


Maximum Available Power Gain 


The ratio of the power that is available 
from the stage, Va? / (4 Rout), to the power 
that is available from the generator, V gen? 
/ (4 Куел), is called the maximum available 
power gain. In some cases the circuit is 
adjusted to achieve this value, using the 
conjugate-match method described above. 
In many cases, as mentioned before, less 
than maximum gain is acceptable, perhaps 
more desirable. 


Available Power Gain 


Consider that in Fig 17.1 the stage and 
its output load Zioag constitute an “ех- 
panded" stage as defined by the dotted 
box. The power available from this new 
stage is determined by Vout and by Retage, 
the resistive part of Zstage. The available 
power gain is then Vou? / (4 Retage) di- 
vided by Vgen? / (4 Куел). This value of 
gain is used in a number of design proce- 


dures. Note that Zioag can be a physical 
network of some kind, or it may be partly 
or entirely the input impedance of the 
stage following the one shown in Fig 17.1. 
In the latter case it is sometimes conve- 
nient to “detach” this input impedance 
from the next stage and make it part of the 
expanded first stage, as shown in Fig 17.1, 
but we note that Zout is still the generator 
(source) impedance that the input of the 
next stage "sees." 


Transducer Power Gain 


The transducer gain is defined as the 
ratio of the power actually delivered to 
Rioaa in Fig 17.1 to the power that is avail- 
able from the generator V gen and Rgen. In 
other words, how much more power does 
the stage deliver to the load than the gen- 
erator could deliver if the generator were 
impedance matched to the load? We will 
discuss how to use this kind of gain later. 


Transformation Methods 


Let's digress briefly to discuss two valu- 
able techniques that are often used in de- 
signing radio circuits. Fig 17.3A shows a 
voltage generator in series with an imped- 
ance. Fig 17.3B shows how to represent 
Fig 17.3A as a current generator in paral- 
lel with the same value of impedance. We 
can also see how to move from 3B to 3A. 
Fig 17.3C shows a complicated network 
consisting of generators, resistors, capaci- 
tors and inductors. At any single fre- 
quency, this network can be replaced with 
a single generator and a single impedance 
as shown in Fig 17.3. The methods for 
doing this may be learned from a study of 
ac circuit analysis, and a personal com- 
puter math-equation-solving program that 
handles complex numbers and matrices is 
a valuable tool for quickly performing 
these operations over a range of frequen- 
cies and plotting the results. There are also 
simulation programs such as SPICE 
(which is available under many different 
brand names and versions) that are very 
effective and easy to learn and use. Stu- 
dent radio circuit designers should learn 
these techniques. 


Feedback (Undesired) 


One of the most important properties of 
the single-stage building block in Fig 17.1 
is that changes in the load impedance Zjoad 
cause changes in the input impedance Zin. 
Changes in Zgen also affect Zout. These 
effects are due to reverse coupling, within 
the stage, from output to input. For many 
kinds of circuits (such as networks, filters, 
attenuators, transformers and so on) these 
effects cause no unexpected problems. 

But, as the chapter on Amplifiers ex- 
plains in detail, in active circuits such as 


Current 
Source 


Fig 17.3—Transformations of networks that are useful in radio circuit design. 


amplifiers this reverse coupling within 
one stage can have a major impact not only 
on that stage but also on other stages that 
follow and precede. It is the effect on sys- 
tem performance that we discuss here. In 
particular, if a stage is expected to have 
certain gain, noise factor and distortion 
specifications, all of these can be changed 
either by reverse coupling (undesired 
feedback) within the stage or adjacent 
stages. Forexample, internal feedback can 
cause the input impedance of a certain 
stage "A" (Fig 17.1) to become very large. 
If this impedance is the load impedance 
for the preceding stage, the gain of the 
preceding stage can become excessive, 
creating problems in both stages. This 
same feedback can cause the gain of stage 
"A" to become greater, thereby causing 
the next stage to be driven into heavy dis- 
tortion. A very common event is that stage 
“A” goes into oscillation. All of these oc- 
currences are common in poorly designed 
radio equipment. Changes in temperature 
and variations in component tolerances are 
major contributors to these problems. 
One particular example is shown in Fig 


17.4, a transistor amplifier, shown in skel- . 


eton form, with sharply tuned resonators 
at input and output. 

Because of reverse coupling, the two 
tuned circuits interact, making adjust- 
ments difficult or even impossible. The 
likelihood of oscillation is very high. 
There are two solutions: drastically reduce 
the gain of the amplifier, or use an ampli- 
fier circuit that has very little reverse cou- 
pling. Usually, both methods are used si- 
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Preceding 
Stage 


Fig 17.4—A double tuned transistor 
amplifier circuit that may be untunable 
and may oscillate due to excessive 
amplification and reverse coupling. 


multaneously (in the right amount) in or- 
der to get predictable performance. The 
object lesson for the system designer is 
thata combination of reduced gain and low 
reverse coupling is the safe way to go when 
designing a radio system. More stages may 
be required, but the price is well worth- 
while. The cascode amplifier, grounded- 
gate amplifier, dual-gate FET and many 
types of IC amplifiers are examples of cir- 
cuits that have little reverse coupling and 
good stability. “Neutralization” methods 
are used to cancel reverse coupling that 
causes instability. All such circuits are 
said to be “unilateral,” which means “in 
one direction” and both input and output 
can be independently tuned as in Fig 17.4 
if the gain is not too high. 


Feedback (Desired) 
The Amplifiers chapter explains how 
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Voltage 
Feedback 


Preceding 
Stage 


Current 
Feedback 


Fig 17.5—A cascadable amplifier using feedback. The feedback and therefore the 
amplifier performance depends on the load and driving-stage impedances. 


k = Boltzmann's constant = 1.38 x 10-2 Joules/K 
T= Absolute temperature = 290 K 
kT=4 х 10-20 W = —174 dBm 


М = available thermal 
noise power 
=e) /4R=kTB 


Reference Frequency 


Filter 
Response 


Bandwidth 


Stage Gain = G 
Noise Factor = F 
Bandwidth = B 
internally Generated 
Excess Noise 

= № 

= (Е – 1) kTBG 


S/N 
So / No КТВС 
Solve for No №= kTBGF 


No 


Subtract from No the thermal noise from the 
signal generator to find the excess noise 
generated within the stage. 


Ng = No — kTBG = kTBFG — kTBG = (F — 1) КТВС 


Fig 17.6—Diagram and equations that 
explain F, the noise factor of a single 
stage. The excess noise generated 
within the stage is also indicated. The 
definition of noise bandwidth is 
included. 


17.4 Chapter 17 


negative feedback (good feedback) can be 
used to stabilize a circuit and make it much 
more predictable over a range of tempera- 
ture and component tolerances. Here we 
wish to point out some system implica- 
tions of negative feedback. One is that the 
gain, noise-figure and distortion perfor- 
mances within a stage are made much 
more constant and predictable. Therefore 
a system designer can put building blocks 
together with more confidence and less 
guesswork. 

There are some problems, though. In 
some circuits the amount of feedback de- 
pends on both the output impedance of the 
driving circuit and the input impedance of 
the next stage. A classic example is the 
cascadable amplifier shown in Fig 17.5. 

In this circuit, if the output load im- 
pedance becomes very low the ampli- 
fier input impedance becomes high, and 
vice versa (a "teeter-totter" effect). 
Other amplifier properties also can 
change. With amplifiers of this type it is 
important to maintain the correct im- 
pedances at the input and output inter- 
faces. Any building block should be 
examined for effects of this kind. Data 
sheets frequently specify the reverse 
transfer values as well as those for for- 
ward transfer. Often, lab measurements 
are needed. Apply a signal to the output 
and measure the reverse coupling to the 
input. Where varying load and source 
impedances are involved, look for a cir- 
cuit that is less vulnerable (that is, has 
less reverse coupling). 

Another problem is that feedback net- 
works often add thermal noise sources to 
a circuit and so degrade its noise figure. In 
systems where this is a consideration, use 
so-called “loss-less feedback" circuits. 
These circuits use very efficient trans- 


formers instead of resistors or lossy net- 
works that introduce thermal noise into a 
system. 


Noise Factor and Noise Figure 


The output resistance of the signal gen- 
erator that drives a typical signal processing 
block such as shown in Fig 17.5 is a source 
of thermal noise power, which is a natural 
phenomenon occurring in the resistive com- 
ponent of any impedance. It is caused by 
random motion of electrons within a con- 
ducting (or semiconducting) material. Note 
that the reactive part of an impedance is not 
a source of thermal noise power because the 
voltage across a pure reactance and the cur- 
rent through the reactance are in phase 
quadrature (90?) at any one frequency. The 
average value of the product of these two 
(the power) is zero. If this is true at any fre- 
quency, then it is true at all frequencies. 
Also, a purely “dynamic resistance” such as 
Re, the dynamic resistance (AV/AL) of a per- 
fect forward conducting PN junction, is also 
not a source of thermal noise. However, the 
junction is a source of "shot noise" power 
that, by the way, is only 50% as great as the 
thermal noise that Re would have if it were 
an actual resistor (Ref 2). 

Each “*” in Fig 17.5 indicates a noise 
source. Passive elements generate thermal 
noise. Active components such as transis- 
tors generate thermal ‘noise and other 
types, such as shot noise and flicker (1/f) 
noise, internally. These “excess” noises 
are all superimposed on the signal from 
the generator. Therefore the noise factor 
of a single stage is a measure of how much 
the signal to noise ratio is degraded as sig- 
nal passes through that stage. 

Refer now to the diagram and equations 
in Fig 17.6. Е is noise factor and S;/Ni is 
the input signal to noise ratio from the sig- 
nal generator. So/No is signal to noise ratio 
at the output and kTB is the thermal noise 
power that is available from any value of 
resistance (kT = -174 dBm in a 1-Hz band- 
width at room temperature). G is S,/Si, the 
available power gain of the stage and B is 
the noise bandwidth at the output of the 
stage, assumed to be not wider than the 
noise bandwidth at the input. The case 
where the output noise bandwidth is wider 
will be considered in a later section. 

Noise bandwidth is defined in Fig 17.6. 
An ideal rectangular frequency response 
has a maximum value that is defined at the 
reference frequency. The area under the 
rectangle is the same as the area under the 
actual filter response, therefore the noise 
within the rectangle and within the actual 
filter response are equal. The width of the 
rectangle is called the noise bandwidth. 
Various kinds of filters have certain ratios 
of signal bandwidth to noise bandwidth 


that can be measured or calculated. 

Part of the output noise is amplified 
thermal noise from the signal generator. 
To find the noise that is generated within 
the stage, we must subtract the amplified 
signal generator noise from the total out- 
put noise. Fig 17.6 shows the equation that 
performs this operation and the quantity 
(F-1)KTBG is the excess noise that the 
stage contributes. 

In general, the excess noise of a stage is 
the output noise minus the amplified noise 
from the previous stage. A thorough un- 
derstanding of this concept is very impor- 
tant for any one who designs radio sys- 


tems that employ low-level signals. - 


Finally, noise figure, NF, is 10 times the 
logarithm of F, the noise factor (Ref 3). 


Noise Factor of a Passive Device 


Often the stage in Fig 17.6 is a filter, an 
attenuator or some other passive device 
(no amplification) that contains only ther- 
mal noise sources. In a device of this kind, 
the output noise is thermal noise of the 
same magnitude as the thermal noise of 
the generator alone. That is, using the 
method of Fig 17.3, all the thermal noise 
sources inside the device and also the gen- 
erator resistance can be combined into a 
single resistor whose available noise 
power is КТВ, the same as that of the gen- 
erator alone. Therefore no additional noise 
is added by the device. But the available 
signal power is reduced by the attenuation 
(loss of signal) of the device. Therefore, 
using the equation for noise factor in 
Fig 17.6, the noise factor F of the device is 
numerically equal to its attenuation. For 
example, a 3-dB attenuator has a 3-dB 
noise figure, or a noise factor of 2. This 
important fact is very useful in radio de- 
sign. It applies only when there is no am- 
plification and no shot noise or 1/f noise 
sources within the device. This discussion 
assumes that all components and the gen- 
erator are at the same temperature. If not, 
a slightly more complicated procedure in- 
volving Equivalent Noise Temperatures 
(Тр), to be discussed later in this chapter, 
can be used. 


Sensitivity 

Closely related to the concept of noise 
figure (or noise factor) is the idea of sen- 
sitivity. Suppose a circuit, a component or 
a complete system has a noise figure 
NF (dB) and therefore a noise output 
No (dBm). Then the value in dBm of a 
signal generator input that increases the 
total output (signal + noise) by 10 dB is 
defined as the "sensitivity." That is, 10 x 
log[(signal + noise) / (noise)] 210 dB. The 
ratio (signal) / (noise) is then equal to 
9.54 dB (x10 х log(9)). No is equal to 


kTBFG as shown in Fig 17.6. B is noise 
bandwidth. Using this information, the 
sensitivity is 


S (dBm) = -174 (dBm) + 9.54 (dB) 
+ NE (dB) +10log(B) (dB) (5) 


In terms of the “open circuit voltage” 
from a 50-Q signal generator (twice the 
reading of the generator’s voltmeter) the 
sensitivity is 


E (volts open circuit) = 0.4467 x 105/20 
(6) 


No is 9.54 dB below the sensitivity 
value. This is sometimes referred to in 
specifications as the “noise floor." The 
signal level that is equal to the noise floor 
is sometimes referred to as the minimum 
detectable signal (MDS). Also associated 
with № is the concept of “noise tempera- 
ture" which we discuss later under Micro- 
wave Receivers (Ref 3). 


Distortion in a Single Stage 


Suppose the input to a stage is called X. 
If the stage is perfectly linear the output is 
Y, and Y = AX, where A is a constant of 
proportionality. That is, Y is a perfect rep- 
lica of X, possibly changed in size. But if 
the stage contains something nonlinear 
such as a diode, transistor, magnetic mate- 
rial or other such device, then Y = AX + 
BX? + СХЗ +...... . The additional terms 
are "distortion" terms that deliver to the 
output artifacts that were not present in 
the generator. Without getting too math- 
ematical at this point, if the input is a pure 
sine wave at frequency f, the output will 
contain “harmonic distortion" at frequen- 
cies 2f, 3f and so on. If the input contains 
two signals at f1 and f2, the output con- 
tains intermodulation distortion (IMD) 
products at fl + f2, f1 — f2, 2f1+ f2, 
2f2 — f1, just to name a few. All semicon- 
ductors, vacuum tubes and magnetic ma- 
terials create distortion and the radio 
designer's job is to limit the distortion 
products to acceptable levels. We wish to 
look at distortion from a system-design 
standpoint. 

There are several ways to reduce distor- 
tion. One is to use a high-power device 
operated well below its maximum ratings. 
This leads to devices that dissipate more 
power in the form of heat. Unfortunately, 
these devices also tend to be noisier; so 
high power levels and low noise tend to be 
incompatible goals in most cases. (Some 
modern devices, such as certain 
GaAsFETs, achieve improved values of 
dynamic range.) Also, a large reduction in 
distortion is not always assured with this 
method, especially in transmitters. 

Second, reduce the signal level into the 
device. This allows a lower power device 
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to be used that will tend to be less noisy. 
To get the same output level, though, we 
must increase the gain of the stage. Then 
we run into another problem: if the signal 
at the output of this lower power stage be- 
comes too large, distortion is generated at 
the output. Also, as mentioned before, 
high-gain stages tend to be unstable at RF. 

Third, reduce the stage gain. But then 
we must add another stage in order to get 
the required output level. This additional 
stage turns out to be a high-power stage. 
The addition of another stage adds more 
noise and distortion contamination to the 
signal. 

Fourth, use negative feedback. This 
is a powerful technique that is discussed 
in detail in the Amplifiers chapter. In 
general, if we increase the stage gain 
and perhaps make it more powerful, we 
can use feedback to reduce distortion 
and stabilize performance with respect 
to component variations. The feedback 
stage may be noisier, although the use 
of loss-less feedback can improve this 
situation. Negative feedback is the pre- 
ferred method for reducing distortion in 
radio design, but the gain reduction due 
to feedback means that more stages are 
needed. This tends to reintroduce some 
noise and distortion. 

A fifth way reduces distortion by in- 
creasing selectivity. For example, har- 
monics of an RF amplifier can be elimi- 
nated by a tuned circuit. Products such 
as f1 + #2 and fl — f2 can often also be 
eliminated. Third-order products such 
as 2f1 — f2 and so on (and higher odd- 
order products), frequently are suffi- 
ciently close to f1 and f2 that selectivity 
does not help much, but if they are 
somewhat removed in frequency these 
so-called "adjacent channel" products 
can be greatly reduced. 

A sixth way is to use push-pull circuits 
(see Amplifiers chapter) that tend to 
greatly reduce “even-order” products such 
as 2f, 4f, f1 + f2, f1 — f2, and so on. But 
"odd-orders" such as 3f, 5f, 2f1 + f2, 
2f1 — f2 are not reduced by this method 
except as noted later in the Modules in 
Combination section. 

A seventh way uses diplexers to absorb 
undesired harmonics or other spurious 
products. 

So there are compromises to be made. 
The designer must look for the compro- 
mise that gets the job done in an accept- 
able manner and is optimal in some sense. 
For example, devices are available that are 
optimized for linearity. 


IMD Ratio 


If a pair of equal-amplitude signals cre- 
ates IMD products, the IMD ratios (IMR) 
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Input 


Signals ч 4, 


intermodulation 
Ratio, dB 


IMD Product 


I (Intercept Point) 


Desired Signal 


Desired Signal 
Slope = 1 


Intermod 
Distortion 
Slope = 3 


From the geometry of the figure 
1D. 
I-S 
Solve for I to get 
= S+ 0.5(S/D) 
where S/D is signal to distortion ratio in dB, 
S is in dBm ond I is in dBm. 


For second-order intermodulation, 
= S+ (S/D) 


Fig 17.7—A: IMD ratio (as displayed on 
a spectrum analyzer), and B: intercept 
point. 


are the differences, in dB, between each of 
the two tones and each of the IMD prod- 
ucts (see Fig 17.7). 


Intercept Point 


The intercept point is a figure of merit that 
is commonly used to describe the IMD per- 
formance of an individual stage or a com- 
plete system. Forexample, third-order prod- 
ucts increase at the rate of 3:1. That is, a 
1-dB increase in the level of each of the two- 
tone input signals produces (ideally, but not 
always exactly true) a3 dB increase in third- 
order IMD products. As the input levels in- 
crease, the distortion products seen at the 
output on a spectrum analyzer could catch 
up to, and equal, the level of the two desired 
signals, if the circuit did not go into a limit- 
ing process (see next topic). The input level 
at which this occurs is the input intercept 
point. Fig 17.7 shows the concept graphi- 
cally, and also derives from the geometry an 
equation that relates signal level, distortion 
and intercept point. A similar process is used 
to get a second-order intercept point for sec- 
ond-order IMD. These formulas are very 
useful in designing radio systems and cir- 


17.6 Chapter 17 


The third—order intercept is 
I(dBm) = 1.5S — 0.5D 


Noise N = kTBF 
D = IMD Product 


Let intermod product (dBm) equal the noise level (dBm) 


D =N = 10 Log (kTBF) 
Substitute N for D and solve for S 
1.55 =I+ 0.5N 


Find S - N, which is the dynamic range (DR) 


1.58 - 1.5№ = I- № 


S — N = SFOR3 (dB) = 0.67 (I3 — М) = 0.67 (I3 (dBm) — 10Log (kTBF)) 


The second-order SFDR is 


SFOR2 (dB) = 0.50 (I2 — (dBm) – 10Log (kTBF)) 
For equal ievels of spurious from second—order and third—order IMD, 
for a given value of S, the minimum value of I2 is 


12 = (4x13 – kTBF)/3 


А sub—octove band-—poss filter will improve 12 by 1 dB for each dB of 
attenuation of the out-of-band intefering signal. 


1-48 Compression 


Noise N = kTBF 


As signal level increases to the 1—dB gain- compression point, 
measure the difference in dB between S and N 


Fig 17.8—The definitions of spurious-free dynamic range (SFDR) and 
compression-free dynamic range (CFDR). The derivation yields a very useful 


equation for SFDR. 


cuits. If the input intercept point (dBm) and 
the gain ofthe stage (dB) are added the result 
is an output intercept point (dBm). Receiv- 
ers are specified by input intercept point, 
referring distortion back to the receive an- 
tenna input. Transmitter specifications use 
output intercept, referring distortion to the 
transmit antenna output. 


Gain Compression 


The gain of a circuit that is linear and has 
little distortion products deteriorates rapidly 
when the instantaneous input or output level 
reaches a critical point where the peak or 
trough of the waveform begins to "clip" or 
“saturate.” The |-dB compression point oc- 
curs when the output is 1 dB less than it 
would be if the stage were still linear. Some 
circuits do not need to be linear (and should 
not be linear), and we will look at several 
examples. In many applications linearity is 
necessary, especially in SSB receivers and 
transmitters. The situation for a linear cir- 
cuit is optimum when the input and output 
become nonlinear simultaneously. This 


means that the gain, bias and load imped- 
ance are all properly coordinated. We will 
study this more closely in later sections. 


Dynamic Range 

There is a relationship between noise 
factor, IMD, gain compression and band- 
width in a building block stage. In general, 
an active circuit that has a low noise factor 
tends to have a poor intercept point and 
vice versa. A well-designed transistor or 
circuit tries to achieve the best of both 
worlds. Dynamic range is a measure of this 
capability. Suppose that a circuit has a 
third-order input intercept of +10 dBm, a 
noise factor of 6 dB and a noise bandwidth 
of 1000 Hz. We want to determine its dy- 
namic range. At a certain level per tone of 
a two-tone input signal the third-order 
IMD products are equal to the noise level 
in the 1000-Hz band. The ratio, in dB, of 
each of the two tones to the noise level is 
called the “spurious free dynamic range” 
(SFDR). Fig 17.8 illustrates the problem 
and derives the proper formula. Note that 


the bandwidth is an important player. For 
the example above, the dynamic range is 
DR =0.67(10—(-174 + 10 log(1000) + 6)) 
= 99 dB. Often the dynamic range is calcu- 
lated using a 1.0-Hz bandwidth. This is 
called “normalization.” Another kind of 
dynamic range compares the 1-dB com- 
pression level with the noise level. This is 
the CFDR (compression-free dynamic 
range). Fig 17.8 illustrates this also. - 


Modules in Combination 


Quite often the performance of a single 
stage can be greatly improved by combin- 
ing two identical modules. Because the 
input power is split evenly between the 
two modules the drive source power can 
betwice as great and the output power will 
also be twice as great. In transmitters, es- 
pecially, this often works better than a 
single transistor with twice the power 
rating. Or, for the same drive and output 
power, each module need supply only one- 
half as much power, which usually means 


better distortion performance. Often, the - 


total number of stages can be reduced in 
this manner, with resulting cost savings. If 
the combining is performed properly, us- 
ing hybrid transformers, the modules in- 
teract with each other much less, which 
can avoid certain problems. These are the 
system-design implications of module 


'.. combining. $ 
Three methods аге commonly used to 


combine modules: parallel (0°), push-pull 
(180°) and quadrature (90°). In RF circuit 
design, the combining is often done with 
special types of “hybrid” transformers 
called splitters and combiners. These are 
both the same type of transformer that can 


perform either function. The splitter is at- 


the input, the combiner at the output. We 
will only touch very briefly on these top- 
ics in this chapter and suggest that the 
reader consult the Amplifiers chapter and 
the very considerable literature for a 
deeper understanding and for techniques 
used at different frequency ranges. 


Fig 17.9 illustrates one example of each of 


the three basic types. 


In a 0? hybrid splitter at the input the ` 
tight coupling between the two windings . 


forces the voltages at A and B to be equal 
in amplitude and also equal in phase if the 
two modules are identical. The 2R resistor 
between points A and B greatly reduces 
the transfer of power between A and B via 


the transformer, but only if the generator . 


resistance is closely equal to R. The out- 
put combiner separates the two outputs C 
and D from each other in the same manner, 
if the output load is equal to R, as shown. 


No power is lost in the 2R resistor if ће 


module output levels are identical. 
The 180° hybrid produces push-pull 


(C) 90° Module Combiner 


Fig 17.9—The three basic techniques for combining modules. 


operation. The advantages of push pull 
were previously discussed. The horizon- 


tal transformers, 1:1 balun transformers, - 


allow one side of the input and output to be 
grounded. The R/2 resistors improve iso- 
lation between the two modules if the 2R 
resistors are accurate, and dissipate power 
if the two modules are not identical. 

In a 90° hybrid splitter, if the two mod- 


ules are identical but their identical input 


' impedance values may not be equal to К, 


the hybrid input impedance is neverthe- 
less К О, a fact that is sometimes very 
useful in system design. The power that is 
“reflected” from the mismatched module 
input impedance is absorbed in RX, the- 


, “dump” resistor, thus creating a virtual 


input impedance equal to R. The two mod- 
ule inputs are 90° apart. At the output, the 
two identical signals, 90° apart, are com- 
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Stage Signal Levels 


Fig 17.10—An example of cascaded stage design, a simple receiver front end. 


bined as shown and the output resistance 
is also R. This basic hybrid is a 
narrowband device, but methods for 
greatly extending the frequency range are 
in the literature (Refs 4, 5, 6, 7, 8). One 
advantage of the 90? hybrid is that cata- 
strophic failure in one module causes a 
loss of only one half of the power output. 


MULTISTAGE SYSTEMS 


As the next step in studying system de- 
sign we will build on what we've learned 
about single stages, and look at the meth- 
ods for organizing several building block 
circuits and their interconnecting net- 
works so that they combine and interact in 
a desirable and predictable manner. These 
methods are applicable to a wide variety 
of situations. Further study of this chapter 
will reveal how these methods can be 
adapted to various situations. We will con- 
sider typical receiving circuits and typical 
transmitting circuits. 


PROPERTIES OF 
CASCADED STAGES 


Fig 17.10 shows a simple receiver 
"front end" circuit consisting of à 
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preselector filter, an RF amplifier, a sec- 
ond filter and a double balanced diode 
mixer. We want to know the gain, band- 
width, noise factor, second and third-or- 
der intercept points, SFDR and CFDR for 
this combination, when the circuitry fol- 
lowing these stages has the values shown. 
Let's consider one item at a time. 


Gain of Cascaded Stages 


The antenna tuned circuit L1IC1C2 has 
some resistive loss; therefore the power 
that is available from it is less than the 
power that is available from the generator. 
Let's say this loss is 2.0 dB. 

Next, find the available power gain of the 
RF amplifier. First, note that the generator 
voltage V, is transformed up to a larger volt- 
age Vg by the input tuned circuit, according 
to the behavior of this kind of circuit. This 
step-up increases the gain of the RF ampli- 
fier because the FET now has a larger gate 
voltage to work with. (A bit of explanation: 
The FET has a high input impedance there- 
fore, since the generator resistance R, is only 
50 О, a voltage step-up will utilize the FET's 
capabilities much better. But an excessive 
step-up opens up the possibility that the FET 
and other "downstream" circuits can be 


overdriven by a moderately large signal. So 
this step-up process should not be carried 
too far). The gain also depends on the drain 
load resistance, which is the mixer input 
impedance, stepped up by the circuit 
L2C3C4. Again, there is some loss within 
this tuned circuit, say 2.0 dB. If the drain 
load is too large the FET drain voltage swing 
can become excessive, creating distortion. 
The RF amplifier can become unstable due 
to excessive gain. Note also that the 
unbypassed source resistor provides nega- 
tive feedback, to help make the RF amplifier 
more predictable. Dual-gate FETs have rela- 
tively little reverse coupling. 

Wecome now to the mixer, whose avail- 
able gain is about —6 dB. This is the differ- 
ence between its available IF output power 
and its available RF input power. This is a 
fairly low-level mixer, so it can be easily 
overdriven if the RF gain is too high. Har- 
monic IMD and two-tone IMD can become 
excessive (see later discussion in this 
chapter). On the other hand, as we will 
discuss later, too little RF gain will yield 
a poor receiver noise figure. 

The concepts of available gain and trans- 
ducer gain were introduced earlier. If we 
multiply the available gains of the input fil- 
ter, RF amplifier, interstage filter and mixer, 
we have the available gain of the entire com- 
bination. The transducer gain is the ratio of 
the power actually delivered to Ry to the 
power that is available from the generator. 
To get the transducer gain of the combina- 
tion, multiply the available gain of the first 
three circuits by the transducer gain of the 
last circuit (the mixer). This concept may 
require some thought on your part, but it is 
one that is frequently used and it adds under- 
standing to how circuits are cascaded. One 
example, the transducer gain of a receiver, 
compares the signal power available from 
the antenna with the power into the loud- 
speaker (a perfectly linear receiver is 
assumed). 

Fig 17.10 also shows an example of a 
commonly used graphical method for the 
available gain of a cascade. The loss or 
increase of available power at each step is 
shown. As the input increases the other 
values follow. But at some point, measure- 
ments of linearity or IMD will show that 
some circuit is being driven excessively, 
as the example indicates. To improve per- 
formance at that point, we may want to 
make gain changes or take some other 
action. If the overload is premature, a more 
powerful amplifier or a higher-level mixer 
may be needed. It may be possible to re- 
duce the gain of the RF amplifier by re- 
ducing the step-up in the input LC circuit 
or the drain load circuit, but this may de- 
grade noise figure too much. This is where 
the “optimization” process begins. 


the “optimization” process begins. 

A method that is often used in the lab is 
to plot the voltage levels at various points 
in the system. These voltages are easily 
measured with an RF voltmeter or spec- 
trum analyzer, using a high-impedance 
probe. This is a convenient way to make 
comparative measurements, with the un- 
derstanding that voltage values are not the 
same thing as power-gain values, although 
they may be mathematically related. Many 
times, these voltage measurements 
quickly locate excessive or deficient drive 
conditions during the design or trouble- 
shooting process. Comparisons of mea- 
sured values with previous measurements 
of the same kind on properly functioning 
equipment are used to locate problems. 


Selectivity of Cascaded Stages 


The simplified receiver example of 
Fig 17.10 shows two resonant circuits (fil- 
ters) tuned to the signal frequency. They at- 
tenuate strong signals on adjacent frequen- 
cies so that these signals will not disturb the 
reception of a desired weak signal at center 
frequency. Fig 17.11 shows the response of 
the first filter and also the composite re- 
sponse of both filters at the mixer input. 

Consider first the situation at the output of 


the first filter. If a strong signal is present, * 


somewhat removed from the center fre- 
quency, the selectivity of the first filter may 
just barely prevent excessive signal level in 
the RF amplifier. When this signal is ampli- 
fied and filtered again by the second filter, 
its level at the input of the mixer may be 
excessive. Our system design problem is to 
coordinate the amplifier gain and second 
filter selectivity so that the mixer level is not 
too great. (A computer simulation tool, such 
as ARRL Radio Designer, can be instructive 
and helpful.) Then we can say that for that 
level of undesired signal at that frequency 
offset the cascade is properly designed. 

The decisions regarding the “expected” 
maximum level and minimum frequency 
offset of the undesired signal are based on 
the operating environment for the equip- 
ment, with the realistic understanding that 
occasionally both of these values may be 
violated. If improvement is needed, it may 
then be necessary to (a) improve the selec- 
tivity, (b) use a more robust amplifier and 
mixer or (c) reduce amplifier gain. Very 
often, increases in cost, complexity and 
system noise factor are the byproducts of 
these measures. 

Cascaded signal filters are often used to 
obtain a selectivity shape that has a flat 
top response and rapid or deep attenuation 
beyond the band edges. This method is 
often preferred over a single, more com- 
plex “brick wall” filter that has a very steep 
rate of attenuation outside the passband. 


Noise Factor of a Cascade 


In the example of Fig 17.10, the overall 
noise factor of the two-stage circuit is de- 
fined in the same way as for a single stage. 
Itis the degradation in signal-to-noise ratio 
(S/N) from the signal generator to the out- 
put. This total noise factor can be found by 
direct measurement or by a stage-by-stage 
analysis. If we wish to optimize the total 
noise factor or look for trade-offs between it 
and other things such as gain and distortion, 
a stage-by-stage analysis is needed. 

The definition of noise factor for a single 
stage applies as well to each stage in the 
chain. For each stage there is a signal and 
thermal noise generator, internal sources of 


The total output, No, is given by 


RF Amplifier 
and 
Both Filters 


Desired 
Signal 


Undesired 
Signal 


First 
Filter 


System Response dB 


Frequency 


Fig 17.11—The gain and cumulative 
selectivity, between the generator and 
the mixer, of the example circuit in Fig 
17.10. 


No = КТВСІС2Ғ = kTBG1G2 + kTB(F1—1)G1G2 + КТВ(Ғ2—1)62 
where Рү is overall noise factor. Solving this for Fy, 


(F2-1) 


Fy = Fic Gi 


Filter 1 
б = —2dB 


Filter 1 


Filter 2 


No = kTB1G1G2F, = kTB1G1G2 + kTB1 (F1—1) 6162 + kTB2 (F2—1)G2 
Solve for Fy 


B2 (F2-1) 
B1 G1 


Кү= Fic 


Fig 17.12—A: the noise factor of a two-stage network. B: cumulative noise factor 
for the example in Fig 17.10. C: noise factor when the bandwidth increases toward 


the output. 
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excess noise and a noise bandwidth. In a 
cascade, the signal and thermal noise sources 
for a particular stage are found in the previ- 
ous stage, as shown in Fig 17.12A. But this 
thermal noise source has already been ac- 
counted for as part of the excess noise for the 
previous stage, therefore this thermal noise 
must not be counted twice in the calculation. 
On this basis, Fig 17.12A derives the for- 
mula for the noise factor of a two-stage sys- 
tem. This formula can then be used to find 
the noise factor of the multisegment system 
in Fig 17.12B by applying it repetitively, 
first to stage N+1 and N, then to N and 
N-1, then to №1 and №2 and so on, where 


Stage 1 


Nis the total number of stages and №1 is the 
rest of the system after the last stage. Fig 
17.12B shows the cumulative noise figure 
(dB) at each point in the example of Fig 
17.10. The graphical method aids the analy- 
sis visually. 

Note that the diode mixer’s noise figure 
approximately equals its gain loss. In apply- 
ing the formula, if G1 is a lossy device, not 
an amplifier, then F1 equals its attenuation 
factor and G1 = I/F1. Also, observe the criti- 
cal role that values of RF amplifier gain and 
noise figure play in establishing the overall 
noise factor (or noise figure), despite the 
high noise figure that follows it. 


Stage 2 


1р1 = input intercept for stage 1 in watts, not dbm. 
1р2 = input intercept looking into stage 2 in watts, not dbm. 
IPin = input intercept of the cascade in watts, not dbm. 


G = gain of stage 1 (not db). 


Convert (Pi, from watts to dbm after calculation is finished. 


For third—order intercept, IPin = 


For second-—order intercept, IPin 


1. 6 
Pi + iP2 
1 


(sees) 


Fig 17.13—This is how IMD is calculated in cascade circuits. 


Stage Name 


Input filter -2 
RF Amplifier 12 
RF Filter -2 
Mixer -6 
Output 

Total Gain 2 


Gain(DB) 


NF 
TOT 
(DB) 


6.4 
4.4 
11.0 
9.0 


NF(DB)  !IP3 
( 


In Fig 17.12A and B, we assumed that 
the noise bandwidth does not increase to- 
ward the output. If the noise bandwidth 
does increase toward the output a compli- 
cation occurs. Fig 17.12C provides a 
modified formula that is more accurate 
under these conditions. This situation is 
often encountered in practice, as we will 
see, especially in the discussion of re- 
ceiver design (Refs 9, 10). 


Distortion in Cascaded Circuits 


The IMD created in one stage combines 
with the distortion generated in following 
stages to produce a cumulative effect at 
the output of the cascade. The phase rela- 
tionships between the distortion products 
of one stage and those of another stage can 
vary from 0? (full addition) to 180? (full 
subtraction). It is customary to assume that 
they add in-phase as a worst case. Under 
these conditions, Fig 17.13 shows how to 
determine distortion at the input of a stage. 
Formulas are given for finding the third- 
order and second-order input intercept 
points in dBm. These formulas can be ap- 
plied repetitively, in a manner similar to 
the noise-factor formula, to get the cumu- 
lative intercept point at each stage of the 
cascade. The output intercept point, in 
dBm, of a stage is equal to its input inter- 
cept point, in dBm, plus the gain, in dB, of 
the stage. When a purely passive, linear 
stage is part of the analysis, use a large 


ИРЗ TOT DR(DB) BW 


95.9 1000 
95.9 

100.3 

100.3 


106.7 


Example data sheet for cumulative noise figure, third-order intercept and spurious-free dynamic range 


for a 1000-Hz noise bandwidth. 


NFTOT 


=ARGUMENT("NF1") 
=ARGUMENT("NF2") 
-ARGUMENT('GAIN1") 
-10^(NF1/10) 
-10^(NF2/10) 
-10^(GAIN1/10) 
=A5+(A6-1)/A7 
=10*LOG10(A8) 
-RETURN(A9) 


IIPTOT 


-ARGUMENTV('IIP1") 
=ARGUMENT("IIP2") 
-ARGUMENT('GAIN1") 
-0.001*10^(IIP1/10) 
-0.001*10^(IIP2/10) 
-10^(GAIN1/10) 
=1/(1/B5+B7/B6) 
-10*LOG10(B8/0.001) 
-RETURN(B9) 


SFDR 


-RETURN(CS) 


-ARGUMENT('BW") 
-ARGUMENT("NF") 
-ARGUMENT('IP") 

-2/3* (IP4174-10*LOG10(BW)-NF) 


Example listing of macro subroutines to calculate cumulative noise factor, intercept point and spurious- 
free dynamic range. 


Fig 17.14—An example of a personal computer Microsoft Excel spreadsheet analysis of the example in Fig 17.10. 
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value of intercept such as 100 dBm (107 
W, Ref 11). 


Personal Computer 
Methods of Analysis 


The methods of analysis of cascaded gain, 
noise factor, intercept point and dynamic 
range that we have described are very te- 
dious when performed manually, especially 
when the effects of “what if?” value changes 
in various stages are desired. With the right 
kind of personal computer software that a 
home experimenter might be likely to pos- 
sess, these calculations are performed al- 


most instantaneously and a manual “optimi- · 


zation" process can be performed by the 
experimenter, using realistic values. In par- 
ticular, the many available spreadsheet pro- 
grams that have graph plotting features are 
very nice for this work. As values are 
changed, the modified tables and graph plots 
show up almost immediately. Fig 17.14 il- 
lustrates these procedures for the example 
of Fig 17.10. The calculations are performed 
by subroutines called “macros.” This par- 
ticular example uses Microsoft Excel, but 
several other spreadsheets are available, and 
they work in a similar manner. When using 
these methods, keep in mind that changing 
one value can affect other values. For in- 
stance the gain, noise-factor and intercept- 
point values of an amplifier all interact. 
Some experience and skill are required 
to get real-world results using computer 
simulations. These methods are now 
widely used in engineering organizations, 
and the serious radio experimenter should 
get “in touch” with these modern tech- 
niques and with computers as design tools. 


COUPLING NETWORKS 


In radio systems, the design of the tran- 
sition network between one building block 
and the next is as important as the design 
of the blocks themselves. Impedance 
transformation, frequency response, 
adjustability and complexity are the main 
issues to consider. There are two general 
types of networks: 


* Resonant networks with tuned circuits 
that are centered at some frequency, f, 
and cover perhaps no more than +0.3 f, 
and 

* Broadband networks that cover at least a 
2:1 frequency ratio. 


Complex multielement filters are 
treated in the Filters chapter. Here we are 
concerned with simpler networks that, al- 
though they may have some selectivity, 
are used mostly to transform impedances 
and tune out reactance. 


Resonant Networks 
Resonant matching circuits are ex- 


Frequency (Log) 


Fig 17.15—A pi network is used to absorb stray C, provide some selectivity and 


transform impedances at frequency fy. 


amples of what are called “ladder” net- 
works, consisting of alternating shunt and 
series elements. Fig 17.15 is one simple 
and very useful example, the pi network, 
which we will consider briefly in order to 
get a general idea of how resonant match- 
ing circuits function. 

In 17.15A the driver circuit, stage 1, has 
an output capacitance Cout that we would 
like to “tune out” or “absorb” into the pi 
network so that the impedance to ground 
of stage 1 will be a pure resistance, that is, 
Коза in parallel with Rout. The next stage, 
stage 2, has an input resistance shunted by 
a capacitance, Cin. We would like to ab- 
sorb this capacitance into the pi network 


Receivers, Transmitters, Transceivers and Projects 


also. The pi network then looks like 
17.15B. The problem is then to define 
C1, Land C2 so that the input resistance to 
the pi network is the desired value of Rigaa, 
which establishes the desired value of gain 
for stage 1. The procedures for finding 
these values are given in the Amplifiers 
chapter and the reader is encouraged to 
study these methods and become compe- 
tent in their use. 

From a system design point of view, we 
note that the selectivity of the network 
depends on the values of C1 and C2. If 
they are large, the selectivity becomes 
sharp, perhaps too sharp. The answer is to 
reduce the C values and if necessary (if 
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Fig 17.16—Conventional transformers in an RF power amplifier. Leakage 
reactances, stray capacitances and core magnetizations limit the bandwidth and 
linearity, and also create resonance peaks. 


Cout and Cin are large) load the network 
resistively at input or output or both so 
that the selectivity can be reduced. More 
complex networks can expand the fre- 
quency response and these are also cov- 
ered in the Amplifiers chapter. 

Note that Fig 17.15B resembles a conven- 
tional three element low-pass filter. The dif- 
ference is that the values are chosen to get the 
resonance effect at frequency fy (Fig 17.15C) 
and also the desired impedance transforma- 
tion at fọ. These filters, for 2, 4, 6 and so on 
elements, are known as “Impedance Trans- 
forming Chebyshev” filters (Ref 12). For fil- 
ters with 3, 5, 7 and so on elements, see (Ref 
13). The circuit has “low-pass” properties, 
as seen in Fig 17.15C. With shunt inductors 
and series capacitance, the response of Fig 
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17.15C would be reversed, left to right, and 
would have “high-pass” properties. 

Another frequently used simple ladder 
network has a "T" configuration, shown in 
Fig 17.15D. It is preferred for certain appli- 
cations and is discussed in detail later in this 
chapter under "Network Equations." Also, 
the tuned circuits in Fig 17.4 and Fig 17.10 
are ladder networks of a slightly different 
kind, shown in a slightly different way. 
Knowledge in depth of tuned ladder net- 
works, with the aid of the Smith Chart and 
the ARRL MicroSmith Chart software, is a 
valuable resource for the radio circuit de- 
signer (Refs 14, 15). 


Broadband Transformers 
The most important broadband imped- 


ance transforming device is the trans- 
former. We will briefly consider two 
types: the so-called "conventional" trans- 
former and the transmission-line trans- 
former. Here we briefly review the merits 
and shortcomings of each, but this subject 
is so large and complex that we must defer 
to other chapters and the references for the 
most part. We are mainly interested in 
some frequently encountered examples of 
how transformers are used to solve radio 
system-design problems. 


Conventional Transformers 


Fig 17.16 shows a push-pull amplifier 
that we will use to point out the main prop- 
erties and the problems of conventional 
transformers. The medium of signal trans- 
fer from primary to secondary is magnetic 
flux in the core. If the core material is fer- 
romagnetic then this is basically a nonlin- 
ear process that becomes increasingly 
nonlinear if the flux becomes too large or 
if there is a dc current through the winding 
that biases the core into a nonlinear re- 
gion. Nonlinearity causes harmonics and 
IMD. Push-pull operation eliminates the 
dc biasing effect if the stage is symmetri- 
cal. The magnetic circuit can be made 
more linear by adding more turns to the 
windings. This reduces the ac volts per 
turn, increases the reactance of the wind- 
ings and therefore reduces the flux. For a 
given physical size, however, the wire re- 
sistance, distributed capacitance and leak- 
age reactance all tend to increase as turns 
are added. This reduces efficiency and 
bandwidth. Higher permeability core ma- 
terials and special winding techniques can 
improve things up to a point, but eventu- 
ally linearity becomes more difficult to 
maintain. Fig 17.16B is an approximate 
equivalent circuit of a typical transformer. 
It shows the leakage reactance and wind- 
ing capacitance that affect the high-fre- 
quency response and the coil inductance 
that affects the low-frequency response. 
Fig 17.16C shows how these elements 
determine the frequency response, includ- 
ing a resonance peak at some high 
frequency. 

The transformers in a system are cor- 
rectly designed and properly coordi- 
nated when the total distortion caused 
by them is at least 10 dB less than the 
total distortion due to all other 
nonlinearities in the system. Do not 
over-design them, in relation to the rest 
of the equipment. During the design 
process, distortion measurements are 
made on the transformers to verify this. 

The main advantage of the conventional 
transformer, aside from its ability to trans- 
form between widely different imped- 
ances over a fairly wide frequency band, is 


the very high resistance between the wind- 
ings. This isolation is important in many 
applications and it also eliminates cou- 
pling capacitors, which can sometimes be 
large and expensive. 

In radio circuit design, conventional 
transformers with magnetic cores are of- 
ten used in high-impedance RF/IF ampli- 
fiers, in high-power solid-state amplifiers 
and in tuning networks such as antenna 
couplers. They are seldom used any more 
in audio circuits. Hybrid transformers, 
such as those in Fig 17.9, are often 
“conventional.” 


Transmission-Line 
Transformers 


A transmission line, consisting of two 
parallel or concentric (coaxial) conductors 
separated by a dielectric, is a self-con- 
tained system. That is, an electric field and 
a magnetic flux exist between the conduc- 
tors, and these fields both decay very rap- 
idly everywhere else. In Fig 17.174, the 
generator is grounded and the power trav- 
els through the transmission line to the 
load. The load resistance is equal to the 
characteristic impedance, Zo, of the trans- 
mission line. The study of transmission 
lines at high frequencies tells us that the 
bottom of the load, point D, may not be at 
ground potential because of the impedance 
along the length of the line, called the 
"common-mode impedance," between 
points A and D (and also between B and 
C). Points C and D “float” above ground, 
except at exact multiples of a half wave- 
length, where the impedances to ground at 
A and D (or B and C) would be the same. 

This ungrounding effect is greatly en- 
hanced over a very wide frequency range 
by using a high-permeability magnetic 
material in conjunction with a transmis- 
sion line that is only a small fraction of a 
wavelength (at the highest frequency of 
interest), in the manner shown in 
Fig 17.17B. The first important feature of 
this arrangement is that when operated as 
shown there is almost no magnetic flux in 
the core; the transmission line does the 
work. Therefore the common-mode im- 
pedance can be made quite large using a 
relatively small core (or cores). The load 
is therefore well isolated from ground (it 
floats). Observe also that any point of the 
output load resistor can be connected to 
ground with impunity (except as noted 
below). Often the center point is grounded 
as shown in Fig 17.17B. 

The second feature is that one or mul- 
tiple lengths of core-loaded transmission 
line can be used to design impedance 
transforming transmission-line transform- 
ers that have some very desirable proper- 
ties. These transformers utilize the prin- 
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Fig 17.17—Transmission-line transformers and some of their properties. A: 
common-mode impedance along the length of a transmission line. B: “loading” 
the line with ferrite cores helps isolate the load from ground and the generator. C: 
a common-mode voltage appears aross the core due to a ground connection at 
the output. Such common-mode voltages bring Faraday's Law into play. D and E: 
a 4:1 impedance transformer with a common-mode voltage. F: an unexpected 
voltage source causes a common-mode voltage. 


ciples of traveling waves in a dielectric 
medium for their operation. They can op- 
erate between any combination of bal- 
anced or unbalanced input or output. 
The most important property of these 
transformers is that core magnetization 
can be greatly reduced, as compared to 
conventional transformers. Transformers 
of relatively small size can convey large 
signals with low loss and low distortion. 
However, problems due to significant 
amounts of flux in the magnetic core(s) 
can occur when there is a return path to 
ground at the output end, as shown in 
Fig 17.17B when the optional ground is 
connected, and also in Fig 17.17C. This 
grounding is responsible for a common- 
mode voltage Vem across the core(s), 
which in turn increases both magnetic flux 
in the core(s) and perhaps also dielectric 
losses in the core(s). The problem also 
occurs in various transformer connections 
as shown in Fig 17.17D and E. Flux prob- 
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lems are most prevalent at the lower end of 
the frequency range. Power loss in the 
cores increases and in transmitters core 
heating becomes a greater problem. An 
extraneous voltage or current source in the 
circuit also causes problems as shown in 
Fig 17.17F. In all of these situations, use 
cores of sufficient cross-sectional area, 
winding length and permeability to get the 
desired common-mode impedance and lin- 
earity (Refs 16, 17, 18, 19). Also, methods 
are often feasible (see References) that 
reduce the common-mode voltage drops 
described above. In conclusion, the cor- 
rect use of transmission-line transformers 
requires an understanding of the common- 
mode voltage gradients across the cores 
and how to deal with them. Note also that 
the generator "ground" and the load 
"ground" may be totally unrelated to each 
other. For example, the load “ground” may 
be at the top of a tower. 

There is a very large collection of litera- 
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ture on this subject and space does not 
permit a detailed rundown on every aspect. 
In particular, the phase lags that occur in 
the short lengths of transmission lines can 
sometimes cause certain kinds of prob- 
lems. The “equal delay” or Guanella de- 
sign is then used. 

Transmission-line transformers usu- 
ally operate at low impedance levels, 
require transmission lines of certain Zo 
values (for maximum frequency re- 
sponse) and can be easily built for low 
ratios of input to output impedance. The 
literature (also see the Amplifiers chap- 
ter) shows clever ways to build more 
complex designs for higher impedance 
ratios. One variation of the transmis- 
sion-line transformer discussed in the 
literature is the “twisted wire” trans- 
former, where the requirement for the 
exactly correct Zo is relaxed and a 
smaller frequency range is acceptable. 
These are often easier to build than true 
transmission-line transformers and, if 
properly done, will work over two or 
three octaves (Refs 16, 17, 18, 19). A 
later section of this chapter gives more 
details about transmission-line trans- 
formers. 


THE AMATEUR RADIO 
COMMUNICATION CHANNEL 


In order to design radio equipment it is 
first necessary to know what specifica- 
tions the equipment must have in order to 
establish and maintain communication. 
This is a very large and complex subject 
that we cannot fully explore here, how- 
ever, it is possible to point out certain 
properties of the communication channel, 
especially as it pertains to Amateur Radio, 
and to discuss equipment requirements for 
successful communication. The “channel” 
is: 


* the frequency band that is being trans- 
mitted and to which the distant receiver 
is tuned, and 

* the electromagnetic medium that con- 
veys the signal. 


The Amateur Radio bands are, in fact, a 
very difficult arena for communications 
and a severe test of radio-equipment de- 
sign. The very wide range of received sig- 
nal levels, the high density of signals 
whose channels often overlap or are 
closely adjacent, the relatively low power 
levels and the randomness (the lack of 
formal operating protocols) are the main 
challenges for Amateur Radio equipment 
designers. An additional challenge is to 
design the equipment for moderate cost, 
which often implies technical specifica- 
tions that are somewhat below commer- 
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cial and military standards. These relaxed 
standards sometimes add to the amateur's 
problems. 


Received Noise Levels 


There are three major sources of noise 
arriving at the receive antenna, 


* atmospheric noise generated by distur- 
bances in the Earth's environment, 

* galactic noise from outer space and 

* noise from transmitters other than the 
desired signal. 


Let's briefly discuss each of these kinds of 
noise. 

Atmospheric noise (including man- 
made noise) is maximum at frequencies 
below 10 MHz, where it has average val- 
ues about 40 dB above the thermal noise at 
290 K (K = Kelvins, absolute tempera- 
ture). Above 10 MHz, its strength de- 
creases at 20 dB per octave. At VHF and 
above, it is of little importance (Ref 20). 
However, various studies have found that 
at certain times and locations and in cer- 
tain directions this noise approaches the 
level of thermal noise at 290 K, even at the 
lower frequencies. Therefore the conven- 
tional wisdom that a low receiver noise 
figure is not important at low HF is not 
completely true. Amateurs, in particular, 
exploit these occurrences, and most ama- 
teur HF receivers have noise figures in the 
8 to 12-dB range for this reason, among 
others. A very efficient antenna at a low 
frequency can modify this conclusion, 
though, because of its greater signal and 
noise gathering power (for example, a 
half-wave dipole gathers about 12 dB 
more power at 1.8 MHz than a half-wave 
dipole at 30 MHz (Ref 21)). When the 
noise level is high, an attenuator in the 
antenna lead can reduce receiver vulner- 
ability to strong interfering signals with- 
out reducing the S/N ratio of weaker sig- 
nals. In other words, the system (that is, 
receiver plus noisy antenna) dynamic 
range is improved (the receiver intercept 
point increases and the system noise is 
reduced). The antenna noise, after attenu- 
ation, should be several dB above the re- 
ceiver internal noise. This is a typical ex- 
ample of a communication-link design 
consideration that may not be necessary if 
the receiver is of high quality. 


Receive Antenna Directivity 


If the receive antenna has gain, and can 
be aimed in a certain direction, it often 
happens that atmospheric noise is less in 
that direction. A lower receiver noise fig- 
ure may then help. Or, if the noise arrives 
uniformly from all directions but the de- 
sired signal is increased by the antenna 
gain, then the S/N ratio is increased. That 


is, the noise is constant but the signal is 
greater. (Explanation: if the noise is the 
same from all directions the high-gain 
antenna receives more noise from the de- 
sired direction but rejects noise from other 
directions; therefore the total received 
noise tends to remain constant.) This is 
one of the advantages of the HF rotary 
beam antenna. The same gain can also 
cause strong undesired signals to chal- 
lenge the receiver’s dynamic range (or null 
out an undesired signal). 


Galactic Noise 


The average noise level from outer space 
is about 20 dB above that of thermal noise 
at 20 MHz and decreases at about 20 dB per 
decade of frequency (Ref 20). But at micro- 
wave frequencies, high-gain antennas with 
very-low-noise-figure receivers are able to 
locate sources of relatively intense (and 
very low) galactic noise. Amateurs work- 
ing at microwave frequencies up to 10 GHz 
goto great lengths to get their antenna gains 
and receiver sensitivities good enough to 
take advantage of the high and low noise 
levels. 


Transmitter Noise 


Fig 17.18A shows the spectral output of 
a typical amateur transmitter. The desired 
modulation lies within a certain well de- 
fined bandwidth, which is determined by 
the type of modulation. Because of un- 
avoidable imperfections in transmitter 
design, there are some out-of-band modu- 
lation artifacts such as high-order IMD 
products. The signal filter (SSB, CW and 
so on) response also has some slope out- 
side the passband. There is also a region of 
phase noise generated in the various mix- 
ers and local oscillators (LOs). These 
phase noise sidebands are "coherent." That 
is, the upper frequency sidebands have a 
definite phase relationship to the lower fre- 
quency sidebands. At higher values of fre- 
quency offset, a noncoherent "additive" 
noise shelf may become greater than phase 
noise and it can extend over a considerable 
frequency band. Other outputs such as har- 
monics and other transmitter-generated spu- 
rious emissions are problems. 

The general design goals for the trans- 
mitter are: 


1. Make the unavoidable out-of-band dis- 
tortion products as small as technology 
and equipment cost and complexity will 
reasonably allow, 

2. Design the synthesizers and other local 
oscillators and mixers so that phase 
noise, as measured in a bandwidth equal 
to that of the desired modulation, is less 
than the out-of-band distortion prod- 
ucts in goal 1 and, 


3. Make the wideband noise sufficiently 
small that the noise will be less than 
any unavoidable receiver noise at 
nearby receivers with the same band- 
width. 


If the additive noise is very amali, LO, 


phase noise may come back into the pic- 
ture. In narrowband systems such as Morse 
code (CW) it can be very difficult or im- 
practical to make transmitted phase noise 
less than the normal Morse code sidebands 
(see later discussion on this topic). The 
general method to reduce wideband noise 
from the transmitter is to place the 
narrowband modulation band-pass filter at 


as high a signal level as possible and to ` 


follow that with a high-level mixer and 
then a low-noise first-stage RF amplifier. 

` -Phase-noise amplitude varies with modu- 
lation. That is, the LO phase noise is modu- 
lated onto the outgoing signal by the “recip- 
rocal mixing" process (the signal becomes 


the “LO” and the LO phase noise becomes | 


the "signal"). If the actual LO to phase noise 
ratio is X dB, the ratio of the transmit signal 
tó its phase noise is also X dB. In SSB the 
magnitude of the phase-noise sidebands is 
maximum only on modulation peaks. In CW 
it exists only when the transmitter is “key 
down." The additive noise, on the other 
hand, may be much more constant. If the 
power amplifiers are Class A or Class AB, 
additive noise does not require any actual 
signal and tends to remain more nearly con- 
stant with modulation. 


In a communication link design, the 


receiver's culpability must also be consid- 
ered. The receiver’s LOs. also generate 
phase noise that is modulated onto an ad- 
` jacent-channel signal (reciprocal mixing) 
to produce an in-band noise interference, 
as shown in Fig 17.18B. In view of this, 
_ the transmitter and receiver share equal 
‘responsibility regarding phase noise, and 
there is little point in making either one a 
great dea] better unless the other is im- 
proved also. Nevertheless, high-quality 
receivers with low phase noise exist, and 
they are vulnerable to transmitter phase 
noise. The converse situation also exists; 
receiver phase noise can contaminate a 
clean incoming signal (Refs 22, 23, 24). 


Receiver Gain and Transmitter 
Power Requirements 


The minimum level of a received signal is 
 afunction of the antenna noise level and the 
bandwidth. As just one example, for an HF 


SSB system with a 2.0-kHz bandwidth and . 


a noise level 10 dB above thermal 
(131 dBm in a 2.0-kHz band) the minimum 
‚ readable signal, say 3 dB above the noise 
level, would be -128 dBm. Assume the re- 
ceiver-generated noise is negligible. If the 
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Fig 17.18—A: transmitter spectrum with discrete out-of-band products, phase 
noise and white noise. B: reciprocal mixing of LO phase noise onto an incoming 


signal. f " 


audio output to a loudspeaker is, say +20 
dBm (0.1 W), then the total required receiver 
gainis 148 dB, whichis an enormous amount 


of amplification. For a CW receiver with > 


200-Hz bandwidth, the minimum signal 
would be -138 dBm and the gain would be 
158 dB. Receivers at other frequencies with 
lower noise levels can require even higher 


gains to get the desired audio output level. If . 


thetransmission path attenuation can be pre- 
dicted or calculated, the required transmitter 
power can be estimated. These kinds of cal- 
culations are often done in UHF and micro- 
wave amateur work, but less often at HF (see 
the microwave receiver section.for an ex- 
ample). | 

We do, however, get some “feel” for the 
receiver gain requirements, how the re- 
ceiver interacts with the “channel,” and 
that the minimum signal power is an ak 


most incredibly small 1.6 x 10-16 W. On 


the other hand, amateur receiver S-meters 
are calibrated up to an input signal level of 
-13 dBm (60 dB above 100 uV from a 


50-Q source). Therefore the receiver must . 


deal with a desired signal range of at least 
115 dB (128 – 13) for the SSB example or 


at least 125 dB for the CW example (as- 


suming that AGC limits the signal levels 
within the receiver). ` 


Fading 


Radio signals very often experience 
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changes in strength, due either to reflec- 
tions from nearby objects (multipath) or, 
inthe case of HF, to multiple reflections in 
the ionosphere. At a particular frequency 
and at a certain time, a signal arriving by 
multipath may decrease severely. The ef- 
fect is noticed over a narrow band of fre- 
quencies called the "fading bandwidth." 
At HF, the center frequency. of this fade 
band drifts slowly across the spectrum. 
Communication links are degraded by 
these effects, so equipment design and 
various communication modes are used to 
minimize them. For example, SSB is less 
vulnerable than conventional AM. In AM, : 
loss of carrier or phase shift of the carrier, 
relative to the sidebands, causes distortion 
and reduces audio level. 


THE UHF/MICROWAVE 
CHANNEL 


At frequencies above about 300 MHz, 
we need to account for the interaction of 
the Earth environment with the transmit- 
ted and received signals. Here are some of 
the things to consider: 


l.Line-of-sight communications dis- 
tance, as a function of receiver and 
transmitter anterina height. 

2. Losses from atmospheric gasses and 
water vapor (above several gigahertz). 

3; Temperature effects on paths: reflec- 
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tions, refractions, diffractions and 
transmission “ducts.” 

4. Atmospheric density inversions due to 
atmospheric pressure variations and 
weather fronts. 

. Tropospheric reflections and scattering. 

6. Meteor scattering (mostly at VHF but 

occasionally at UHF). 

7. Receive-antenna sky temperature. 


л 


Competitive amateur operators who аге 
active at these frequencies become profi- 
cient at recognizing and dealing with these 
communication channel effects and learn 
how they affect equipment design. They 
become proficient at estimating channel 
performance, including path loss, receive 
system noise figure (or noise tempera- 
ture), antenna radiation patterns and gain 
(Ref 25). 


IMPROVING THE RADIO LINK 


Aside from the above considerations, 
there are many other ways to get better 
communication. Here are a few of them: 


Automatic Link Evaluation (ALE) 


The personal computer has brought 
about the development of computer-super- 
vised radios that search for a clear fre- 
quency that has the right propagation to 
support communication between two or 
more distant locations. These also use 
propagation forecasts. (Refs 26, 27, 28.) 


Automatic Power Level 
Adjustment 


By measuring the received signal level 
in comparison with noise and interference, 
it is possible to automatically tell the dis- 
tant station to adjust power level (Refs 
29,30). 


Digital Communication 


The use of data transmission and re- 
ception equipment, centered around the 
personal computer, is becoming wide- 
spread. Using error correction, redun- 
dancy (repeats and acknowledgments) 
and fast turnaround, very reliable work 
is being accomplished by amateurs. 
Special waveforms that are more “ro- 
bust” for the HF bands have recently 
been introduced. 


Operator Skill 


In any mode of Amateur Radio commu- 
nication, the operating and technical skills 
and also the social responsibility of the 
transmitting and receiving operators are 
still, and will always be, crucial parts of 
the communication link. The traditional 
SSB and CW modes are still very popular 
and enjoyable (and also effective if prop- 
erly used), even though they are theoreti- 
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cally less effective than sophisticated digi- 
tal modes. In this traditional environment, 
the operating skills of the individuals are 
even more important. The point we make 
in this chapter is that equipment features 
that enhance the operator's ability to "get 
the job done" are important parts of the 
equipment and system design consider- 
ations. 


Repeaters 


VHF and UHF communication dis- 
tances for low-power gear are greatly 
increased by strategically located re- 
peater stations. The Repeaters chapter 
of this Handbook gives more coverage 
of this very popular technology. 


Spread Spectrum 


A few amateurs are experimenting with 
spread-spectrum techniques. This rapidly 
expanding technology is being used more 
and more in military, industrial, commer- 
cial and law-enforcement organizations. 
The rapidly oncoming "information high- 
way," personal communications service 
(PCS) and computer-network systems are 
looking at spread-spectrum methods to 
improve privacy and effectiveness, espe- 
cially where many users share the spec- 
trum. Powerful error-correction methods 
and automatic transmitter power-level 
management help to reduce information 
loss due to cochannel interference. (Refs 
31. 32.) 


Satellites 


Communication over long terrestrial 
distances using Earth satellite transpon- 
ders has become a popular mode, due to 
the pioneering efforts of a group of ad- 
vanced amateurs over the past 30 years or 
50. 


Modulation Methods 


Quadrature amplitude modulation 
(QAM) has recently become more popular 
because of the advent of high-definition 
television (HDTV). QAM uses several 
discrete amplitude levels, combined with 
several discrete phase values, to permit a 
high information rate within a narrow 
bandwidth. This has potential for Amateur 
Radio. 


RECEIVER DESIGN 
TECHNIQUES 


We will now look at the various kinds of 
receivers that are used by amateurs and at 
specific circuit designs that are commonly 
used in these receivers. The emphasis is 
entirely on analog approaches. Methods 
that use digital signal processing (DSP) 
for various signal processing functions are 


covered in the DSP chapter. 


EARLY RECEIVER DESIGN 
METHODS 


Fig 17.19 shows some early types of 
receivers. We will look briefly at each. 
Each discussion contains information that 
has wider applicability in modern circuit 
design, and is therefore not merely of his- 
torical interest. A lot of good old ideas are 
still around, with new faces. 


The Crystal Set 


In Fig 17.19A the antenna circuit (ca- 
pacitive at low frequencies) is series 
resonated by the primary coil to maxi- 
mize the current through both, which 
also maximizes the voltage across the 
secondary. The semiconductor crystal 
rectifier then demodulates the AM 
signal. This demodulation process uti- 
lizes the carrier of the AM signal as a 
“LO” and frequency translates (mixes) 
the RF signal down to baseband (audio). 
The rectifier and its output load imped- 
ance (the headphones) constitute a 
loading effect on the tuned circuit. For 
maximum audio output, a certain 
amount of coupling to the primary coil 
provides an optimum impedance match 
between the rectifier circuit and the 
tuning circuit. The selectivity is then 
somewhat less than the maximum ob- 
tainable. To improve the selectivity, 
reduce the secondary L/C ratio and/or 
decrease the coupling to the primary. 
Some decrease in audio output will usu- 
ally result. 

This basic mechanism for demodulat- 
ing an AM signal by using a rectifier is 
identical to that used in nearly all mod- 
ern AM receivers. One important fea- 
ture of this rectifier is a signal level 
“threshold effect” below which rectifi- 
cation quickly ceases. Therefore the 
crystal set, without RF amplification, is 
not very good for very weak signals. 
Early crystal receivers used large anten- 
nas to partially solve this problem, but 
they were vulnerable to strong signals 
(their dynamic range was not very 
good). However, a large antenna does 
make greater tuner selectivity possible 
(if needed) because looser coupling can 
be used in the tuner. That is, the loading 
of the secondary resonator by the an- 
tenna and rectifier can both be reduced 
somewhat. 

There is one other interesting property 
of this detector. The two AM sidebands 
add in phase (coherently) at the audio out- 
put, but noise above and below the carrier 
frequency add іп random phase 
(noncoherently). Therefore the detector 
provides a 3-dB improvement in signal- 


to-noise ratio, compared to the signal be- 
fore detection, when receiving a double- 
sideband AM signal (Ref 33). 


The Tuned Radio Frequency 
(TRF) Receiver . 


Fig 17.19B shows a TRF receiver. One,- · 


or possibly many, tuned RF stages are fol- 
lowed by a vacuum-tube implementation 
of the crystal rectifier (infinite-impedance 
square-law detector) described in the pre- 
vious section. The RF amplification over- 
comes the threshold effect of the detector 


and the multiple tuned circuits (called : 


"synchronous tuning"), usually isolated 
from each other by amplifier devices, al- 
low much better selectivity. This selectiv- 
ity is greatly reduced at the high end of the 


tuning range because the tuning сарасі-' 


tance becomes small. At the low end of the 


tuning dial, modulation sidebands may бе. 


rolled off or "clipped" due to excessive 
selectivity. This variation in selectivity, 
and also in gain, are the TRF's main draw- 
backs, which helped popularize the super- 
heterodyne approach. The figure shows 
triode-tube amplifiers (they could also be 
three lead transistors: single-gate FETs or 
bipolar) that are neutralized to prevent self 
oscillation. This receiver is, called a 
"Neutrodyne." Multigrid tubes or dual 
gate FETs do not need neutralization. 


. The Regenerative Receiver 


Fig 17.19C (with the quench oscilla- . 


tor inactive) is à simple example of a 
regenerative receiver. The basic prin- 
ciple is that positive RF feedback, via 
the plate winding, is used to increase the 
RF gain up to and slightly beyond the 
point of self oscillation. With no signal, 
the internal shot and thermal noise 
peaks and a small bias voltage on the 
grid capacitor (caused by a very slight 
grid current) combine to produce a 


stable and self-limiting oscillation that ` 
is similar to the behavior of an ordinary · 


oscillator, except that right at the peak 
of the oscillation cycle the amplifica- 
tion is extremely large and the detector 
is therefore very sensitive. The Q of the 


tuned circuit is greatly increased by the. 


introduction of negative.resistance (see 
the Oscillators chapter), but the small 
grid-current loading limits the increase. 


With greater or lesser feedback, or if a . 
strong signal.appears, the gain and Q . 


-drop rapidly. 

The self oscillation heterodynes with 
an incoming CW or SSB signal to pro- 
duce an audio beat note. The main ad- 
vantages of the "regen" are the beat 
.note, the absence of a weak-signal 
threshold effect and amplification. 
Slightly below the oscillation point, 
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Fig 17.19—Early receiver designs. A: crystal set. B: tuned radio-frequency (TRF) 


receiver. C, a regenerative receiver. 


makeshift AM reception is possible. 
From about 1920 to 1935, the regen was 
the favorite HF receiver among ama- 
teurs. It was the subject of much design 
and development by them. It also re- 
quired considerable operating skill 
(Refs 34, 35). 


The Superregenerative Receiver « 


га 


' dible heterodyne that the ordinary regen 


Fig 17.19C (with the quench oscilla- , 


` tor active) is a simple superregenerative 


receiver. The idea here is that the output 
of the 20-kHz quench oscillator modu- 
lates the detector and drives it through 


the point of oscillation and through the 


point of maximum gain and sensitivity 
at a super-audible rate. This results in 
an audio signal that is free of the au- 
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produces. Therefore, the receiver is 
more useful for AM or FM voice recep- 


tion. More technically speaking, the 


modulation process produces a double- 
sideband suppressed-carrier signal with 
two main sidebands, Fsig + Fosc, plus a 
wide assortment of lesser sidebands, 
spurious responses and other artifacts 
that are difficult (but not impossible) to 
control. Super regens were used for 
many years for 30-100 MHz voice re- 
ception, where the high ratio of signal 


: frequency to quench frequency made the 


circuit more manageable. The classic 
amateur article on this subject by Ross 
Hull (at ARRL) appears in the July 1931 
QST. See also any edition of the famous 
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Radiotron Designer’s Handbook by 
Langford-Smith, circa 1953. 


MODERN RECEIVER 
DESIGN METHODS 


The superheterodyne and the direct-con- 
version receiver are the most popular mod- 
ern receivers and the chief topic of this dis- 
cussion. Both were conceived in the 
1915-1922 time frame. Direct conversion, 
was used by Bell Labs in 1915 SSB experi- 
ments; it was then called the “homodyne” 
detector. E. H. Armstrong devised the 
superhet in about 1922, but for about 12 
years it was considered too expensive for the 
(at that time) financially strapped amateur 
operators. The advent of “single signal re- 
ception,” pioneered by J. Lamb at ARRL, 
and the gradual end of the Great Depression 
era brought about the demise of the regen- 
erative receiver. We begin with a discussion 
of the direct conversion receiver, which has 
been rediscovered by amateur equipment 
builders and experimenters in recent years. 


Direct Conversion (D-C) Receivers 


The direct conversion (D-C) receiver, 
in its simplest form, has some similarities 
to the regenerative receiver : 


* The signal frequency is converted to 
audio in a single step, 


SSB 
Active 
Filter 


ча =. 


22 uF 
16V 


22 uF 
16V 


ма а. 
A 


Except as indicated, decimal values of 
capacitance are in microfarads ( uF); 
others are in picofarads (pF ); 


* An oscillator very near the signal fre- 
quency produces an audible beat note, 

* Signal bandwidth filtering is performed 
at baseband (audio), 

* Signals and noise (both receiver noise 
and antenna noise) on both sides of the 
oscillation frequency appear equally in 
the audio output. The image (on the 
other side of zero beat) noise is an “ex- 
cess" noise that degrades the noise fac- 
tor and dynamic range (Ref 36). 


There are three major differences favor- 
ing the D-C receiver: 


* There is no delicate state of regeneration 
involved. A low-gain or passive mixer 
of high stability is used instead. 

* The oscillator is a separate and very 
stable circuit that is buffered and 
coupled to the mixer. 

* The D-C (that uses modern circuit de- 
sign) has much better dynamic range. 


Theregen has enormous RF gain (and Q 
multiplication) and therefore little audio 
gain is needed. The D-C delivers a very 
low-level audio that must be greatly am- 
plified and filtered. RF amplification, 
band-pass filtering and automatic gain 
control (AGC) can be easily placed ahead 
of the mixer with beneficial results. 

Anenhancement of the D-C concept can 


resistances are in ohms; k=1,000, M=1,000,000. 


perform a fairly large reduction of the sig- 
nal and noise image responses mentioned 
above. It is a major technical problem, 
however, to get a degree of reduction over 
a wide frequency range, say 1.6-30 MHz, 
that compares with that easily obtainable 
using superheterodyne methods. 


D-C Receiver Design Example 


Fig 17.20 is a schematic diagram of a 
simple D-C receiver that utilizes all of the 
principles mentioned above except image 
rejection. The emphasis is on simplicity 
for both SSB and CW reception on the 
14-MHz band. The LO is standard Hand- 
book circuitry and is not shown. Fig 17.21 
shows a simple example of an active CW 
band-pass filter centered at 450 Hz. 

The input RF filter shields the receiver 
from large out-of-ham-band signals and 
has a noise figure of 2 dB. The grounded- 
gate RF amplifier has a gain of 8 dB, a 
noise figure of 3 dB and an input third- 
order-intercept point of 18 dBm. Its pur- 
pose is to improve a 14-dB noise figure (at 
the antenna input) without the amplifier to 
about 8.5 dB. It also eliminates any sig- 
nificant LO conduction to the antenna and 
provides opportunities for RF AGC. The 
total gain ahead of the mixer is about 6 dB, 
which degrades the IMD performance of 
the mixer and subsequent circuitry some- 


Fig 17.21—Schematic diagram of an active CW band-pass filter for the D-C receiver in Fig 17.20. 
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what. However, the receiver still has a 
third-order intercept (IP3) of about 6 dBm 
for two tones within the range of the audio 
filter. The IP3 is 11 dBm (quite respect- 


able) when one of the two tones is outside 
the range of the low-pass audio filter that 
precedes the first audio amplifier. The 
low-pass filter protects the audio ampli- 


Cancellation 


Cancellation 


No 
Cancellation 


Fig 17.22—Both A and B are workable image cancelling mixer stages. The scheme 


at C will not cancel image signals. 


SIGNAL 


Fig 17.23—Typical block diagram of an image cancelling D-C receiver. 
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fier from wideband signals and noise. The 
intercept point could be improved by 
eliminating the RF amplifier, but the an- 
tenna input noise figure would then be 
much worse. This is a common trade-off 
decision that receiver designers must 
make. 

The above analysis would be correct for 
a conventional receiver, but in this case 
there is a small complication that we will 


mention only briefly. The noise sources 


ahead of the mixer, both thermal and ex- 
cess, that are on the image side (the side of 
the carrier opposite a weak desired signal) 
are translated to the baseband and appear 
as an increased noise level at the input of 
the first audio amplifier. If the SFDR (pre- 
viously defined) in a 1000-Hz bandwidth 
were ordinarily 95 dB, using the above 
numbers, the actual SFDR would be per- 
haps 2.5 dB less. An image-reject mixer 
would correct this problem. Observe that 
the low noise figure of the RF amplifier 
minimizes the gain needed to get the de- 
sired overall noise figure. Also, its good 
intercept point minimizes strong-signal 
degradation contributed by the amplifier. 
The input BPF eliminates problems from 
second-order IMD. Flicker-effect (1/f) 
noise in the mixer audio output may also 
be a problem, which the RF amplification 
reduces and the mixer design should 
minimize. 

The preceding analysis illustrates the 
kind of thinking that goes into receiver 
design. If we can quantify performance in 
this manner we have a good idea of how 
well we have designed the receiver. 

For the circuit in Fig 17.20 and the num- 
bers given above, the gain ahead of the 
first audio amplifier is 0 dB. As stated 
before, this amplifier is protected from 
wideband interference by the 2-element 
low-pass audio filter ahead of it, which 
attenuates at a rate of 12 dB per octave. 
This filter could have more elements if 
desired. By minimizing front-end gain, the 
tendency for the audio stages to overload 
before the earlier stages do so is mini- 


mized—if the audio circuitry is suffi- 
ciently “robust.” This should be checked 
out using two-tone and gain-compression 
tests on the audio circuits. Audio-derived 
AGC helps prevent signal-path overload 
by strong desired (in-band) signals. Addi- 
tional AGC can be applied in the audio 
section by using a variable-gain audio op 
amp (MC3340P). 

The audio SSB and CW band-pass fil- 
ters are simplified active op-amp filters 
that could be improved, if desired, by us- 
ing methods mentioned in some of the ref- 
erences. In an advanced design, digital 
signal processing (DSP) could be used. 
Good shape factor is the main requirement 
for good adjacent-channel rejection. Good 
transient response (maximally flat group 
delay) would be a “runner-up” consider- 
ation. Digital FIR filters and analog ellip- 
tic filters are good choices. 


Image Rejection in the D-C 
Receiver 


Rejection of noise and signals on one side 
of the LO is a major enhancement and also 
a major complication of the D-C receiver. 
The Projects segment of this chapter de- 
scribes one such receiver in detail. Here is an 
overview of the subject (Refs 37, 38). 

Fig 17.22 shows two correct ways to 
build an image canceling mixer and one 
incorrect way. The third way does not 
perform the required phase cancellations 
for image reduction. In practice, two +45° 
phase shifters are used, rather than one 90° 
stage. As mentioned before, it is very dif- 
ficult to get close phase tracking over a 
wide band of signal and LO frequencies. 
In amateur equipment, front panel 
“tweaker” controls would be practical. 

The block diagram in Fig 17.23 is a typi- 
cal approach to an image-canceling D-C 
receiver. The two channels, including RF, 
mixers and audio must be very closely 
matched in amplitude and phase. The 
audio phase-shift networks must have 
equal gain and very close to a 90° phase 
difference. Fig 17.24 relates phase error 
in degrees and amplitude error in dB to the 
rejection in dB of the opposite (image) 
sideband. For 30 or 40 dB of rejection, the 
need for close matching is apparent. 


Audio Phase Shifters 


Fig 17.25A shows an example of an 
audio phase-shift network. The stage in 
25B is one section, an active “all-pass” 
network that has these properties: 


* The gain is exactly 1.0 at all frequencies 
and 

* The phase shift changes from 180? at 
very low frequency to 0° at very high 
frequency. 


The shift of this single stage is 90? at 
f=1/(2mRC). By cascading several of these 
with carefully selected values of RC the 
set of stages has a smooth phase shift 
across the audio band. A second set of 
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stages is chosen such that the phase differ- 
ence between the two sets is very close to 
90°. The choices of R and C values have 
been worked out using computer methods; 
you can also find them in other handbooks 


Amplitude Unbalance, dB 


Fig 17.24—A plot of sideband rejection versus phase error and amplitude 


unbalance. 


Phase Error (degrees) 


Except as indicated, decimal 
values of capacitance are 

in microfarads ( uF ); others 
are in picofarads ( pF ); 
resistonces are in ohms; 
k=1,000, M=1,000,000. 
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Fig 17.25—A: an example of an audio phase-shift circuit. B: a single all-pass 
stage. C, phase error vs audio frequency for a pair of circuits like that in A: with 


appropriate values of R and C. 
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If K is constant, then the IF ouput is proportional 
to A and the mixer is “amplitude—linear. ” 


Fig 17.26—(A) Basic block diagram of a superhet receiver. (B) Showing how the input signal and a constant LO input 


produce a linear mixing action. 


(Ref 39). Fig 17.25C shows the phase error 
for two circuits like the one shown in Fig 
17.254. Note the rapid increase in error at 
very low audio frequencies (an improve- 
ment would be desirable for CW work). 
These frequencies should be greatly at- 
tenuated by the audio band-pass filters that 
follow. The D-C receiver in the Projects 
section of this chapter uses these circuits. 


D-C Receiver Problem Areas 


Because of the high audio gain, micro- 
phonic reactions due to vibration of low- 
level audio stages are common. Good, solid 
construction is necessary. Another problem 
involves leakage of the LO into the RF sig- 
nal path by conduction and/or radiation. The 
random fluctuations in phase of the leakage 
signal interact with the LO to produce some 
unpleasant modulation and microphonic ef- 
fects. Hum in the audio can be caused by 
interactions between the LO and the power 
supply; good bypassing and lead filtering of 
the power supply are needed. A small 
amount of RF amplification is beneficial for 
all of these problems. 


THE SUPERHETERODYNE 
RECEIVER 


GENERAL DISCUSSION 


The superheterodyne (“superhet”) 
method is by far the most widely used 
approach to receiver and transmitter de- 
sign. Fig 17.26A shows the basic elements 
as applied to an SSB/CW receiver, which 
we will consider first. We will consider a 
superhet transmitter later in this chapter. 

RF from the antenna is filtered 
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(preselected) by a band-pass filter of some 
kind to reduce certain kinds of spurious 
responses and then (possibly) RF ampli- 
fied. A mixer, or frequency converter cir- 
cuit, multiplies (inthe time domain) its two 
inputs, the signal and the LO. The result of 
this multiplication process is a pair of 
output intermediate frequencies (IFs) that 
are the sum and difference of the signal 
and LO frequencies. If the mixer is 
"linear," it is a perfect multiplier, these 
are the only output frequencies present, 
and it has all of the properties of any other 
linear circuit except for the change of fre- 
quency. Fig 17.26B includes the math- 
ematics that verify this linear behavior. 

One of these outputs is selected to be 
the "desired" IF by the designer. It is then 
band-pass filtered and amplified. The 
bandwidths and shape factors of these fil- 
ters are optimized for the kind of signal 
being received (AM, SSB, CW, FM, digi- 
tal data). Two of the main attributes of the 
superhet are that this signal filtering band 
shape and also the IF amplification are 
constant for any value of the receive sig- 
nal frequency. An excessively narrow 
preselector filter could, however, have 
some effect on the desired signal, as we 
saw in the case of the TRF receiver. 

A second mixer, or "detector" as it is 
usually called, translates the IF signal to 
baseband (audio) where it is further am- 
plified, possibly filtered, and applied to an 
output transducer (headphones, loud- 
speaker, some other signal processor or 
display). 

A superhet receiver may also contain 
multiple frequency conversions (IFs). 
Later discussion will focus on strategies 


used to select these IFs. 

Let's begin with a detailed discussion 
of the classic down-conversion superhet. 
Almost all of the topics apply as well to 
the various other kinds of receiver designs 
in subsequent sections. 


Superhet Characteristics: A Down- 
Conversion Example 


The desirability of the superhet approach 
is offset somewhat by certain penalties and 
problem areas. As a vehicle for mentioning 
these difficulties, seeing how to deal with 
them and discussing analysis and design 
methods; we use the tutorial example in Fig 
17.27. That is a “down converting" single- 
conversion 14-MHz superhet with a 1.5- 
MHz FF. This receiver is simple and capable 
of fairly good performance in the 1.8 to 30- 
MHz frequency range. Fig 17.27 is inten- 
tionally incomplete and meant for instruc- 
tional purposes only; do not attempt to 
duplicate it as a project. 


Block Diagram 


The block labels of Fig 17.27 show that 
a preselector and RF amplifier are fol- 
lowed by downward frequency conversion 
to 1.5 MHz. This is followed by IF ampli- 
fication and crystal filtering, a product 
detector, audio band-pass filters and an 
audio power output stage. Equal emphasis 
is given to SSB and CW. AGC circuitry is 
included. The audio and AGC circuits are 
the same as those in Fig 17.20 and Fig 
17.21. As a first step, let's look at spurious 
responses of the mixer. 


Mixer Spurious Responses 
Mixers and their spurious responses are 


covered in detail in the Mixers chapter, 
but we will present a brief overview of the 
subject for our present purposes. We then 
will see how this information is usedi in the 
design process. 

The mixer is vulnerable to RF signals 
other than the desired signal. Various har- 


monics of any undesired RF signal апа. 


harmonics of the LO combine to produce 
spurious IF outputs (called harmonic 
IMD). If these spurious outputs are within 
‘the IF passband they appear at the receiver 
output. The strength of these outputs de- 
pends on: harmonic number and strength 
of the RF signal as it appears at the mixer 
input, the harmonic number of the LO, the 
LO power rating (7 dBm, 17 dBm, and so 
on) and the design of the mixer. 
Commercially available double-bal- 
anced diode mixers are so convenient, 
easy to use and of such low cost and high 
quality that they are used in many Ama- 
teur Radio receiver and transmitter 
projects. These mixers also do a good job 
of rejecting certain kinds of spurious re- 
sponses. Our numerical examples will be 


based on typical published data for one of ' 


these mixers (Ref 40). 

Fig 17.28A shows an example for the 
` mixer tuned to a desired signal at 
14.00 MHz with the LO at 15.50 MHz. 
The locations of undesired signals that 
cause a spurious response are shown in Fig 


17.28B; they are at 14.75, 15.00, 16.00 and 


17.00 MHz (there are many others of lesser 
importance). Each of these undesired sig- 
nals produces a 1.50-MHz output from the 
mixer. The figure indicates the harmonics 
of the undesired signal and the harmonics 
of the LO that are involved in each in- 
stance. The “order”, of the spurious prod- 
uct is the sum of these harmonic numbers, 
for example the one at 16.00 MHz is a 
sixth-order product. The spurious at 


17.00 MHz is called the “image” because . 


itis also 1.50 MHz away from the LO, just 
as the 14.00 desired signal is 1.5 MHz 
away from the LO. It is a second-order 
response, as is also the response at 
14.00 MHz. 

' Fig17.28Cis a chart that shows the rela- 
tive responses for various orders of har- 
monic IMD products for a signal level 
(desired or undesired) of 0 dBm andan LO 
level of +7 dBm. The values are typical for 
a great many +7-dBm mixers having vari- 
ous brand names and they improve greatly 


for higher level mixers (at the same КЕ. 


levels). The second-order (desired and 
image) both have a reference value of 0 dB 
and the others are in dB below those two. 
-~ We can now consider the receiver de- 
sign that suppresses these spurious re- 
sponses so that they do not interfere with 
a weak desired signal at 14.00 MHz. If an 


-sharply tuned 


interfering signal is reduced in amplitude 


at the mixer RF input by 1.0 dB, the sup- , 


pression of that spur is improved by 1.0 x 
Signal Harmonic Number dB. This is true 
in principle, but in reality the reduction 
may be somewhat less. For example, the 
spur produced by 15.00 MHz is reduced 3 
dB for each dB that we reduce its level. 

We accomplish this task by choosing the 
right mixer, limiting the amount of RF 
amplification and designing adequate se- 
lectivity into the preselector circuitry. 
With respect to selectivity, though, note 
that in many other mixing schemes the 
interfering signal is so close to the desired 
frequency that selectivity does little good. 
Then we must use a mixer with a higher 
LO level and/or reduce RF gain. 

The design method is illustrated by the 
following numerical example. Suppose 
that a signal at 14.75 MHz (the IF/2 spur) 
is at -20 dBm (very strong) at the antenna 
and –10 dBm at the mixer RF port. From 
the chart, this spur will be reduced by 
71 + 2 (0 – (-10)) = 91 dB to a level of 
-10-91 2-101 dBm. If this is not enough 
then a preselector. will help. If the 


'preselector attenuates 14.75 MHz by 5 dB, 


the total spur reduction will be 71 + 2(0 — 
(-15)) = 101 dB to a level of -15 – 101 = 
—116 dBm, a 15-dB improvement. Notice 
that spurs involving high harmonics of the 
signal frequency attenuate more quickly 
as the input RF level is reduced. 

On the other hand, if we consider the 
image signal at 17 MHz, all of the reduc- 
tion -of this spur must come from the 
preselector. In other words, selectivity is 
the only way to reduce the image response 
unless an image reducing mixer circuit is 
used (Ref 41). In this example, additional 
spur reduction is obtained by using a 
preselector circuit topology that has im- 
proved attenuation above the passband. 

In designing any receiver we must be 
reasonable about spur and image reduc- 
tion. Receiver cost and complexity can 
increase dramatically if we are not willing 
to accept an occasional spurious response 
due to some very strong and seldom oc- 
curring signal. In the case of a certain per- 
sistent interference some specific cure for 
that source can usually be devised. A 


preselector or a temporary antenna attenu- 


‘ator are a few examples. In practice, for 


down-conversion superhets, 90 dB of 
image reduction is excellent and 80 dB is 
usually plenty good enough for amateur 
work. 

In classical down-conversion superhets, 
the preselection circuits are tuned and 


bandswitched in unison with the LO. They . 


must all *track" each other across the dial. 
The cost and complexity of this arrange- 


Receivers, Transmitters, Transceivers and Projects 


"trap" circuit, a special: 
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LO 
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E 


1xLO- 1x Sig 
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(image) 


2xLO- 2xSig 


(IF/2) , SxSig- 3xLO 


3xLO - 3xSig 
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Fig 17. 28—A: mixer at 14.00 MHz with 
LO at 15.50 and IF at 1.50. B: locations 
of strong signals that interfere with 
desired signal at 14.00 MHz due to 
harmonic IMD. C: typical chart of 
harmonic IMD products for a double 
balanced diode mixer with 0 dBm 
signal and 7 dBm LO. 


Ü 


ment have made this approach prohibitive 
in modern commercial multiband designs 
(Ref 42). For amateur work the approach 
in Fig 17.27 is more practical, using 
switched or even plug-in band-pass 


^preselectors and oscillator coils. A fre- 


quency coünter, offset by the 1.5 MHz IF 
and connected to the LO, eliminates the 
need for a calibrated dial. 


Two-Tone Intermodulation 
Distortion 


Another important mixer spurious re- 
sponse is two-tone IMD. This distortion 
has been covered previously in this chap- 
ter, and the Mixers chapter gives more 
detail. From a system design standpoint, 


. the trade-offs between receiver noise fig- 


ure and IMD have been covered in this 
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Same as in Figures 17.20 and 17.21 


Fig 17.27—Specific example of a down-conversion superhet that is used to explain and analyze superhet behavior and 


design. 


chapter, and the choices of mixer, RF gain 
(if any) and selectivity are decided in a 
study exercise of performance, cost and 
complexity. A receiver that has a 10 to 20- 
dBm third-order intercept point for two 
signals 20 kHz and 40 kHz removed is an 
excellent receiver in many applications. 
Some advanced experimenters have built 
receivers with 25 to 40-dBm values of IP3. 
Values of 40 dBm are near the state of the 
art (Refs 43, 44, 45). 

A matter of considerable interest concerns 
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the way that IMD varies as the separation 
between the two tones increases. In Fig 
17.27, for example, if one tone is 1.0 kHz (or 
100 kHz) above 14.00 the other is 2.0 kHz 
(or 200 kHz) above. We see that for very 
close tone separations the IF filter may not 
prevent the tones from reaching the circuits 
following the IF filter. As the separation 
increases, first one, then both, tones fall 
outside the IF filter passband and the IMD 
becomes much less. However the mixer and 
the amplifier after the mixer are still vulner- 


able. At greater separations the preselector 
starts to protect these two stages, but the RF 
amplifier is not well protected by the first RF 
filter until the tone separation becomes 
greater, perhaps 200 kHz. It is a common 
procedure to plot a graph of receiver third- 
order input intercept point vs tone separa- 
tion and then look for ways to improve the 
overall performance. 

The stages after the IF filter are pro- 
tected by AGC so that, hopefully, tones in 
the IF passband do not overdrive the cir- 


500: 25 0 
Transformer 


0.01 2N5432 , O00 


+12 V 


Ж Series Resonant Frequency 


cuits after the IF filter. But in the example 
of Fig 17.27 there is also a narrowband 
audio filter and the AGC is derived from 
the output of this filter. This means that 
circuits after the IF filter but ahead of the 
audio filter may not always be as well pro- 
tected as we would like. Strong tones that 
get through the IF filter may be stopped by 
the audio filter and not affect the AGC. 
This particular example illustrates a very 
common problem in all kinds of receivers 
that have distributed selectivity. It is also 
found universally in multiple conversion 
receivers, as we will discuss later. 
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Gain and Noise Figure 
Distribution 


Based on the information given so far, 
the approach to designing a superhet re- 
ceiver, whether a downconverter or any 
other kind, can now be summarized by the 
following guidelines: 

1. Try to keep the gain ahead of the mixer 
and the narrow band-pass filters (SSB, 


CW and so on) as low as possible. For · 


a fixed components cost (such as mix- 
ers and amplifiers), this minimizes the 
IMD, both two tone and harmonic. 

2. Reducing the gain implies that the noise 
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220 


2N4416A 


2N2222A 


figure may be a little higher. It is always 
best to avoid making the noise figure any 
lower than necessary. Noise figure is usu- 
ally more important at microwave fre- 
quencies than at HF, and strong signal 
interference is usually less important. 
Where interference is a problem an in- 
crease in noise figure is almost always 
mandatory, except possibly when a 
higher-level mixer is used. A narrowband 
preselector, for example, will increase the 
noise figure (and also the intercept point) 
because of its passband attenuation. 

3. Amplifier circuits and modules always 
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Fig 17.29—AGC principles. A: typical superhet receiver with AGC applied to multiple stages of RF and IF. B: audio output as 


a function of antenna signal level. 


involve a trade-off of some kind be- 
tween intercept point and noise figure. 
Designers look for devices and circuits 
that optimize the SFDR for the particu- 
lar kind of receiver under design. 

. If the receiver has distributed selectiv- 
ity, make the first IF filter good enough 
that the AGC/IF-overload problem 
mentioned above is minimized. 

. To minimize the gain ahead of the 
mixer, follow the mixer with a low- 
noise, high-dynamic-range amplifier 
with no more gain than necessary, say 
10 dB or so (see Fig 17.27). 

. Terminate the mixer in such a way that 
its IMD is minimized. Fig 17.27 shows 
a simple IF diplexer that absorbs the 
output image at 29.5 MHz (14.0 + 15.5). 

. The RF terminal of the mixer should be 
short circuited at the image frequency so 
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that noise at the image frequency (from 
the preceding circuitry) is minimized. 


8. Because a large amount of overall gain 


is needed, reducing front-end gain im- 
plies that the gain after the first IF filter 
must be very large. The problem of IF 
and audio noise then arises. It is very 
desirable to use a low-noise amplifier 
right after the first IF filter (see Fig 
17.27) and to restrict the bandwidth of 
the IF/AF amplifiers. A second IF/AF 
filter downstream, and also possibly an 
image-reducing product detector, are 
excellent ways to accomplish this. This 
step also minimizes the degradation of 
receiver noise figure that can be caused 
by this wideband noise. 


9. The LO must have very low phase noise 


to reduce reciprocal mixing. Also, the 
mixer must have good balance (meaning 


isolation or rejection) from LO portto RF 
and IF ports so that broadband additive 
noise from the LO amplifiers does not 
degrade the mixer noise figure. This is 
especially important when the RF ampli- 
fier gain has been minimized. If the mixer 
is not balanced in this sense at the LO 
port, a band-pass filter between LO and 
mixer is very desirable (Refs 46, 47). 


AUTOMATIC GAIN 
CONTROL (AGC) 


The amplitude of the desired signal at 
each point in the receiver is controlled by 
AGC. Each stage has a distortion vs sig- 
nal-level characteristic that must be 
known, and the stage input level must not 
become excessive. The signal being re- 
ceived has a certain signal-to-distortion 
ratio that must not be degraded too much 


by the receiver. For example, if an SSB 
signal has —30 dB distortion products the 
receiver should have —40 dB quality. A 
correct AGC design ensures that each 
stage gets the right input level. It is often 
necessary to redesign some stages in order 
to accomplish this (Ref 48). 


The AGC Loop 


Fig 17.29A shows a typical AGC loop 
that is often used in amateur receivers. The 
AGC is applied to the stages through RF 
decoupling circuits that prevent the stages 
from interacting with each other. The AGC 
amplifier helps to provide enough AGC 
loop gain so that the gain-control charac- 
teristic of Fig 17.29B is achieved. The 
AGC action does not begin until a certain 
level, called the AGC threshold, is 
reached. The Threshold Volts input in 
Fig 17.29A serves this purpose. After that 
level is exceeded, the audio level slowly 
increases. The audio rise beyond the 
threshold value is usually in the 5 to 10-dB 
range. Too much or too little audio rise are 
both undesirable for most operators. 

As an option, the AGC to the RF ampli- 
fier is held off, or “delayed,” by the 0.6-V 
forward drop of the diode so that the RF 
gain does not start to decrease until larger 
signals appear. This prevents a premature 
increase of the receiver noise figure. Also, 
a time constant of one or two seconds after 
this diode helps keep the RF gain steady 
for the short term. ` 

Fig 17.30 is a typical plot of the signal 
levels at the various stages of a certain ham 
band receiver. Each stage has the proper 
level and a 115-dB change in input level 
produces a 10-dB change in audio level. A 
manual gain control would produce the 
same effect. 


AGC Time Constants 


In Fig 17.29, following the precision 
rectifier, R1 and C1 set an “attack” time, 
to prevent excessively fast application of 
AGC. One or two milliseconds is a good 
value for the R1 x C1 product. If the an- 
tenna signal suddenly disappears, the 
AGC loop is opened because the precision 
rectifier stops conducting. C1 then dis- 
charges through R2 and the C1 x R2 prod- 
uct can be in the range of 100 to 200 ms. At 
some point the rectifier again becomes 
active, and the loop is closed again. 

An optional modification of this behav- 
ior is the "hang AGC" circuit (Ref 49). If 
we make R2 x C1 much longer, say 3 sec- 
onds or more, the AGC voltage remains 
almost constant until the R5C2 circuit 
decays with a switch selectable time con- 
stant of 100 to 1000 ms. At that time R3 
quickly discharges C1 and full receiver 
gain is quickly restored. This type of con- 
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Fig 17.30—Gain control of a ham-band receiver using AGC. A manual gain control 


could produce the same result. 


trol is appreciated by many operators be- 
cause of the lack of AGC "pumping" due 
to modulation, rapid fading and other sud- 
den signal level changes. 


AGC Loop Problems 


If the various stages have the property 
that each 1-V change in AGC voltage 
changes the gain by a constant amount (in 
dB), the AGC loop is said to be "log lin- 
ear" and regular feedback principles can 
be used to analyze and design the loop. 
But there are some difficulties that com- 
plicate this textbook model. One has al- 
ready been mentioned, that when the sig- 
nalis rapidly decreasing the loop becomes 
"open loop" and the various capacitors 
discharge in an open-loop manner. When 
the signal is increasing beyond the thresh- 
old, or if it is decreasing slowly enough, 
the feedback theory applies more accu- 
rately. In SSB and CW receivers rapid 
changes are the rule and not the exception. 

Another problem involves the narrow 
band-pass IF filter. The group delay of this 
filter constitutes a time lag in the loop that 
can make loop stabilization difficult. 
Moreover, these filters nearly always have 
much greater group delay at the edges of 
the passband, so that loop problems are 
aggravated at these frequencies. Over- 
shoots and undershoots, called “gulping,” 
are very common. Compensation net- 
works that advance the phase of the feed- 
back help to offset these group delays. The 
design problem arises because some of the 
AGC is applied before the filter and some 
after the filter. It is a good idea to put as 
much fast AGC as possible after the filter 
and use a slower decaying AGC ahead of 


the filter. The delay diode and RC in 
Fig 17.29A are helpful in that respect. 
Complex AGC designs using two or more 
compensated loops are also in the litera- 
ture. If a second cascaded narrow filter is 
used in the IF it is usually a lot easier to 
leave the second or “downstream” filter 
out of the AGC loop. 

Another problem is that the control 
characteristic is often not log-linear. For 
example, dual-gate MOSFETs tend to 
have much larger dB/V at large values of 
gain reduction. Many IC amplifiers have 
the same problem. The result is that large 
signals cause instability because of exces- 
sive loop gain. There are variable gain op 
amps and other ICs available that are in- 
tended for gain control loops. 

Audio frequency components on the 
AGC bus can cause problems because the 
amplifier gains are modulated by the au- 

‘ dio and distort the desired signal. A hang 
AGC circuit can reduce or eliminate this 
problem. 

Finally, if we try to reduce the audio 
rise to a very low value, the required loop 
gain becomes very large, and stability 
problems become very difficult. It is much 
better to accept a 5 to 10 dB variation of 
audio output. 

Because many parameters are involved 
and many of them are not strictly log-lin- 
ear, itis best to achieve good AGC perfor- 
mance through an initial design effort and 
finalize the design experimentally. Use a 
signal generator, attenuator and a signal 
pülser (2-ms rise and fall times, adjustable 
pulse rate and duration) at the antenna and 
a synchronized oscilloscope to look at the 
IF envelope. Tweak the time constants and 
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AGC 
Signal In 
455 kHz 


AGC distribution by means of resistor and 
capacitor decade boxes. Be sure to test 
throughout the passband of each filter. The 
final result should be a smooth and pleas- 
ant sounding SSB/CW response, even with 
maximum RF gain and strong signals. 
Patience and experience are helpful. 


Audio-Derived AGC 


The example in Fig 17.20 shows audio- 
derived AGC. There is a problem with this 
approach also. At low audio frequencies 
the AGC can be slow to develop. That is, 
low-frequency audio sine waves take a 
long time to reach their peaks. During this 
time the RF/IF/AF stages can be 
overdriven. If the RF and IF gains are kept 
at a low level this problem can be reduced. 
Also, attenuating low audio frequencies 
prior to the first audio amplifier should 
help. With audio AGC, it is important to 
avoid so-called “charge pump” rectifiers 
or other slow-responding circuits that re- 
quire multiple cycles to pump up the AGC 
voltage. Instead, use a peak-detecting cir- 
cuit that responds accurately on the first 
positive or negative transition. 


AGC Circuits 


Fig 17.31 shows some gain controllable 
circuits and also a suitable rectifier for 
audio derived AGC. 

Fig 17.31A shows a precision half-wave 
rectifier and a two-stage 455-kHz IF am- 
plifier with PIN-diode gain control. This 
circuit is a simplified adaptation from a 
production receiver, the Collins 651S. The 
IF amplifier section shown is preceded and 
followed by selectivity circuits and addi- 
tional gain stages with AGC. The 1.0-НЕ 
capacitors aid in loop compensation. The 
favorable thing about this approach is that 
the transistors remain biased at their opti- 
mum operating point. Right at the point 
where the diodes start to conduct, a small 
increase in IMD may be noticed, but that 
goes away as diode current increases 
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Fig 17.31—Some gain controllable amplifiers and a rectifier suitable for audio derived AGC. 


slightly. Two or more diodes can be used 
in series, if this is a problem (it very sel- 
dom is). 

Fig 17.31B is an audio-derived AGC 
circuit using a full-wave rectifier that re- 
sponds to positive or negative excursions 
ofthe audio signal. The RC circuit follows 
the audio closely. 

Fig 17.31C shows a typical circuit for 
the MC1350P RF/IF amplifier. The graph 
of gain control vs AGC volts shows the 
change in dB/V. If the control is limited to 
the first 20 dB of gain reduction this chip 
should be favorable for good AGC tran- 
sient response and good IMD perfor- 
mance. Use multiple low-gain stages 
rather than a single high-gain stage for 
these reasons. The gain control within the 
MC1350P is accomplished by diverting 
signal current from the first amplifier 
stage into a "current sink." This is also 
known as the "Gilbert multiplier" archi- 
tecture. Another chip of this type is the 
NE/SA5209. This type of approach is sim- 
pler to implement than discrete-circuit 
approaches, such as dual-gate MOSFETs 
that are now being replaced by IC designs. 

Fig 17.31D shows the high-end perfor- 
mance Comlinear CLC520AJP (14-pin 
DIP plastic package) voltage controlled 
amplifier. It is specially designed for ac- 
curate log-linear AGC from 0 to 40 dB 
with respect to a preset maximum voltage 
gain from 6 to 40 dB. Its frequency range 
is dc to 150 MHz. It costs about $14 in 
small quantities and is an excellent IF 
amplifier for high-performance receiver 
or transmitter projects. 


IF FILTERS 


There are some aspects of IF-filter de- 
sign that influence the system design of 
receivers and transmitters. The influence 
of group delay, especially at the band-pass 
edges, on AGC-loop performance has 
been mentioned. Shape factor is also sig- 
nificant (the ratio of two bandwidths, 
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resistances are in ohms; k=1,000, M=1,000,000. 


usually 60-dB:6-dB widths). To get good 
adjacent-channel rejection, the transition- 
band response should fall very quickly. 
Unfortunately, this goal aggravates group- 
delay problems at the passband edges. It 
also causes poor transient response, espe- 
cially in CW filters. Another filter phe- 
nomenon can cause problems: at sharp 
passband edges signals and noise produce 
а raspy sound that is annoying and inter- 
feres with weak signals. 

A desirable filter response would be 
slightly rounded at the edges of the pass- 
band, say to —6 dB, with a steep rolloff 
after that. This is known as a "transitional 
filter" (Ref 50). Cascaded selectivity with 
two filters, each having fewer "poles" 
(than a single filter would) is also a good 
approach. Both methods have a smoother 
group delay across the passband and re- 
duce the problems mentioned above. 


Ultimate Attenuation 


In a high-gain receiver with as much as 
110dB of AGC the ultimate attenuation of 
the filter is important. Low-level leakage 
through or around the filter produces high- 
pitch interference that is especially notice- 
able on CW. Give special attention to parts 
layout, wiring and shielding. (Filter selec- 
tor switches are often leakage culprits.) 
Cascaded IF filters also help very consid- 
erably. 


Audio Filter Supplement 


An audio band-pass filter can be used to 
supplement IF filtering. This can help to 
improve signal-to-noise ratio and reduce 
adjacent-channel interference. Supple- 
mentary audio filtering also helps reduce 
the high-frequency leakage problem men- 
tioned above. Another significant prob- 
lem: If AGC is made in the IF section, 
strong signals inside the IF passband but 
outside the audio passband can “pump” or 
modulate the AGC, rendering weak de- 
sired signals hard to copy. This is espe- 
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Fig 17.32—A single-crystal filter circuit 
for a simple CW receiver design. See 
also Fig 17.27. 


cially noticeable during periods of high 
band activity, such as in a contest. These 
filters can use analog (see Fig 17.20 and 
Fig 17.21) or digital (DSP) technology. 


Some Simple Crystal Filters 


Fig 17.32 and Fig 17.33 present two 
crystal filters to consider for a simple 
down-conversion receiver with a 1.5-MHz 
IF (see Fig 17.27). The crystals are a set of 
three available from JAN Crystals. (See 
the Address List in the References chap- 
ter for their current address. Mention the 
ARRL Handbook.) The filters are both 
driven from a low-impedance source (200 
Q, for example). 
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Fig 17.33—A two-crystal half-lattice filter for a simple SSB receiver. See also Fig 


17.27. 


CW Filter 


Fig 17.32A is a “semilattice” filter us- 
ing a single crystal for CW work (Ref 50). 
Capacitor C, balances the bridge circuit at 
the crystal’s parallel-resonant frequency 
because it is equal to the holder capaci- 
tance C, of the crystal. The response is 
then symmetrical around the series reso- 
nant frequency of the crystal. The selec- 
tivity is determined by the value of Rout. 
As the value decreases the selectivity 
sharpens as shown in 32B. If this filter is 
combined with an audio band-pass filter 
as in Fig 17.21, pretty good CW selectiv- 
ity is possible. In Fig 17.32C, the capaci- 


tor is increased to 8.3 pF and a notch ap- 
pears at —1.7 kHz. This is the "single sig- 
nal" adjustment. Also, note that the re- 
sponse on the high side is degraded quite 
a bit. The notch can be located above or 
below center frequency by adjusting the 
capacitor value; the degradation is on the 
opposite side of center. 


SSB Filter 


Fig 17.33 is a “half lattice” filter (Ref 
50). The schematic diagram shows the 
LCR values and the series resonant fre- 
quencies of the two crystals. One of these 
(1.4998 MHz) is the same type as the one 
used in the CW filter. The trimmer capaci- 


tor equalizes the two values of Co, the crys- 
tal shunt capacitance (very important) in 
case they are not already closely matched. 
Place the trimmer across the crystal that 
has the lowest value of Cy. The resporise 
curve shows good symmetry and modest 
adjacent-channel rejection. The output 
tuned circuit absorbs load capacitance to 
get a pure Rjoaq (also important). The fol- 
low-up audio speech band-pass filter in 
Fig 17.20 will improve the overall re- 
sponse very considerably. 


Mechanical Filters 


Mechanical filters use transducers and 
the magnetostriction principle of certain 
materials to obtain a multiresonator nar- 
row band-pass filter in the 100 to 500-kHz 
range. They are very frequency stable, 
accurate and reliable. An interesting ex- 
ample, for radio amateurs, is the 
Rockwell-Collins (Costa Mesa, Califor- 
nia) “Low Cost Series" of miniaturized 
torsional-mode filters for 455.0 kHz. They 
come in three styles with 3 dB/60 dB band- 
widths of 0.5/2.0, 2.5/5.2 and 5.5/11 kHz. 
In small quantities (1-4), they sell for $77 
each (1994 price, —mention the ARRL 
Handbook article), including tax and ship- 
ping. Used filters are sometimes available 
from various sources (Ref 42). 


Multielement Crystal Filters 


A discussion of more complex crystal 
filters appears in the Filters chapter of this 
Handbook. In this chapter we have con- 
sidered only two very simple examples 
that might appeal especially to student 
designers and builders of a receiver that 
downconverts to an IF less than 2 MHz or 
so. 

From the system design standpoint, note 
that for voice reception amateurs often use 
optional IF filters with less than the con- 
ventional bandwidth for SSB (for example 
1.8 kHz), even though they reduce higher 
frequency speech components. This helps 
to improve adjacent-channel interference, 
which is a severe problem on some ama- 
teur bands. 

It is common practice to use multipole 
crystal filters in the range from 5 to 10 
MHz, because they can be economically 
designed for that frequency range. It is also 
common to cascade these filters with other 
types, such as mechanical or LC filters, at 
lower IFs (more about this later). 


Filter Switching 


Filter switching for different modes 
(AM, SSB, CW, RTTY and so on) requires 
some careful design to prevent impedance 
mismatching, leakage (discussed before) 
and spurious coupling to other circuitry. 
There are three general methods for 


+12 V = Off 
-12 V= On 


470 


Typical in 


Three Places 47k 


IF In 


10 к | 0.01 uF 


470 


MPN3404 
PIN Diodes 


4.7 / 
IF Out 


0.01 uF 
10 k 


CW/SSB/AM 
0.01 0.01 0.01 0.01 


+12 V 


47k 


(A) 


Except as indicated, decimal values of 
capacitance are in microfarads ( uF); 

others are in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


103 —»> 


Relay Ckts | 


Filter 
Select Logic 


470 uH 
+15 У Select 


T 0.01 


CW/SSB/AM 


Fig 17.34—IF filter switching using relays or PIN diodes. 


switching: mechanical, relays, solid-state 
(diodes or transistors). The latter two are 
needed in radios controlled by computers 
or logic circuits. 

Mechanical switches require good iso- 
lation between the wafers and usually 
some kind of shielding arrangements. 
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Fig 17.34 shows examples of relay and 
diode switching that work quite well. The 
relays can be inexpensive miniature Radio 
Shack 275-241 SPDT units, one at each 
input and one at each output. The diodes 
can be inexpensive Motorola MPN3404 
PIN diodes. These circuits assume that all 
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Fig 17.35—Block diagram of a double-conversion superhet that eliminates some of the tracking problems of the 


conventional superhet. 


filters are terminated with the same im- 
pedance values (Ref 42). 

In PIN diode applications, IMD can be 
a problem with inadequate bias or exces- 
sive signal levels. The application (PIN 
diode and circuit) should be tested at the 
highest expected signal level. 

One major problem involves high-level 
IF-output-signal leakage or BFO leakage 
into the input of the filter, which can pro- 
duce high passband ripple and other un- 
pleasant problems such as AGC malfunc- 
tions. 


THE VLF IF RECEIVER 


An approach to IF selectivity that has 
been used frequently over the years in both 
home built and factory made amateur re- 
ceivers uses a second down conversion 
from an IF at, say 4 or 5 MHz or even 455 
kHz, to a very low frequency, usually 50 
to 85 kHz. At these frequencies several 
double tuned LC filters, separated by am- 
plifier stages, make possible excellent im- 
provements in SSB/CW frequency re- 
sponse and ultimate attenuation along with 
a relatively flat group delay. These ampli- 
fier stages can also have AGC. Low-cost 
(four-pole) crystal filters (SSB and CW) 
at the higher IF followed by two lower-IF 
channels (SSB and CW) make a very de- 
sirable combination. This is also an effec- 
tive way to assure a narrow noise band- 
width for the overall receiver. One 
requirement is that the circuitry ahead of 
the VLF downconverter must provide 
good rejection of an image frequency that 
is only 100 to 170 kHz away (Refs 41, 46, 
51, 52, 53, 54, 55). 


AM DEMODULATION 


There is some interest among amateurs 
in double-sideband AM reception on the 
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HF broadcast bands. Coherent AM detec- 
tion is a way to reduce audio distortion 
that is caused by a temporary reduction of 
the carrier. This "selective fading" is due 
to phase cancellations caused by multipath 
propagation. By inserting a large, locally 
created carrier onto the signal this effect is 
reduced. The term "exalted carrier recep- 
tion" is sometimes used. In reception of a 
double-sideband AM signal, the phase of 
the inserted carrier must be identical to 
that ofthe incoming carrier. If not, reduced 
audio and also audio distortion result. 
Therefore the common method is to use a 
phase-locked loop (PLL) to coordinate the 
phases of the incoming carrier and the lo- 
cally generated carrier. This requires a 
Type II PLL, which drives, or integrates, 
the phase difference to zero degrees (Refs 
41, 56, 57). 


MULTIPLE CONVERSION 
SUPERHETS 


There are a couple of drawbacks to the 
downconverting receiver just described. 
First, the LO must be bandswitched. Also, 
its tuning must track with the preselector 
tuning even though the preselector is off- 
set from the signal frequency by the 
amount of the IF. A tuning dial scale is 
required for each band, and the receiver 
must be fitted to it at the factory. This adds 
a lot of cost and complexity. 

A solution to these problems is shown 
in Fig 17.35. A crystal controlled first 
mixer is preceded by a gang-tuned 
preselector and is followed by a wideband 
first IF that is 200-kHz wide. The second 
mixer has a VFO that tunes a 200-kHz 
range. To change bands, the crystal is 
switched and the  preselector is 
bandswitched. An additional tuned circuit 
removes the wideband additive noise from 


the crystal LO, so that it does not degrade 
the noise figure of the unbalanced mixer 
circuit. 

One of the main design problems is to 
select the first IF, its bandwidth and the 
second mixer design so that harmonic 
IMD products (involving the signal, crys- 
tal frequency, first IF, second IF and VFO 
frequency) do not cause appreciable inter- 
ference. In the example of Fig 17.35, a first 
IF at 2.9275 MHz (the signal frequency 
would be 14.2275 MHz) and a VFO at 2.7 
MHz produce a fourth-order spurious re- 
sponse at 455 kHz, therefore the first IF 
filter must attenuate 2.9275 MHz suffi- 
ciently and the second mixer must reject 
the fourth-order response sufficiently. We 
have discussed the fourth-order (IF/2) re- 
sponse previously. 

One of the main bonuses of this ap- 
proach is that the tunable second LO can 
be very stable and accurately calibrated. 
This calibration is the same for any signal 
band. Another advantage is that the first 
crystal LO is very stable and has little 
phase noise. A third bonus is that the high 
value of the first IF simplifies the 
preselector design for good image rejec- 
tion in the first mixer (Ref 58). 

The second mixer is vulnerable to two- 
tone IMD caused by strong interfering sig- 
nals that lie within, or near, the 200-kHz- 
wide first-IF bandwidth, and that have 
been amplified by the circuitry preceding 
it. They do not make AGC because they 
are outside the narrow signal filters. 

This cascaded-selectivity problem, 
which we have discussed previously, 
makes it necessary to very carefully con- 
trol the gain and noise-figure distribution 
ahead of the second mixer. Also, put the 
narrow signal filter right after the second 
mixer and follow that with a low-noise IF 


amplifier, so that “front end” gain can be 
minimized. In more expensive receivers 
of this kind, the first IF is sharply gang- 
tuned along with the second LO in order to 
reduce this problem (Ref 59). 

This general approach has been ex- 
tended in order to make a general-cover- 
age receiver that has acceptable spurious 
responses. The first IF can be switched 
between two different frequency ranges 
and various combinations of up conver- 
sion and down conversion are used. This 
subject is interesting, but more complex 
than we can cover here. This approach is 
also not frequently used at this time. 


THE UP CONVERSION 
SUPERHET 


The most common approach to superhet 
design today is the “up converter.” This 
designation is reserved for receivers in 
which the first IF is greater than the high- 
est receive frequency. First IF values can 
be as low as 35 MHz for low-cost HF re- 
ceivers or as high as 3 GHz for wideband 
receivers (and spectrum analyzers) that 
cover the 1 MHz to 2.5 GHz range. Let’s 
begin by discussing the general properties 
of all up conversion receivers (Ref 42). 


An Up Converter Example 


The block diagram in Fig 17.36 is one 
example for HF amateur SSB/CW use. The 
input circuit responds uniformly to a wide 
frequency band, 1.8 to 30 MHz. A 1.8 to 
30-MHz band-pass filter is at the input. 
The absence of any narrow preselection is 
typical, but in difficult environments an 
electronically tuned or electromechani- 
cally tuned preselector is often used. An- 
other option is a set of “half octave” (2 to 
3 MHz, 3 to 4.5 MHz and so on) filters 
switched by PIN diodes or relays. This 


type of filter eliminates second-order: 


IMD. For example, if we are listening toa 
weak signal at 2.00 MHz, two strong sig- 
nals at2.01 and 4.01 MHz would not create 
a spur at 2.00 MHz because the one at 4.01 
MHz would be greatly attenuated. Fig 17.8 
gives more information on this subject. 


Wideband Interference 


The wideband circuitry in the front end 
is vulnerable to strong signals over the 
entire frequency range if no preselection 
is used. Therefore the strong-signal per- 
formance is a major consideration. Total 
receiver noise figure is usually allowed to 
increase somewhat in order to achieve this 
goal. Double balanced passive (or often 
active) mixers with high intercept points 
(second and third-order) and high LO 
levels are common. A typical high-quality 
up conversion HF receiver has a third-or- 
der intercept (IP3) of 20 to 30 dBm and a 


noise figure of 10 to 14 dB. High-end per- 
formers will have an IP3 of 32 to 40 dBm 
and a noise figure of 8 to 12 dB. 

As a practical matter, in all but the most 
severe situations with collocated transmit- 
ters, there is very little need in Amateur 
Radio for the most advanced receiver 
specifications. One reason for this in- 
volves statistics. To get two-tone IMD 
interference on a high-quality receiver at 
some particular frequency there must be 
two strong signals, or perhaps one very 
strong and a second weaker signal, on just 
the right pair of frequencies and at the 
same time. In nearly all cases, the 
"chances" of this are small. In Amateur 
Radio contest situations, these kinds of 
interactions are more probable. For per- 
sistent cases, other remedies are usually 
available. 


After the Mixer 


We would really like to go from the 
mixer directly into an SSB or CW filter, 
but at the high frequency of the first IF this 
is not realistic. Therefore we run into a 
major compromise: It is necessary to have 
at least one additional wide-band fre- 
quency conversion before getting to the 
narrow filters. The first IF filter can be as 
narrow as cost and technology will per- 
mit. In the 35 to 110-MHz range crystal 
filters with bandwidths of 10 to 20 kHz are 
available, but they are somewhat expen- 
sive in small quantities. Fig 17.36 shows 
an option with far less cost. The LC filter 
in the first IF is about 1.0-MHz wide but it 
has enough attenuation at 50 MHz to yield 
excellent image rejection in the second 
mixer. If we use a high-input-intercept, 
low-gain, low-noise amplifier followed by 
a strong second mixer (minimize the gain 
ahead of the second mixer and let the re- 
ceiver noise figure go up a couple of dB) 
the overall receiver performance will be 
excellent, especially with the kinds of ef- 
ficient antennas that amateurs use. 


Terminating the Mixers 


In the upconversion receiver, getting a 
pure wideband resistive termination for 
the mixer IF port is a problem. The output 
of the first mixer in Fig 17.36 contains 
undesired frequencies. For example, a 
10-MHz signal produces 70-MHz (desired 
IF), 90-MHz (image) and 80-MHz (LO 
leakage). For a 2-MHz signal there would 
be 70, 72 and 74-MHz outputs. A filter 
that passes 70-MHz, rejects the others and 
at the same time terminates the mixer re- 
sistively over a wide band is a complicated 
band-pass diplexer. 

Usually the termination is an amplifier 
input impedance plus a much simpler. 
band-pass diplexer. The amplifier input 
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should be a pure resistance, and it may then 
be required to deal with the vector sum of 
all three products. Diode upconverter mix- 
ers have typically 30 to 40 dB LO-to-IF 
isolation. If the LO level is 23 dBm, the 
amplifier may be looking at —7 to -17 dBm 
of LO feedthrough, which is fairly strong. 
The output of the amplifier and also the 
next stage must deal with these amplified 
values. The second mixer is much easier 
to terminate with a diplexer, as Fig 17.36 
shows (Ref 60). ` 

At lower signal and LO levels (7 dBm ог 
less), MMIC amplifiers like the MAV-11 
may provide a good termination across a 
wide bandwidth. However, susceptibility 
to IMD must be checked carefully. 

At the RF terminal of the mixer, any 
noise at the image frequency from previ- 
ous stages (such as RF amplifier, antenna 
or even thermal noise) must not be allowed 
to enter the mixer because it degrades the 
mixer noise figure. The RF terminal 
should be short circuited at the image fre- 
quency if possible. 


Choosing the First IF 


The choice of the first IF is a compro- 
mise between cost and performance. First, 


- consider harmonic IMD. Published data 


for several high-level diode-mixer models 
show that if the IF is greater than three 
times the highest signal frequency (greater 
than 90 MHz for a 0 to 30-MHz receiver) 
the rejection of harmonics of the signal 
frequency increases considerably. For ex- 
ample 3 times an interferer at 33 MHz 
produces a 99 MHz IF. The input 30-MHz 
low-pass filter would attenuate the 
33-MHz signal and so would help consid- 
erably. On the other hand, 24.75 times 4 is 
also 99 MHz, but the mixer does a better 
job of rejecting this fourth harmonic. 
Other spurious responses tend to improve 
also. 

However, other factors are involved, 
most important of which are the LO de- 
signs for the first and second mixers. In 
up-converters, the LOs are invariably syn- 
thesizers whose output frequencies are 
phase locked to a low-frequency reference 
crystal oscillator. As the LO frequencies 
increase, two other things increase: cost 
and quantity of high-frequency synthe- 
sizer components, and synthesizer phase 
noise. Also, the exact choice is interwo- 
ven with the details of the synthesizer de- 
sign. Special IFs, such as 109.350 MHz, 
are chosen after complex trade-off stud- 
ies. The cost of the first-IF signal-path 
components, especially filters, tends to in- 
crease also. 

For all of these reasons, the IF is quite 
often chosen at a lower frequency. In 
Fig 17.36, a 70- MHz IF is shown. Crystal 
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filters at this frequency are widely avail- 
able at reasonable cost. LC filters with a 
1.0 MHz (or less) bandwidth are easy to 
construct and get working. A 45-MHz IF 
is also popular. Helical resonator filters 
are excellent candidates at higher IF fre- 
quencies, although they can be a bit large. 

The problems associated with lower IFs 
can be greatly improved by using a higher 
performance mixer. The costs are a better 
mixer and a more powerful LO amplifier. 


The “Gray Area” 


In the upconverter front end we encoun- 
ter the “cascaded selectivity” problem that 
was mentioned previously in this chapter. 
Strong signals that are within the first IF 
passband but outside the SSB/CW pass- 
band (the gray area) do not make AGC and 
therefore are not controlled by AGC. 
These signals intermodulate in the mixers 
and in the amplifiers that precede the SSB/ 
CW filters. It is important to realize that 
the receiver gray-area IMD performance 
is the composite of all these stages, and 
not just the first mixer alone. It is not until 
the first IF filter takes effect that things 
get alot better. This degradation for strong 
adjacent-channel signals is an artifact of 
the upconverting superhet receiver. In 
practice, it often happens that reciprocal 
mixing with the adjacent channel signals 
(caused by receiver synthesizer phase 
noise) also gets into the act. Phase noise 
on the interfering signals is also not un- 
common. The design problem is to make 
IMD in the gray area as small as reason- 
ably possible. The example of Fig 17.36 is 
an acceptable compromise in this respect 
for a fairly high quality receiver. 


Triple Conversion 


The block diagram of Fig 17.36 shows a 
10-MHz second IF. This IF is selected for 
two reasons: 


* There are narrowband crystal filters 
available (including homemade ladder 
filters) in that vicinity. 

* The image frequency for the second 
mixer is at 50 MHz, which can be highly 
attenuated by the first IF filter. 


It is entirely possible to let the rest of 
the IF remain at this frequency, and many 
receivers do just that. Nonetheless, there 
are some advantages to having a third con- 
version to a lower IF. For example, it is 
desirable to get the large amount of IF gain 
needed at two different frequencies, so 
that stability problems and leakage from 
the output to input are reduced. Also, a 
wide variety of excellent filters are readily 
available at 455 kHz and other low 
frequencies. 

Note that there is a cascade of the SSB 


and CW filters at the two frequencies. The 
desirability of this was discussed earlier 
and it is a powerful concept for narrow- 
band receiver design. Placing cascaded 
filters at two different frequencies has 
another advantage that we will look into 
presently. 

For the third mixer the image frequency 
is at 10.910 MHz, therefore the 10-MHz 
filter must have good rejection at that fre- 
quency. If the first IF filter has good rejec- 
tion at 70.910 MHz it will help reduce this 
image also. We are looking for 90 to 
100 dB rejection of this potentially seri- 
ous image problem. If the first IF uses a 
1.0 MHz wide LC filter, as we have sug- 
gested, some additional 10 MHz LC filter- 
ing will probably be needed. 


The 50 kHz IF 


The third IF could be the cascaded LC 
filter circuits at VLF, one for SSB and one 
for CW, which we discussed earlier. This 
is an excellent approach that has been used 
often. The image frequency for the third 
mixer is only 100 kHz away, so that prob- 
lem needs careful attention. Image cancel- 
ing mixers have been used to help get the 
required 90 to 100 dB (Ref 41). 


Local Oscillator (LO) Leakage 


It is easy to see that with four LOs run- 
ning, some at levels of 0.2 W or more, in- 
teractions between the mixers can occur. 
In a multiple-conversion receiver me- 
chanical packaging, shielding, ‘circuit 
placement and lead filtering are very criti- 
cal areas. As one example of a problem, if 
the 60-MHz second LO leaks into the first 


mixer, a vulnerability to strong 10-MHz: 


input signals results. It is called “IF 
feedthrough" because the second IF is 10 
MHz. Other audible “tweets” are very 
common; they occur at various frequen- 
cies that involve harmonics of LOs beat- 
ing together in various mixers. Itis a major 
exercise to devise a "frequency scheme" 
that minimizes tweets, or at least puts them 
where they do not cause too much trouble 
(for amateurs, outside the ham bands). 
After that the “dog work" of reducing the 
remaining tweets below the noise level 
begins. Itisa very educational experience. 
Synthesizers produce numerous artifacts 
that can also be very troublesome. It is a 
very common dilemma to build a receiver 
using "cheap" construction and poorly 
conceived packaging, and then try to bully 
the thing into good behavior. 


Frequency Tuning 


The synthesized first and second LOs 
present several different ways to tune the 
receiver frequency. This chapter cannot 
get into the details of synthesizer design, 
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so these are only a few brief remarks. Let's 
discuss two options from a system-design 
standpoint: 


• Do all of the tuning in the first LO. If steps 
of 10 Hz (or 1 Hz) are needed, a single- 
loop synthesizer that tunes in, say 500- 
kHz or 1.0-MHz steps, can be used. Then, 
a direct digital synthesizer (DDS) that 
tunes in 10-Hz (or 1-Hz) steps is included 
in the main loop in what is termed a "trans- 
lation loop.” The DDS frequency is added 
into the loop in such a manner that its 
imperfections are not increased by fre- 
quency multiplication. Because the refer- 
ence frequency for the loop is high (500 
kHz or 1.0 MHz) the phase noise of the 
main loop is quite small, if the loop and 
the circuitry are correctly designed and if 
the LO frequency is not extremely high. 
The digital frequency readout is obtained 
from the bits that program the synthesizer. 
A simpler approach might use a free-run- 
ning VFO plus a low-cost frequency 
counter instead of the DDS. The counter 
can be designed to display the receiver 
signal frequency. 

• Jf the first IF filter is sufficiently wideband 
it is possible to tune the first LO in steps 
of 500 KHz or 1.0 MHz and tune the sec- 
ond LO in 10-Hz steps. This may be a 
simpler method because the second LO 
need only be tuned over a small range. 


With this second approach the first LO 
could be a crystal oscillator with switched 
overtone crystals, one for each ham band. 
The second LO could be a combination of 
crystal and VFO. One disadvantage (not ex- 
tremely serious for amateur work) is that the 
LOs are not locked to a very accurate refer- 
ence. Another is that a separate crystal (easy 
to get) is needed for each band. A frequency 
counter on the second LO could be used to 
get a close approximation to the signal fre- 
quency. This approach might be of interest 
to the home builder who is not yet ready to 
get involved with synthesizers. A 500-kHz 
crystal calibrator in the receiver would mark 
the band edges accurately. 


Passband Tuning 


While listening to a desired signal in the 
presence of another partially overlapping 
and interfering signal, whether in SSB or 
CW mode, it is often possible to “move” 
the interference at least somewhat out of 
the receiver passband without affecting 
the tune frequency (pitch) of the desired 
signal. In Fig 17.36, if the processor has 
independent fine tuning control of the sec- 
ond and third LOs and also the BFO, it is 
a matter of software design to accomplish 
this. It is done by controlling the overlap 
or intersection of the passbands of the 10- 
MHz filters and the 455-kHz filters. There 
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Fig 17.37—Some narrowband FM circuits. A: block diagram of a typical NBFM receiver. B: a front-end circuit with 


preselection and down conversion. 


are three things that can be done: the band- 
width can be decreased, the center fre- 
quency of the passband can be moved and 
both can be done simultaneously (Ref 61). 

This scheme works best when both SSB 
or both CW filters are of high quality and 
have the same bandwidth (for example, 
2.5 kHz and 500 Hz), fairly flat response 
and the same shape factor. As the pass- 
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band is made narrower by decreasing the 
overlap, however, the composite shape 
factor is degraded somewhat (it gets 
larger). For CW especially, this is not det- 
rimental. A very steep-sided response at 
narrow bandwidths is not desirable from a 
transient-response standpoint. The effect 
is not serious for SSB either. 

Later discussion in the Transceiver sec- 


tion of this chapter will present another 
method of passband tuning using a vari- 
able frequency mixer scheme rather than 
software control. This method is com- 
monly found in manufactured equipment. 


Noise Blanking 


The desire to eliminate impulse noise 
from the receiver audio output has led to the 


development of special IF circuits that de- 
. tect the presence of a noise impulse and open 
the signal path just long enough to prevent 
the impulse from getting through. Most of- 
ten, a diode switch is used to open the signal 
path. An important design requirement is 
that the desired IF signal must be delayed 
' slightly, ahead of the switch, so that the 
switch is opened precisely when the noise 
arrives at the switch. The circuitry that de- 
tects the impulse and operates the switch has 
à certain time delay, so the signal in the 


mainline IF path must be delayed also. The . 


Transceiver section of this chapter describes 
how a. noise blanker is typically imple- 
mented. (See also Refs 48, 62.) 


VHF AND UHF RECEIVERS 


The basic ideas presented in previous sec- 


tions all operate equally well in receivers ` 


that are intended for the VHF and UHF re- 
gions. One difference, however, is that nar- 
row-band frequency modulation (NBFM) is 
commonly used. In recent times, however, 
SSB has increased in popularity because of 
its potentially narrower channel spacing; 
(Ref 63). The commercial use of SSB at VHF 
has been encouraged by the use of a -10 dB 
pilot carrier combined with amplitude 


compandoring. This is known as amplitude- | 
compandered SSB or ACSSB. Improve- ` 


ments in synthesizer design and frequency 
‘stability have also contributed to the growth 
of VHF SSB. We will focus the differences 
between VHF/UHF and HF receivers. 


Narrowband FM (NBFM) Receivers 
` Fig 17.37A is a block diagram of'an 


. . NBFM receiver for the VHF/UHF ama- : 
: teur bands. 


"Front End.» . 


A low-noise front end is desirable because 
of the decreasing atmospheric noise level at 
these frequencies and also because portable 
gear uses short rod antennas at ground level. 
Nonetheless, the possibilities for gain com- 


. pression and harmonic IMD, multitoneIMD . 


and cross modulation are also substantial. 
So dynamic range is an important design 
consideration, especially if large, high-gain 
antennas are used. FM limiting should not 
occur until after the NBFM signal filter. Be- 
cause of the high occupancy of the VHF/ 
UHF spectrum by powerful broadcast trans- 
mitters and nearby two-way radio services, 
front-end preselection is desirable, so that 
low noise figure can be achieved economi- 
cally within the amateur band. Fig 17.37B is 
anexample of a simple front end forthe 144- 
to 148-MHz band. 

\ 


Downconversion 
‚ Downconversion to the final IF can oc- 


cur in one or two stages. Favorite IFs are 


inthe 5 to 10-MHz region, but at the higher 


frequencies rejection of the image 10 to 
20-MHz away can be difficult, requiring 
considerable preselection. So at the higher 
frequencies an intermediate IF in the 30 to 
50-MHz region is a better choice. Fig 
17.37A shows dual downconversion. + 


IF Filters 


The customary frequency deviation in 


amateur NBFM is about 5 kHz RMS 
(7-kHz peak) and the audio speech band 
extends to 5 kHz. This defines a minimum 
modulation index (defined as the devia- 
tion ratio) of 7/5 = 1.4. An inspection of 
the Bessel function plots. shows that this 
condition confines most of the 300 to 
5000-Hz speech information sidebands 
within a 12 to 15-kHz-wide bandwidth fil- 
ter. With this bandwidth, channel separa- 
tions of 20 or 25 kHz are achievable. 
Many amateur NBFM transceivers are 


‘channelized in steps that can vary from 


‘5 to 25 kHz. For low distortion of the audio 
output (after FM detection), this filter should 


have good phase linearity across the band- | 


width. This would seem to preclude filters 
with very steep descent outside the pass- 
band, that tend to have very nonlinear phase 
near the band edges. But since the amount of 
energy in the higher speech frequencies is 
naturally less, the actual distortion due to 
this effect may be acceptable for speech 
purposes.-A possible qualifier to this may be 


' when preemphasis of the higher speech fre- 


quencies, occurs at the transmitter and 
deemphasis compensates at the receiver a 


commonly found feature). - i 


` Limiting 


; After the filter, hard limiting of the IF is 
Needed to remove any amplitude compo- 
nents. In a high-quality receiver, special 
attention is given to any nonlinear phase 
shift that might result from the limiter cir- 
cuit design. This is especially important in 
phase-coherent data receivers. In amateur 
receivers for speech it may be less impor- 
tant. Also, the "ratio detector" (see Mix- 
ers chapter) largely eliminates the need 


: for a limiter stage, although the limiter ap- 
_ proach is probably still preferred. 


FM Detection : 


The discussion of this subject is de- 


ferred to the Mixers chapter. Quadrature 
detection is used on some popular NBFM 
multistage ICs. An example receiver chip 
will be presented later. Also see the 
Transceivers section of this chapter. 


NBFM Receiver Weak- “Signal 
Performance 


The noise bandwidth of the IF filter is 
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not much greater than twice the audio 


bandwidth of the speech modulation, as it 
would be in wideband FM. Therefore such 
things as capture effect, the threshold ef- 


` fect and the noise quieting effect so famil- 


iar to wideband FM are still operational, 
but somewhat less so, in NBFM. For 
NBFM receivers, sensitivity is specified 


‘in terms of a SINAD (see the Test chapter) 


ratio of 12 dB. Typical values аге —110 to 
—125 dBm, depending on the low-noise RF 
‘preamplification that often can be selected 
or deselected (in strong signal environ- 
ments). 


LO Phase Noise 


In an FM receiver, LO phase noise su- 
perimposes phase modulation, and there- ' 
fore frequency modulation, onto thé de- 
sired signal. This reduces the ultimate 
signal-to-noise ratio within the passband. 
This effect is called “incidental FM 
(IFM).” The power density of IFM 


* (W/Hz) is equal to the phase noise power 


density (W/Hz) multiplied by the square : 
of the frequency offset from the carrier 
(the familiar parabolic effect in FM). If 
the receiver uses high-frequency 
deemphasis at the audio output (-6 dB per 
octave from 300 to 3000 Hz, a common 
practice), the IFM level at higher audio 
frequencies can be reduced. Levels of to- 


: tal (integrated) IFM from 10 to 50 Hz are 


high quality for amateur voice work. Or- 
dinarily, as the signal increases the noise 
would be “quieted” (that is, captured") in 
an FM receiver, but in this case the signal 
and the phase noise riding "piggy back" 
on the signal increase in the same propor- 
tion. As the signal becomes large the sig- 
nal-to-noise ratio therefore approaches 
some final value (Ref 23). A similar ulti- 
mate SNR effect occurs in SSB receivers. 
On the other hand, a perfect AM receiver 
tends to suppress LO phase noise (Ref 33). ' 


NBFM ICs 


A wide variety of special ICs for NBFM 
receivers are. available. Many of these 
were designed for “cordless” or cellular 
telephone applications and are widely 
used. Fig 17.38 shows some popular ver- 


‘sions for a 50-MHz NBFM receiver. One 


is an RFamplifier chip (NE/SA5204A) for 
50-Q input to 50-0 output with 20 dB of 
gain. This gain should be reduced to per- 
haps 8 dB. The second chip (NE/SA602A) 
is a front-end device (Ref 75) with an RF 
amplifier, mixer and LO. Thé third is an IF 
amplifier, limiter and quadrature NBFM 
detector (NE/SA604A) that also has a very 
useful RSSI (logarithmic received signal 
strength indicator) output and also a 
"mute" function. The fourth is the LM386, 
a widely used audio-amplifier chip. An- 
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Fig 17.38—The NE/SA5204A, NE/SA602A, NE/SA604A NBFM 1Cs and the LM386 
audio amplifier in a typical amateur application for 50 MHz. 


other NBFM receiver chip, complete in 
one package, is the MC3371P. 

The МЕ/ЅА 5204А plus the two tuned cir- 
cuits help to improve image rejection. Àn 
alternative would be a single double tuned 
filter with some loss of noise figure. The 
Mini-Circuits MAR series of MMIC ampli- 
fiers are excellent devices also. The crystal 
filters restrict the noise bandwidth as well as 
the signal bandwidth. A cascade of two low- 
cost filters is suggested by the vendors (Ref 
64). Half-lattice filters at 10 MHz are shown, 
but a wide variety of alternatives, such as 
ladder networks, are possible. 
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Another recent IC is the MC13135, 
which features double conversion and two 
IF amplifier frequencies. This allows more 
gain on asingle chip with less of the cross- 
coupling that can degrade stability. This 
desirable feature of multiple down- 
conversion was mentioned previously in 
this chapter. 

The diagram in Fig 17.38 is (intention- 
ally) only a general outline that shows how 
chips can be combined to build complete 
equipment. The design details and specific 
parts values can be learned from a careful 
study of the data sheets and application 


notes provided by the IC vendors. Ama- 
teur designers should learn how to use 
these data sheets and other information. 
The best places to learn about data sheets 
are data books and application notes. 


UHF Techniques 


The Ultra High Frequency spectrum is 
considered to be the range from 300 MHz 
to 3 GHz. All of the basic principles of 
radio system design and circuit design that 
have been discussed so far apply as well in 
this range, but the higher frequencies re- 
quire some special thinking about the 
methods of circuit design and the devices 
that are used. 


430-MHz Methods 


Fig 17.39 shows the schematic diagram 
and the physical construction of a typical 
RF circuit at 430 MHz. It is a GaAsFET 
preamplifier intended for low noise Earth- 
Moon-Earth or satellite reception. 

The construction uses chip capacitors, 
small helical inductors and a stripline sur- 
face-mount GaAsFET, all mounted on a 
G10 (two layers of copper) glass-epoxy 
PC board. The very short length of inter- 
connection leads is typical. The bottom of 
the PC board is a ground plane. At this 
frequency, lumped components are still 
feasible, while microstrip circuitry tends 
to be rather large. 

Athigher frequencies, microstrip meth- 
ods become more desirable in most cases 
because of their smaller dimensions. How- 
ever, the advent of tiny chip capacitors and 
chip resistors have extended the frequency 
range of discrete components. For ex- 
ample, the literature shows methods of 
building LC filters at as high as 2 GHz, 
using chip capacitors and tiny helical in- 
ductors (Refs 65, 66). Commercially 
available amplifier and mixer circuits op- 
erate at 2 GHz, using these types of com- 
ponents on ceramic substrates. 


ICs for UHF 


In recent years a wide variety of highly 
miniaturized monolithic microwave ICs 
(MMIC) have become available at reason- 
able cost. Among these are the Avantek 
MODAMP and the Mini Circuits MAR 
and MAV lines (see Ref 89). Designer kits 
containing a wide assortment of these are 
available at reasonable cost. They come in 
a wide variety of gains, intercepts and 
noise figures for frequency ranges from de 
to 2 GHz. A more expensive option, for 
more sophisticated receiver applications, 
are the hybrid "cascadable" amplifiers, 
built on ceramic substrates and mounted 
in ТО5 or TO8 metal cans. Most of these 
circuits are intended for a 50-Q to 50-Q 
interface. 


C1—5.6-pF silver-mica capacitor or 
same as C2. 

C2—0.6- to 6-pF ceramic piston 

dg trimmer capacitor (Johanson 5700 
OUTPUT series or equiv). ` 

C3, C4, C5—200-pF ceramic chip 
capacitor. 

SMUESIEVERIMICA C6, C7—0.1-mF disc ceramic 
78 W capacitor, 50 V or greater. 

C8—15-pF silver-mica capacitor. 

C9—500- to 1000-pF feedthrough 
capacitor. 

D1—16- to 30-V, 500-mW Zener diode 
(1N966B or equiv). 

D2—1N914, 1N4148 or any diode with 
ratings of at least 25 PIV at 50 mA 
or greater. 

J1, J2—Female chassis-mount Type-N 
connectors, PTFE dielectric (UG-58 
or equiv). 

L1, L2—3t, #24 tinned wire, 0.110-inch 
ID spaced 1 wire diam. 

13—51, #24 tinned wire, 3/16-inch ID, 
spaced 1 wire diam. or closer. 
Slightly larger diameter (0.010 inch) 
may be required with some FETs. 


REMOVE COPPER 1/2” DIA. L4, L6—1t #24 tinned wire, 1/8-inch 
AROUND CONNECTOR ON ID 

Umm ROUN D PLANE SIDE OF . . р е 
BOARD (2 PLACES) L5—4t #24 tinned wire, '/s-inch ID, 


spaced 1 wire diam. 

Q1—Mitsubishi MGF1402. 

R1—200- or 500-Q cermet 
potentiometer (initially set to 
midrange). 

R2—62-Q, '/4-W resistor. 

R3—51-Q, '/s-W carbon composition 
resistor, 5% tolerance. 

RFC1—5t #26 enameled wire on a 
ferrite bead. 


1 U1—5-V, 100-mA 3-terminal regulator 
' (LM78L05 or equiv. TO-92 package). 


— €——— 


* — EYELET SOLDERED BOTH SIDES 


CIRCUIT SOLDER MOUNTING NUT AND BOLT 
BOARD 
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HOLE FOR GROUND 
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TO MATCH HOLE "A" 


MGF1402 4 > ON CIRCUIT BOARD 


3 


1/2" DIA. HOLE 1/8" DIA. HOLE 
(4 PLACES) 


ALUMINUM SPACER FOR N-CONNECTOR 


Fig 17.39—GaAsFET preamplifier schematic and construction details for 430 MHz. Illustrates circuit, parts layout and 
construction techniques suitable for 430-MHz frequency range. 
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Fig 17.40—A down converter for the 902 to 928 MHz band. A: block diagram; B, cumulative noise figure of the signal path; С, 
alternative LO multiplier using a phase locked loop. 


A wide variety of hybrid amplifiers, 
designed for the Cable TV industry, are 
available for the frequency range from 
1 to 1200 MHz (for example, the Motorola 
CA series, in type 714x packages). These 
have gains from 15 to 35 dB, output 1-dB 
compression points from 22 to 30 dBm and 
noise figures from 4.5 to 8.5 dB. Such units 
are excellent alternatives to discrete 
home-brew circuits for many applications 
where very low noise figures are not 
needed. In small quantities they may be a 
bit expensive sometimes, but the total cost 
of a home-built circuit, including labor 
(even the amateur experimenter’s time is 
not really “free”) is often at least as great. 
Home-built circuits do, however, have 
very important educational value. 


UHF Design Aids 


Circuit design and evaluation at the 
higher frequencies usually require some 
kind of minimal lab facilities, such as a 
signal generator, a calibrated noise gen- 
erator and, hopefully, some kind of simple 
(or surplus) spectrum analyzer. This is true 
because circuit behavior and stability de- 
pend on a number of factors that are diffi- 
cult to “guess at,” and intuition is often 
unreliable. The ideal instrument is a vec- 
tor network analyzer with all of the attach- 
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ments (such as an S-parameter measuring 
setup), but very few amateurs can afford 
this. Another very desirable thing would 
be a circuit design and analysis program 
for the personal computer. Software pack- 
ages created especially for UHF and mi- 
crowave circuit design are available. They 
tend to be somewhat expensive, but worth- 
while for a serious designer. Inexpensive 
SPICE programs are a good compromise. 
Other public-domain programs for limited 
functions and uses (for example, Cal 
Tech’s “Puff” program) are often avail- 
able from various sources. 


A 902 to 928 MHz (33 cm) Receiver 


Fig 17.40A is a block diagram of a 
902-MHz down-converting receiver. A 
cavity resonator at the antenna input pro- 
vides high selectivity with low loss. The 
first RF amplifier is a GaAsFET. Two 
additional 902-MHz band-pass microstrip 
filters and a BFR96 transistor provide 
more gain and image rejection (at RF-56 
MHz) for the Mini Circuits SRA12 mixer. 
The output is at 28.0 MHz. 


Cumulative Noise Figure 

Fig 17.40B shows the cumulative noise 
figure (NF) of the signal path, including 
the 28-MHz receiver. The 1.5-dB cumula- 


tive NF of the input cavity and first-RF- 
amplifier combination, considered by it- 
self, is degraded to 1.9 dB by the rest ofthe 
system following the first RF amplifier. 
The NF values of the various components 
for this example are reasonable, but may 
vary somewhat for actual hardware. Also, 
losses prior to the input, such as transmis- 
sion-line losses (very important), are not 
included. They would be part of the com- 
plete receive-system analysis, however. It 
is common practice to place a low-noise 
preamp outdoors, right at the antenna, to 
overcome coax loss (and to permit use of 
inexpensive coax). 


Local Oscillator (LO) Design 


The +7 dBm LO at 874 to 900 MHz is 
derived from a set of crystal oscillators 
and frequency multipliers, separated by 
band-pass filters. These filters prevent a 
wide assortment of spurious frequencies 
from appearing at the mixer LO port. They 
also enhance the ability of the doubler 
stage to generate the second harmonic. 
That is, they have a very low impedance at 
the input frequency, thereby causing a 
large current to flow at the fundamental 
frequency. This increases the nonlinearity 
of the circuit, which increases the second- 
harmonic component. The higher filter 
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Fig 17.41—A low-noise preamplifier for 10 GHz, illustrating the methods used at microwaves. A: schematic. B: PC board 
layout. Use 15-mil 5880 Duroid, dielectric constant of 2.2 and a dissipation factor of 0.0011. For a negative of the board write, 
phone or e-mail the Technical Department Secretary at ARRL HQ and request the template from the December 1992 QEX 
"RF" column. C: A photograph of the completed preamp. 


C1, C4—1-pF ATC 100-A chip 
capacitors. C1 must be very low loss. 

C2, C3—1000-pF chip capacitors. (Not 
critical.) The ones from Mini Circuits 
work fine. 


impedance at the second harmonic pro- 
duces a large harmonic output. 

For very narrow-bandwidth use, such as 
EME, the crystal oscillators are often oven 
controlled or otherwise temperature com- 
pensated. The entire LO chain must be of 
low-noise design and the mixer should have 
good isolation from LO port to RF port (to 
minimize noise transfer from LO to RF). 

A phase-locked loop using GHz-range 
prescalers (as shown in Fig 17.40C) is an 
alternative to the multiplier chain. The 
divide by N block is a simplification; in 


F1, F2—Pieces of copper foil used to 
tune the preamp. 

J1, J2—SMA jacks. Ideally these should 
be microstrip launchers. The pin 
Should be fiush against the board. 


practice, an auxiliary dual-modulus di- 
vider in a "swallow count" loop would be 
involved in this segment. 

The cascaded 902-MHz band-pass fil- 
ters in the signal path should attenuate any 
image frequency noise (at RF-56 MHz) 
that might degrade the mixer noise figure. 


Summary 

This example is fairly typical of receiver 
design methods for the 500 to 3000 MHz 
range, where down conversion to an exist- 
ing HF receiveris the most-convenient and 
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L1, L2—The 15-mil lead length going 
through the board to the ground plane. 

R1, R2—51-Q chip resistors. 

21-Z15—Microstriplines etched on the 
PC board. 


cost-effective approach for amateurs. At 
higher frequencies a double down conver- 
sion with a first IF of 200 MHz or so, to 
improve image rejection, might be neces- 
sary. Usually, though, the presence of 
strong signals at image frequencies is less 
likely. Image reducing mixers plus down 
conversion to 28 MHz is also coming into 
use, when strong interfering signals are 
not likely at the image frequency. 


“No-Tune” Techniques 
In recent years, a series of articles have 
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Analysis of a 10.368 GHz communication link with SSB modulation: 
Free space path loss (FSPL) over a 50 mile line-of-sight path (S) at F = 10.368 GHz: 
FSPL = 36.6 (dB) + 20 log F (MHz) + 20 log S (Mi) = 36.6 + 80.3 + 34 = 150.9 dB. 


Effective isotropic radiated power (EIRP) from transmitter: 
EIRP (dBm) = Румт (dBm) + Antenna Gain (dBi) 


The antenna is a 2 ft diameter (D) dish whose gain GA (dBi) is: 
GA = 7.0 + 20 log D (ft) + 20 log F (GHz) = 7.0 + 6.0 + 20.32 = 33.3 dBi 


Assume a transmission-line loss Ly, of 3 dB 


The transmitter power Рт = 0.5 (mW PEP) = -3 (dBm PEP) 
Рхмт = Рт (dBm PEP) – L; (dB) = -3 -3 = -6 (dBm PEP) 
EIRP = Румт + Ga = -6 + 33.3 = 27.3 (dBm PEP) 

Using these numbers the received signal level is: 


Расур = EIRP (dBm) — Path loss (dB) 


= 27.3 (dBm PEP) – 150.9 (dB) = –123.6 (dBm PEP) 
Add to this a receive antenna gain of 17 dB. The received signal is then Ррсур = — 


123.6 +17 = -106.6 dBm 


Now find the receiver's ability to receive the signal: 

The antenna noise temperature T, is 200 K. The receiver noise figure NF, is 6 dB 
(FR=3.98, noise temperature Tp = 864.5 K) and its noise bandwidth (B) is 2400 Hz. 
The feedtine loss L, is 3 dB (F=2.00, noise temperature T, = 288.6 К). The system 


noise temperature is: 
Tg =T, + T, + (Li) (Tg) 


Ts = 200 + 288.6 + (2.0) (864.5) = 2217.6 К 


Ng = kTgB = 1.38 Y 10723 Y 2217.6 ¥ 2400 = 7.34 ¥ 10717 W = -131.3 dBm 

This indicates that the PEP signal is 7106.6 –( -131.3) = 24.7 dB above the noise 
level. However, because the average power of speech, using a speech processor, is 
about 8 dB less than PEP, the average signal power is about 16.7 dB above the 


noise level. 


To find the system noise factor Fg we note that the system noise is proportional to 
the system temperature Tg and the "generator" (antenna) noise is proportional to the 
antenna temperature T4. Using the idea of a "system noise factor”: Fs = Ts / TA = 
2217.6 / 200 = 11.09 = 10.45 dB. 
If the antenna temperature were 290 K the system noise figure would be 9.0 dB, 
which is precisely the sum of receiver and receiver coax noíse figures (6.0 + 3.0). 


Fig 17.42—Example of a 10-GHz system performance calculation. Noise 
temperature and noise factor of the receiver are considered in detail. 


appeared that emphasize simplicity of 
construction and adjustment. The use of 
printed-circuit microstrip filters that re- 
quire little or no adjustment, along with IC 
or MMIC devices, or discrete transistors, 
in precise PC-board layouts that have been 
carefully worked out, make it much easier 
to "get going" on the higher frequencies. 
Several of the References at the end of this 
discussion show how these UHF and mi- 
crowave units are designed and built (Refs 
67, 68. 69, 70, 71). See also the projects at 
the end of this chapter. 


Microwave Receivers 


The world above 3 GHz is a vast terri- 
tory with a special and complex technol- 
ogy and an "art form" that are well beyond 
the scope of this chapter. We will scratch 
the surface by describing a specific re- 
ceiver for the 10- GHz frequency range and 
point out some of the important special 
features that are unique to this frequency 
range. 


A 10-GHz Preamplifier 
Fig 17.41A is a schematic and parts list, 


17.42 Chapter 17 


B is a PC-board parts layout and C is a 
photograph for a 10-GHz preamp, de- 
signed by Zack Lau at ARRL HQ. With 
very careful design and packaging tech- 
niques a noise figure approaching the 1 to 
1.5-dB range was achieved. This depends 
on an accurate 50-Q generator impedance 
and noise matching the input using a mi- 
crowave circuit-design program such as 
Touchstone or Harmonica. Note that 
microstrip capacitors, inductors and trans- 
mission-line segments are used almost 
exclusively. The circuit is built on a 
15-mil Duroid PC board. In general, this 
kind of performance requires some elegant 
measurement equipment that few ama- 
teurs have. A detailed discussion appears 
in Ref 72; it is recommended reading. On 
the other hand, preamp noise figures in the 
2 to 4-dB range are much easier to get 
(with simple test equipment) and are often 
satisfactory for terrestrial communication. 

Articles written by those with expertise 
and the necessary lab facilities almost al- 
ways include PC board patterns, parts lists 
and detailed instructions that are easily 
duplicated by readers. So it is possible to 


*get going" on microwaves using the ma- 
terial supplied in the articles. Complete 
kits are available from suppliers listed in 
the ARRL Address List in the References 
chapter. Microwave ham clubs and their 
publications are a good way to get started 
in microwave amateur technology. 

Because of the frequencies involved, 
dimensions of microstrip circuitry must be 
very accurate. Dimensional stability and 
dielectric constant reliability of the boards 
must be very good. 


System Performance 


At microwaves, an estimation of sys- 
tem performance can often be performed 
using known data about the signal path ter- 
rain, atmosphere, transmitter and receiv- 
ers systems. Fig 17.42 shows a simplified 
example of how this works. This example 
is adapted from December 1980 QST (also 
see ARRL UHF/Microwave Experi- 
menter's Manual, p 7-55). In the present 
context of receiver design we wish to es- 
tablish an approximate goal for the re- 
ceiver system, including the antenna and 
transmission line. 

A more detailed analysis includes ter- 
rain variations, refraction effects, the 
Earth's curvature, diffraction effects and 
interactions with the atmosphere's 
chemical constituents and temperature 
gradients. The ARRL UHF/Microwave 
Experimenter's Manual is a good text for 
these matters. 

In microwave work, where very low 
noise levels and low noise figures are en- 
countered, experimenters like to use the 
"effective noise temperature" concept, 
rather than noise factor. The relationship 
between the two is given by 


Tg = 290 (Е - 1) (7) 


Ть is a measure, in terms of tempera- 
ture, of the "excess noise" of a component 
(such as an amplifier). A resistor at 290 + 
Tg would have the same available noise 
power as the device (referred to the 
device's input) specified by Tg. Fora lossy 
device (such as a lossy transmission line) 
Tg is given by Tg = 290 (L - 1), where L 
is the loss factor (same as its noise factor). 
The cascade of noise temperatures is simi- 
lar to the Friis formula for cascaded noise 
factors and its use is illustrated in Fig 
17.42. 


Ts = Tg +Tg; + Tg2/G, + Tg3/(G1G2) + 
Tz4/(G1G2G3) +... (8) 


where Ts is the system noise temperature 
(including the generator, which may be an 
antenna) and Tg is the temperature of the 
antenna. 

The 290 number in the formulas for Tg 
is the standard ambient temperature 
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Fig 17.43—A block diagram of the microwave receiver discussed in the text. 


(kelvins) at which the noise factor of a 
two-port transducer is defined and mea- 
sured, according to an IEEE recommenda- 
tion. So those formulas relate a noise fac- 
tor F, measured at 290 K, to the 
temperature Tg. In general, though, it is 
perfectly correct to say that the ratio (Si/ 
Nj)/(So/No) can be thought of as the ratio 
of total system output noise to that system 
output noise attributed to the "generator" 
alone, regardless of the temperature of the 
equipment or the nature of the generator, 
which may be an antenna at some arbitrary 
temperature, for example. This ratio is, in 
fact, a special "system noise factor (or fig- 
ure), Fs" that need not be tied to any par- 
ticular temperature such as 290 K. The use 
of the Fs notation avoids any confusion. 


As the example of Fig 17.42 shows, the 
value of this system noise factor Fs is just 
the ratio of the total system temperature to 
the antenna temperature. 

Having calculated a system noise tem- 
perature, the receive system noise floor 
(that is, the antenna input level of a signal 
that would exactly equal system noise, 
both observed at the receiver output) asso- 
ciated with that temperature is: 


N=kTs By 


where 
k = 1.38 x 10-23 and 
Bn = noise bandwidth. 


(9) 


The system noise figure Fg is indicated 
in the example also. It is higher than the 
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sum of the receiver and coax noise figures. 

The example includes a loss of 3 dB in 
the receiver transmission line. The for- 
mula for Ts in the example shows that this 
loss has a double effect on the system noise 
temperature, once in the second term 
(288.6) and again in the third term (2.0). If 
the receiver (or high-gain preamp with a 


- 6dB NF) were mounted at the antenna, the 


receive-system noise temperature would 
be reduced to 1064.5 K and a system noise 
figure, Fs, of 7.26 dB, a very substantial 
improvement. Thus, it is the common 
practice to mount a preamp at the antenna. 


Microwave Receiver for 10 GHz 


Ref 73 provides a good example of mod- 
ern amateur experimenter techniques for the 
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Fig 17.44—Block diagram of an up conversion SSB/CW transmitter. The various functions are discussed in the text. 


10-GHz band. The intended use for the radio 
is narrowband CW and SSB work, which 
requires extremely good frequency stability 
in the LO. Here, we will discuss the receiver 
circuit (see also Ref 74). 


Block Diagram 


Fig 17.43 is a block diagram of the re- 
ceiver. Here are some important facets of 
the design. 

1. The antenna should have sufficient 
gain. At 10 GHz, gains of 30 dBi are not 
difficult to get, as the example of Fig 
17.42 demonstrates. A 4-ft dish might 
be difficult to aim, however. 

2. For best results a very low-noise preamp 
at the antenna reduces loss of system sen- 
sitivity when antenna temperature is low. 
For example, if the antenna temperature 
at a quiet direction of the sky is 50 K and 
the receiver noise figure is 4 dB (due in 
part to transmission-line loss), the sys- 
tem temperature is 488 K for a system 
noise figure of 9.9 dB. If the receiver 
noise figure is reduced to 1.5 dB by add- 
ing a preamp at the antenna the system 
temperature is reduced to 170 K for a 
system noise figure of 3.4 dB, which is a 
very big improvement. 
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3. After two stages of RF amplification us- 
ing GaAsFETs, a probe-coupled cavity 
resonator attenuates noise at the 
mixer’s image frequency, which is 
10.368—0.288 210.080 GHz. An image 
reduction of 15 to 20 dB is enough to 
prevent image frequency noise gener- 
ated by the RF amplifiers from affect- 
ing the mixer's noise figure. 

4. The singly balanced diode mixer uses a 
“rat-race” 180? hybrid. Each terminal of 
the ring is '/4 wavelength (90?) from its 
closest neighbors. So the anodes of the 
two diodes are 180? ('/2 wavelength) apart 
with respect to the LO port, but in-phase 
with respectto the RF port. The inductors 
(L1, L2) connected to ground present a 
low impedance at the IF frequency. The 
mixer microstrip circuit is carefully 
“tweaked” to improve system perfor- 
mance. Use the better mixer in the trans- 
mitter. 

5. The crystal oscillator is a fifth-overtone 
Butler circuit that is capable of high sta- 
bility. The crystal frequency error and 
drift are multiplied 96 times (10.224 / 
0.1065), so for narrowband SSB or CW 
work it may be difficult to get on (and 
stay on) the "calling frequency" at 10.368 


GHz. One acceptable (not perfect) solu- 
tion might be tocount the 106.5 MHz with 
a frequency counter whose internal clock 
is constantly compared with WWV. Ad- 
just the 106.5 as required. At times there 
may be a small Doppler shift on the WWV 
signal. It may be necessary to switch to a 
different WWV frequency, or WWV’s 
signals may not be strong enough. Sur- 
plus frequency standards of high quality 
are sometimes available. Many operators 
just "tune" over the expected range of un- 
certainty. 

6. The frequency multiplier chain has nu- 
merous band-pass filters to “purify” the 
harmonics by reducing various fre- 
quency components that might affect 
the signal path and cause spurious re- 
sponses. The final filter is a tuned cav- 
ity resonator that reduces spurs from 
previous stages. Oscillator phase noise 
amplitude is multiplied by 96.0 also, so 
the oscillator must have very good short 
term stability to prevent contamination 
of the desired signal. 

7. Asecond hybrid splitter provides an LO 
output for the transmitter section of the 
radio. The 50-Q resistor improves iso- 
lation between the two output ports. 


The two-part QST article (Ref 73) is rec- 
ommended reading for this very interest- 
ing project, which provides a fairly 
Straightforward (but not extremely 
simple) way to get started on 10 GHz. 


TRANSMITTER DESIGN 


TRANSMITTER DESIGN VS 
RECEIVER DESIGN 


Many of the building blocks used in trans- 
mitter design are either identical to or very 
similar to those used in receiver design. Such 
things as mixers, oscillators, low-level RF/ 
IF/AF amplifiers are the same. There is one 
major difference in the usage of these items, 
though. In a transmitter, the ratio of maxi- 
mum to minimum signal levels for each of 
these is much less than in a receiver, where 
a very large ratio exists routinely. In a trans- 
mitter the signal, as it is developed to its 
final frequency and power level, is carefully 
controlled at each stage so that the stage is 
driven close to some optimum upper limit. 
The noise figures and dynamic ranges of the 
various stages are somewhat important, but 
not as important as in a receiver. 

The transmitter design is concerned 
with the development of the desired high 
level of output power as cleanly, effi- 
ciently and economically as possible. Spu- 
rious outputs that create interference are a 
major concern. Protection circuitry that 
prevents self-destruction in the event of 
parts failures or mishandling by the opera- 
tor help the reliability in ways that are 
unimportant in receivers. 


THE SUPERHET SSB/CW 
TRANSMITTER 


The same mixing schemes, IF frequen- 
cies and IF filters that are used for superhet 
receivers can be, and very often are, used for 
atransmitter. Fig 17.44 is ablock diagram of 
one approach. Let's discuss the various ele- 
ments in detail, starting at the microphone. 


Microphones (Mics) 

A microphone is a transducer that con- 
verts sound waves into electrical signals. 
For speech, its frequency response should 
be as flat as possible from below 200 to 
above 3500 Hz. Response peaks in the 
microphone can increase the peak to aver- 
age ratio of speech, which then degrades 
(increases) the peak to average ratio of the 
transmitted signal. If a transmitter uses 
speech processing, most microphones 
pick up a lot of background ambient noises 
because the speech amplification, whether 
it be at audio or IF/RF, may be as much as 
20 dB greater than without speech process- 
ing. A "noise canceling" microphone is 
recommended to reduce this background 


Except as indicated, decimal values of 
capacitance are in microfarads ( uF); 
others are in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


Fig 17.45—Schematic diagram of a simple op-amp microphone amplifier for low- 


and high-impedance microphones. 


pickup (Ref 22, 76). Microphone output 
levels vary, depending on the microphone 
type. Typical amateur mics produce about 
5 mV (—-60 dB). 


Ceramic 


Ceramic mics have high output imped- 
ances but low level outputs. They require 
a high-resistance load (usually about 
50 k€2) for flat frequency response and 
lose low-frequency response as this resis- 
tance is reduced (electrically, the mic 
"]ooks like" a small capacitor). These mics 
vary widely in quality, so a “cheap” mic is 
not a good bargain because of its effect on 
the transmitted power level and speech 
quality. 


Dynamic 

A dynamic mic resembles a small loud- 
speaker and has a very low output imped- 
ance. In most cases a step-up transformer 
is built into the mic, for interface to a 
high-Z audio-input stage. An impedance- 
matching amplifier may be used in place 
of the transformer. Dynamic mics are a 
good choice for amateur systems. 


Electret 
"Electret" mics use a piece of special 
insulator material that contains a 


“trapped” polarization charge (Q) at its 
surfaces and a capacitance (C). Sound 
waves modulate the capacitance (dC) of 
the material and cause a voltage change 
(dV) according to the law dV/V = -dC/C. 
For small changes (dC) the change (dV) is 
almost linear. A polarizing voltage of 
about 4 V is required to maintain the 
charge. The mic output level is fairly low, 
and a preamp is sometimes required. 
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These mics have been greatly improved in 
recent years. 


Microphone Amplifiers 


The balanced modulator and (or) the au- 
dio speech processor need a certain opti- 
mum level, which can be in the range of 
0.3 to 0.6 V ac into perhaps 1 k to 10 kQ. 
Excess noise generated within the micro- 
phone amplifier should be minimized, es- . 
pecially if speech processing is used. The 
circuit in Fig 17.45 uses a low-noise 
BiFET op amp. The 620-Q resistor is se- 
lected for a low impedance microphone, 
and switched out of the circuit for high- 
impedance mics. The amplifier gain is set 
by the 100-kQ potentiometer. 

Itis also a good idea to experiment with 
the low-and high-frequency responses of 
the mic amplifier to compensate for the 
frequency response of the mic and the 
voice of the operator (Ref 77). 


Audio Speech Clipping 


If the audio signal from the microphone 
amplifier is further amplified, say by as 
much as 20 dB, and then if the peaks are 
clipped (sometimes called “slicing”) by 
20 dB by a speech clipper, the output peak 
value is the same as before the clipper, but 
the average value is increased consider- 
ably. The resulting signal contains har- 
monics and IMD but the speech intelligi- 
bility, especially in а white-noise 
background, is improved by 5 or 6 dB. 

The clipped waveform frequently tends 
to have a square-wave appearance, espe- 
cially on voice peaks. It is then band-pass 
filtered to remove frequencies below 300 
and above 3000 Hz. The filtering of this 
signal can create a “repeaking” effect. 
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Fig 17.46—A simple audio speech clipper. The input signal is band pass filtered, 
amplified by 20 dB, clipped and band pass filtered again. 


o OUTPUT 


Fig 17.47—Typical solid-state compressor circuits. The circuit at A works on the 
AGC principle, while that at B is a forward-acting compressor. 


That is, the peak value tends to increase 
noticeably above its clipped value. 

An SSB generator responds poorly to a 
square-wave audio signal. The Hilbert 
Transform effect, well known in math- 
ematics, creates significant peaks in the 
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RF envelope. These peaks cause out-of- 
band splatter in the linear amplifiers un- 
less Automatic Level Control (ALC, to be 
discussed later) cuts back on the RF gain. 
The peaks increase the peak-to-average 
ratio and the ALC reduces the average SSB 


power output, thereby wiping out some of 
the benefit of the speech processing. The 
square-wave effect is also reduced by 
band-pass filtering (300 to 3000 Hz) the 
input to the clipper as well as the output. 

Fig 17.46 is a circuit for a simple audio 
speech clipper. A CLIP LEVEL potentiom- 
eter before the clipper controls the amount 
of clipping and an OUTPUT LEVEL potenti- 
ometer controls the drive level to the bal- 
anced modulator. The correct adjustment 
of these potentiometers is done with a two- 
tone audio input or by talking into the 
microphone, rather than a single tone, be- 
cause single tones don't exhibit the 
repeaking effect (Ref 48). 


Audio Speech Compression 


Although it is desirable to keep the 
voice level as high as possible, it is diffi- 
cult to maintain constant voice intensity 
when speaking into the microphone. To 
overcome this variable output level, it is 
possible to use an automatic gain control 
that follows the average variations in 
speech amplitude. This can be done by 
rectifying and filtering some of the audio 
output and applying the resultant dc to a 
control terminal in an early stage of the 
amplifier. 

The circuit of Fig 17.47A works on this 
AGC principle. One section of a Signetics 
571N IC is used. The other section can be 
connected as an expander to restore the 
dynamic range of received signals that 
have been compressed in transmission. 
Operational transconductance amplifiers 
such as the CA3080 are also well suited 
for speech compression. 

When an audio AGC circuit derives 
control voltage from the output signal the 
system is a closed loop. If short attack time 
is necessary, the rectifier-filter bandwidth 
must be opened up to allow syllabic modu- 
lation of the control voltage. This allows 
some of the voice frequency signal to en- 
ter the control terminal, causing distortion 
and instability. Because the syllabic fre- 
quency and speech-tone frequencies have 
relatively small separation, the simpler 
feedback AGC systems compromise fidel- 
ity for fast response. 

Problems with loop dynamics in audio 
AGC can be sidestepped by eliminating 
the loop and using a forward-acting sys- 
tem. The control voltage is derived from 
the input of the amplifier, rather than from 
the output. Eliminating the feedback loop 
allows unconditional stability, but the 
trade-off between response time and fidel- 
ity remains. Care must be taken to avoid 
excessive gain between the signal input 
and the control voltage output. Otherwise 
the transfer characteristic can reverse; that 
is, an increase in input level can cause a 


1 


decrease in output. A simple forward-act- 
ing compressor is shown in Fig 17.47B. . 

An additional interesting method of 
‘speech compression involves the technol- 


ogy of "Homomorphic Signal Process- . 


ing." This subject is covered prominently 
in digital signal processing textbooks (Ref 
78). An excellent example of an analog 
instrument that performs this function is 
described in Ref 79. ( 


` Balanced Modulators 


A balanced modulator is a mixer. A 
more complete discussion of balanced 
modulator design is provided in the Mix- 
ers chapter. Briefly, the IF frequency LO 


(455 kHz in the example of Fig 17.44) ` 


translates the audio frequencies up to a 
pair of IF frequencies, the LO plus the 
audio frequency and the LO minus the 
` audio frequency. The balance from the LO 
port to the IF output causes the LO fre- 
quency to be suppressed by 30 to 40 dB. 
Adjustments are provided to improve the 
LO null. 

The filter method of SSB generation 
uses an IF band-pass filter to pass one of 
the sidebands and block the other. In 
Fig 17.44 the filter.is centered at 455.0 

_ kHz. The LO is offset to. 453.6 kHz or 
456.4 kHz so that the upper sideband or 
the lower sideband (respectively) can pass 
through the filter. This creates a problem 
fortheother LOs in the radio, because they 
must now be properly offset so that the 
final transmit output's carrier (sup- 
pressed) frequency coincides with the fre- 
quency readout on the front panel of the 
radio. Various schemes have been used to 
do this. One method uses two crystals for 


the 69.545-MHz LO that can be selected. . 


In synthesized radios the programming of 
the microprocessor control moves the 
various LOs. Some synthesized radios use 
two IF filters at two different frequencies, 
one for USB and one for LSB, and a 455.0- 


kHz LO. These radios are often designed ` 


to transmit two independent sidebands 
(ISB, Ref 48). 


In times past, balanced modulators us- - 


ing diodes, balancing potentiometers and 
numerous components spread out on a PC 
board were universally used. These days it 
doesn’t make sense to use this approach. 
ICs and packaged diode mixers do a much 
better job and are less expensive. The most 
famous modulator IC, the MC1496, has 
been around for more than 15 years and is 
still one of the best and least expensive 
(Ref 80). Fig 17.48 is a typical balanced 
modulator circuit using the MC1496. 
The data sheets for balanced modula- 
tors and mixers specify the maximum level 
of audio for a given LO level. Higher audio 


levels create excessive IMD. The IF filter 
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Fig 17.48—An IC balanced modulator circuit using the MC1496. The resistor from 


pin 2 to pin 3 sets the conversion gain. 


after the modulator removes higher-order 
IMD products that are outside its passband 
but the in-band IMD products should be at 
least 40 dB below éach of two equal test 
tones. Speech clipping (AF or IF) can de- 
grade this to 10 dB or so, but in the ab- 
sence of speech processing the signal 
should be clean, in-band. 


IF Filters 


The desired IF filter response is shown 
in Fig 17.49A. The reduction of the carrier 
frequency is augmented by the filter re- 
sponse. It is common to specify that the 
filter response be down 20 dB at the car- 
rier frequency. Rejection of the opposite 
sideband should (hopefully) be 60 dB, 
starting at 300 Hz below the carrier fre- 
quency, which is the 300-Hz point on the 
opposite sideband. The ultimate attenua- 
tion should be at least 70 dB. This would 
represent a very good specification for a 
high quality transmitter. The filter pass- 
band should be as flat as possible (ripple 
less than 1 dB or so). 

Special filters, designated as USB or 
LSB, are designed with a steeper rolloff 
on the carrier frequency side, in order to 
improve rejection of the carrier and oppo- 
site sideband. Mechanical filters are avail- 


- able that do this. Crystal-ladder filters (see - 


the Filters chapter) are called “single- 
sideband” filters because they also have 
this property. The steep skirt can be on the 
low side or the high side, depending on 


. whether the crystals are across the signal 


path or in series with the signal path, re- 
spectively. | | 

` Filters require special attention to their 
terminations. The networks that interface 
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the filter with surrounding circuits should 
be accurate and stable over temperature. 
They should be easy to adjust. One very 
good way to adjust them is to build a 
narrowband sweep generator and look at 
the output IF envelope with a logarithmic 
amplifier, as indicated in Fig 17.49B. 
There are three goals: The driver stage 
must see the desired load impedance: the 
stage after the filter must see the desired 
source (generator) impedance and the fil- 
ter must be properly terminated at both: 
ends. Fig 17.49B shows two typical ap- 
proaches (Ref 42). This kind of setup is a 
very good way to make süre the filters and 
other circuitry are working properly. 
Finally, overdriven filters (such as crys- 
tal or mechanical filters) can become non- 
linear and generate distortion. So it is nec- 
essary to heed the manufacturer's 
instructions. Magnetic core materials used 
in the tuning networks must be sufficiently 
linear at the signal levels encountered. 
They should be tested for IMD separately. 


IF Speech Clipper 


Audio-clipper speech processors gener- 
ate a considerable amount of in-band har- 
monics and IMD (involving different 
simultaneously occurring speech frequen- 
cies). The total distortion detracts some- 
what from speech intelligibility. Other 
problems were mentioned in the section 
on audio processing. IF clippers overcome 
most of these problems, especially’ the 
Hilbert Transform problem (Refs 48, 77). 

Fig 17.50A is a diagram of a 455-kHz - 
IF clipper using high-frequency op amps. 


‘20 dB of gain precedes the diode clippers. 


A second amplifier establishes the desired _. 
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Fig 17.49—A: desired response of a SSB IF filter. B: one method of terminating a 
mechanical filter that allows easy and accurate tuning adjustment and also a 
possible test setup for performing the adjustments. 


output level. The clipping produces a wide 
band of IMD products close to the IF fre- 
quency. Harmonics of the IF frequency are 
generated that are easily rejected by sub- 
sequent selectivity. “Close-in” IMD dis- 
tortion products are band limited by the 
2.5-kHz-wide IF filter so that out-of-band 
splatter is eliminated. The in-band IMD 
products are at least 10 dB below the 
speech tones. 

Fig 17.51 shows oscilloscope pictures 
of an IF clipped two-tone signal at various 
levels of clipping. The level of clipping in 
a radio can be estimated by comparing 
with these photos. 

Listening tests verify that the IMD does 
not sound nearly as bad as harmonic dis- 
tortion. In fact, processed speech sounds 
relatively clean and crisp. Tests also verify 
that speech intelligibility in a noise back- 
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ground is improved by 8 dB. 

The repeaking effect from band-pass 
filtering the clipped IF signal occurs, and 
must be accounted for when adjusting the 
output level. A two-tone audio test signal 
or a speech signal should be used. The 
ALC circuitry (discussed later) will cut 
back the IF gain to prevent splattering in 
the power amplifiers. If the IF filter is of 
high quality and if subsequent amplifiers 
are “clean,” the transmitted signal is of 
very high quality, very effective in noisy 
situations and often also in “pile-ups.” 

The extra IF gain implies that the IF 
signal entering the clipper must be free 
of noise, hum and spurious products. 
The cleanup filter also helps reduce the 
carrier frequency, which is outside the 
passband. 

An electrically identical approach to 


the IF clipper can be achieved at audio 
frequencies. If the audio signal is trans- 
lated to, say 455 kHz, processed as de- 
scribed, and translated back to audio, all 
the desirable effects of IF clipping are 
retained. This output then plugs into the 
transmitter’s microphone jack. Fig 
17.50B shows the basic method. The 
mic amplifier and the MC1496 circuits 
have been previously shown and the 
clipper circuit is the same as in Fig 
17.50A. 

Another method, performed at audio, 
synthesizes mathematically the function 
of the IF clipper. This method is mentioned 
in Ref 48, and was an accessory for the 
Collins KWM380 transceiver. 

The interesting operating principle in all 
of these examples is that the characteris- 
tics of the IF-clipped (or equivalent) 
speech signal do not change during fre- 
quency translation, even when translated 
down to audio and then back up to IF ina 
balanced modulator. 


IF Linearity and Noise 


Fig 17.44 indicates that after the last 
SSB filter, whether it is just after the SSB 
modulator or after the IF clipper, subse- 
quent BPFs are considerably wider. For 
example, the 70-MHz crystal filter may be 
15 to 30 kHz wide. This means that there 
is a “gray region” in the transmitter just 
like the one that we saw in the up conver- 
sion receiver, where out-of-band IMD that 
is generated in the IF amplifiers and 
mixers can cause adjacent-channel inter- 
ference. 

A possible exception, not shown in 
Fig 17.44, is that there may be an inter- 
mediate IF in the 10-MHz region that 
also contains a narrow filter, as we saw 
in the triple-conversion receiver in Fig 
17.36. 

The implication is that special atten- 
tion must be paid to the linearity of these 
circuits. It’s the designer’s job to make 
sure that distortion in this gray area is 
much less than distortion generated by 
the PA and also less than the phase noise 
generated by the final mixer. Recall also 
that the total IMD generated in the ex- 
citer stages is the resultant of several 
amplifier and mixer stages in cascade, 
therefore each element in the chain must 
have at least 40 to 50 dB IMD quality. 
The various drive levels should be cho- 
sen to guarantee this. This requirement 
for multistage linearity is one of the 
main technical and cost burdens of the 
SSB mode. 

Of interest also in the gray region are 
white, additive thermal and excess 
noises originating in the first IF ampli- 
fier after the SSB filter and highly mag- 
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Fig 17.50—IF speech clipping. A: an IF clipper circuit approach. B: the audio signal is translated to 455 kHz, processed, and 


translated back to audio. 


nified on their way to the output. This 
noise can be comparable to the phase 
noise level if the phase noise is low, as 
it would be in a high-quality radio. Re- 
call also that phase noise is at its worst 
on modulation peaks, but additive noise 
may be (and often is) present even when 
there is no modulation. This is a fre- 
quent problem in colocated transmitting 
and receiving environments. Many 
transmitter designs do not have the ben- 
efit of the narrow filter at 70 MHz, so 
the amplified noise can extend over a 
much wider frequency range. 


CW Mode 


Fig 17.44 shows that in the CW mode a 
carrier is generated at the center of the SSB 
filter passband. There are two ways to 
make this carrier available. One way is to 
unbalance the balanced modulator so that 
the LO can pass through. Each kind of 
balanced modulator circuit has its own 
method of doing this. The approach cho- 
sen in Fig 17.44 is to go around the modu- 
lator and the SSB filter. 


(B) 


Fig 17.51—Two-tone envelope patterns with various degrees of RF clipping. All 
envelope patterns are formed using tones of 600 and 1000 Hz. At A, clipping 
threshold; B, 5 dB of clipping; C, 10 dB of clipping; D, 15 dB of clipping (from “RF 
Clippers for SSB,” by W. Sabin, July 1967 QST, pp 13-18). 


A shaping network controls the enve- things: control the shape of the Morse code 
lope of the IF signal to accomplish two character in a way that limits wideband 
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Fig 17.52—A: envelope, and B: 
spectrum of a 25-ms dot that has been 
shaped to 5 ms rise and fall times. 


spectrum emissions that can cause inter- 
ference, and makes the Morse code signal 
easy and pleasant to copy. 


RF Envelope Shaping 


On-off keying is a special kind of low- 
level amplitude modulation (a low-signal- 
level stage is turned on and off). It gener- 
ates numerous sidebands around the 
carrier frequency whose amplitudes are 
influenced by the shapes of the RF enve- 
lope rise and fall intervals. Consider an 
unprocessed keying waveform, a string of 
equal-length rectangular RF pulses sepa- 
rated by equal-length "dead times." Its 
spectrum consists of the carrier frequency, 
a pair of the usual modulation sidebands 
at the carrier frequency plus and minus the 
repetition rate of the pulses, and numer- 
ous other sidebands at multiples of the 
repetition rate. The higher frequency side- 
bands can create "key clicks" that extend 
many kHz either side of the carrier 
frequency. 

Adjusting an exponentially shaped rise 
and fall time to about 5 ms (a value recom- 
mended by ARRL) controls key clicks, yet 
allows a wide range of practical keying 
speeds. 

Fig 17.52A is a computer simulation of 
asingle dot-space that is part of a continu- 
ous sequence, 20 ms on and 20 ms off (a 
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60 wpm rate), that has been shaped in this 
manner. This fast dot sequence is prob- 
ably a “worst case” as far as Morse code 
interference is concerned. Fig 17.52B 
shows the line spectrum (Discrete Fourier 
Transform, DFT) of this periodic se- 
quence. The carrier component is reduced 
because the on-off duty cycle is 50%, and 
some power is transferred from the carrier 
to the sidebands. (Note: This is a little dif- 
ferent from ordinary AM, in which an ad- 
ditional source of power is used to create 
sidebands and the carrier remains con- 
stant.) The first pair of spectrum lines are 
+25 Hz from the carrier. These are the 
normal modulation sidebands, determined 
only by the keying rate (25 Hz = 1/(40 
ms)). The subsequent pairs are odd-order 
sidebands starting at +75 Hz from the car- 
rier (the symmetry of the on-off reduces 
even-order sidebands). 

If the duration of the dot is held constant 
but the time between dots is greatly in- 
creased (the keying rate is greatly reduced) 
many more lines, much closer together and 
now including the even-order (50, 100, 150 
Hz, and so on) sidebands, would appear in 
Fig 17.52B. But the general shape and also 
the bandwidth of the spectrum remain the 
same as shown. For example, a single, 
unrepeated dot would have essentially the 
same spectrum shape and width as in Fig 
17.52B but would be a continuous spectrum 
(the Fourier Transform, FT) instead of the 
line spectrum (DFT) shown. In all cases the 
bandwidth of the interference, measured at 
the -20 dB points, is approximately 150 Hz. 
Finally, a single “key-down-and-hold” or 
“key-up-and-hold” operation would pro- 
duce a similar spectrum of brief duration (a 
single key click) due to the shaping of the 
leading or trailing edge. 

The rolloff rate of the higher sidebands 
in the shaped pulse is much faster than for 
a rectangular pulse. The example shown 
could be improved further by making the 
transitions “sinusoidal.” The higher side- 
bands are still present but they are further 
reduced, as verified by computer simula- 
tions. This waveform (or other kinds of 
“windowing”) could be generated with 
DSP or with an op-amp state-variable ana- 
log computer in the Key Shape block of 
Fig 17.44. The linearity of the SSB ampli- 
fier chain will then preserve this envelope 
shape right up to the antenna. 


Keying Circuits 

The circuit in Fig 17.53 is one example of 
an approach that will provide accurate con- 
trol of the IF envelope. The PIN diodes are 
connected either to the signal source or to 
ground. They are turned on or off through 
U2 according to the exponential charging or 
discharging of the capacitor C1 through R1. 


КІ connects to +12 V or -12 V through U1. 
Some experimentation with R1 and R2 will 
be necessary, depending on the IF drive 
level, to get the desired rise and fall charac- 
teristics. Look at the IF envelope on an oscil- 
loscope while sending a string of dots. Try 
an input IF level of 100 mV. The transform- 
ers are optimized for the IF in use. 

Another approach is to use gain control- 
lable IC amplifiers of the type discussed in 
connection with receiver AGC. See, for 
example, Fig 17.31. The key-up "turnoff" 
must be complete to avoid "backwave," 
residual output. 


Wideband Noise 


In the block diagram of Fig 17.44 the 
last mixer and the amplifiers after it are 
wideband circuits that are limited only by 
the harmonic filters and by any selectivity 
that may be in the antenna system. Wide 
band phase noise transferred onto the 
transmitted modulation by the last LO can 
extend over a wide frequency range, there- 
fore LO (almost always a synthesizer of 
some kind) cleanliness is always a matter 
of great concern (Ref 23). 

The amplifiers after this mixer are also 
sources of wide-band "white" or additive 
noise. This noise can be transmitted even 
during times when there is no modulation, 
and it can be a source of local interference. 
To reduce this noise: use a high-level mixer 
with as much signal output as possible, and 
make the noise figure of the first amplifier 
stage after the mixer as low as possible. 

Transmitters that are used in close prox- 
imity to receivers, such as on shipboard, 
are always designed to control wideband 
emissions of both additive noise and phase 
noise, referred to as "composite" noise. 


Transmit Mixer Spurious Signals 


The last IF and the last mixer LO in Fig 
17.44 are selected so that, as much as pos- 
sible, harmonic IMD products are far enough 
away from the operating frequency that they 
fall outside the passband of the low-pass fil- 
ters and are highly attenuated. This is diffi- 
cult to accomplish over the transmitter's 
entire frequency range. Ithelps to use a high- 
level mixer and a low enough signal level to 
minimize those products that are unavoid- 
able. Low-order crossovers that cannot be 
sufficiently reduced are unacceptable, how- 
ever; the designer must “go back to the draw- 
ing board.” 

The References chapter gives informa- 
tion regarding FCC requirements for har- 
monic and spurious levels. The Filters 
chapter describes the design of harmonic 
filters. 


Automatic Level Control (ALC) 
The purpose of ALC is to prevent the 
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Fig 17.53—A keying circuit for the transmitter diagram in Fig 17.44. 


various stages in the transmitter from be- 
ing overdriven. Overdrive can generate 
too much out-of-band distortion or cause 
excessive power dissipation, either in the 
amplifiers or in the power supply. ALC 
does this by sampling the peak amplitude 
of the modulation (the envelope varia- 
tions) of the output signal and then devel- 
oping a de gain-control voltage that is 
applied to an early amplifier stage, as sug- 
gested in Fig 17.44. 

ALC is usually derived from the last stage 
in a transmitter. This ensures that this last 
stage will be protected from overload. How- 
ever, other stages prior to the last stage may 
not be as well protected; they may generate 
excessive distortion. It is possible to derive 
a composite ALC from more than one stage 
in a way that would prevent this problem. 
But designers usually prefer to design ear- 
- lier stages conservatively enough so that, 
given a temperature range and component 
tolerances, the last stage can be the one 
source of ALC. The gain control is applied 
to an early stage so that all stages are aided 
by the gain reduction. 


Speech Processing with ALC 


A fast response to the leading edge of the 
modulation is needed to prevent a transient 
overload. After a strong peak, the control 
voltage is “remembered” for some time as 


the voltage in a capacitor. This voltage then 
decays partially through a resistor between 
peaks. An effective practice provides two 
capacitors and two time constants. One ca- 
pacitor decays quickly with a time constant 
of, say 100 ms, the other with a time constant 
of several seconds. With this arrangement a 
small amount of speech processing, about 1 
or 2 dB, can be obtained. (Explanation: The 
dB of improvement mentioned has to do with 
the improvement in speech intelligibility in 
a random noise background. This improve- 
mentis equivalent to what could be achieved 
if the transmit power were increased that 
same number of dB). The gain rises a little 
between peaks so that weaker speech com- 
ponents are enhanced. But immediately af- 
ter a peak it takes awhile for the enhance- 
ment to take place, so weak components 
right after a strong peak are not enhanced 
very much. Fig 17.54A shows a complete 
ALC circuit that performs speech process- 
ing. 


ALC in Solid-State Power Amplifiers 


Fig 17.54B shows how a dual direc- 
tional coupler can be used to provide ALC 
for a solid-state power amplifier (PA). The 
basic idea is to protect the PA transistors 
from excessive SWR and dissipation by 
monitoring both the forward power and the 
reflected power. The projects section of 
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* see text 


this chapter includes a 50-W amplifier 
project; the protection circuitry is dis- 
cussed in detail there. Thermal protection 
is also included. 


Transmit Gain Control (TGC) 


This is a widely used feature in commer- 
cial and military equipment. A calibrated 
“tune-up “ test carrier of a certain known 
level is applied to the transmitter. The out- 
put carrier level is sampled, using a diode 
detector. The resulting dc voltage is used to 
setthe gain of alow-level stage. This control 
voltage is digitized and stored in memory so 
that itis semipermanent. A new voltage may 
be generated and stored after each frequency 
change, or the stored value may be 
“fetched.” A test signal is also used to do 
automatic antenna tuning. A dummy load is 
used to set the level and a low-level signal (a 
few mW) is used for the antenna tune-up. 


Transmitter Output Load 
Impedance 


The following logical processes are 
used to tune and load the final PA of a 
transmitter: 


1. The RF input power requirement to the 
input terminal of the PA has been deter- 
mined. That power level is applied to 
the input. 
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2. The desired load impedance of the 
plate/collector/drain of the PA has been 
determined, either graphically or by 
calculation, from the power to be deliv- 
ered to the load, the dc power supply 
voltage and the ac voltage on the plate/ 
collector/drain (see Amplifiers chap- 
ter). 


Grid and Cothode Circuits 
Omitted for Clarity 


-40 V 
Threshold 
Volts 


Gain Control 
IF Amp 


ALC 
Processor 


3. The input impedance, looking toward 
the antenna, of the transmission line 
which is connected to the transmitter is 
adjusted by a network of some kind to 
its Zo value (if it is not already equal to 
that value). 

4. А network of some kind is designed, 
which transforms the transmission-line 


ALC to MC1350P 
in Fig 17.31C 
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Fig 17.54—А: an ALC circuit with speech processing capability. B: protection 


method for a solid-state transmitter. 
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Zo to the impedance required in step 2. 
This may be a sharply tuned resonator 
with impedance transforming capabil- 
ity, or it may be a wideband transformer 
of some kind. 


Under these conditions the PA is per- 
forming as intended. Note that a knowl- 
edge of the output impedance of the PA is 
not needed to get these results. That is, we 
are interested mostly in the actual power 
gain of the PA, which does not require a 
knowledge of the amplifier's output im- 
pedance. 

The output impedance, looking back- 
ward from the plate/collector/drain termi- 
nal of the network, in step 4, will have 
some influence on the selectivity of a reso- 
nant tuned circuit or the frequency re- 
sponse of a low-pass filter. This must (or 
should) be considered during the design 
process, but it is not needed during the 
*tune and load" process (Ref 81). 


A Classic Amateur Vacuum-Tube 
Transmitter 


Cascaded stage transmitter designs be- 
came very popular after about 1930. 
Home-brew solid-state CW transmitters 
often use the same general idea today. Fig 
17.55 is a typical example. The first stage 
is an oscillator, which may be either crys- 
tal controlled or a variable frequency os- 
cillator (VFO) of high stability. The oscil- 
lator is followed by a combination of 
buffer amplifiers and frequency multipli- 
ers, usually doublers, to arrive at the final 
frequency and power level. Mixer circuits 
and crystal- VFO “mix-master” frequency 
generator arrangements are not used, so 
spurious mixer products are not a prob- 
lem. Each stage provides the power input 
that the next stage needs and each stage 
increases in size and power dissipation. 
The vacuum tube '47 crystal osc, '46 dou- 
bler, 210 ("five watter") buffer, 203A 
("fifty watter") final (200 W input) was a 
famous CW "rig" during the mid 1930's. 


Final Amp 


3.5 MHz or 
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ralizing 


Fig 17.55—Example block diagram of MOPA transmitter, typical of the 1930s. Crystal control is shown, but VFOs replaced 


them during the 40s. 
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НЕ CW ОХегѕ would usually have one 
favorite crystal that was just several Hz 
inside the band edge. 

The process of frequency multiplication 
also multiplies the frequency drift, fre- 
quency/phase modulation and micro- 
phonic effects of the VFO. So for many 
years amateurs relied on crystal control, 
until they learned how to design very 
stable, low-noise VFOs. The frequency 
multiplier is an item worthy of discussion. 


Frequency Multipliers 


A passive multiplier using diodes is 
shown in Fig 17.56A. The full-wave rec- 
tifier circuit can be recognized, except that 
the dc component is shorted to ground. If 
the fundamental frequency ac input is 
1.0 V RMS the second harmonic is 0.42 V 
RMS or 8 dB below the input, including 
some small diode losses. This value is 
found by calculating the Fourier Series 
coefficients for the full-wave-rectified 
sine wave, as shown in many textbooks. 

Transistor and vacuum-tube frequency 
multipliers operate on the following prin- 
ciple: if a sine wave input causes the plate/ 
collector/drain current to be distorted (not 
a sine wave) then harmonics of the input 
are generated. If an output resonant circuit 
is tuned to a harmonic the output at the 
harmonic is emphasized and other fre- 
quencies are attenuated. For a particular 
harmonic the current pulse should be dis- 
torted in a way that maximizes that har- 
monic. For example, for a doubler the cur- 
rent pulse should look like a half sine wave 
(180° of conduction). A transistor with 
Class B bias would be a good choice. For 
a tripler use 120? of conduction (Class C). 

An FET, biased at a certain point, is very 
nearly a "square law" device. That is, the 
drain-current change is proportional to the 
square of the gate-voltage change. It is 
then an efficient frequency doubler that 
also deemphasizes the fundamental. 

A push-push doubler is shown in 
Fig 17.56B. The FETs are biased in the 
square-law region and the BALANCE poten- 
tiometer minimizes the fundamental fre- 
quency. Note that the gates are in push- 
pull and the drains are in parallel. This 
causes second harmonics to add in-phase 
atthe output and fundamental components 
to cancel. 

Fig 17.56C shows an example of a 
bipolar-transistor doubler. The efficiency 
of a doubler of this type is typically 5096, 
a tripler 33% and a quadrupler 25%. 
Harmonics other than the one to which 
the output tank is tuned will appear in 
the output unless effective band-pass 
filtering is applied. The collector tap 
on L1 is placed at the point that offers 
the best compromise between power out- 
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Fig 17.56—A: diode doubler. B: push-push 
multiplier using a BJT. D: push-pull tripler 


put and spectral purity. 

A push-pull tripler is shown in 
Fig 17.56D. The input and output are both 
push-pull. The balance potentiometer 
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Tripler 


doubler using JFETS. C: single-ended 
using BJTs. 


minimizes even harmonics. Note that the 
transistors have no bias voltage in the base 
circuit; this places the transistors in Class 
C for efficient third-harmonic production. 
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(А) 


Varactor 


Fig 17.57—Diode frequency multipliers. A: step-recovery diode multiplier. 


B: varactor diode multiplier. 


Choose an input drive level that maxi- 
mizes harmonic output. 

The step recovery diode (SRD) is an 
excellent device for harmonic generation, 
especially at microwave frequencies (Ref 
25). The basic idea of the SRD is as fol- 
lows: When the diode is forward conduct- 
ing, a charge is stored in the diode’s diffu- 
sion capacitance; and if the diode is 
quickly reverse-biased, the stored charge 
is very suddenly released into an LC har- 
monic-tuned circuit. The circuit is also 
called a “comb generator” because of the 
large number of harmonics that are gener- 
ated. (The spectral display looks like a 
comb.) Phase-locked loops (PLLs) can be 
made to lock onto these harmonics. A typi- 
cal low-cost SRD is the HP 5082-0180, 
found in the HP Microwave & RF 
Designer's Catalog. Fig 17.57A is a typi- 
cal schematic. For more information re- 
garding design details there are two Ref- 
erences: Hewlett-Packard application note 
AN-920 and Ref 25. 

The varactor diode can also be used as a 
multiplier. Fig 17.57B shows an example. 
This circuit depends on the fact that the 
capacitance of a varactor changes with the 
instantaneous value of the RF excitation 
voltage. This is a nonlinear process that 
generates harmonic currents through the 
diode. Power levels up to 25 W can be 
generated in this manner. 


Coupling Between Transmitter 
Stages 


Most of the methods described here are 
also widely used in receiver circuits. Cor- 
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rect impedance matching between a stage 
and its load provides maximum transfer of 
power. The load can be an antenna or the 
next stage. The input impedance of the 
next stage is transformed to the value of 
load impedance that the preceding stage 
wants to "see" for proper operation. If the 
next stage is a bipolar transistor, determin- 
ing the base input impedance can be diffi- 
cult without adequate test equipment. 
Generally, when the drive power is 2 W or 
more the base impedance will be less than 
10 Q and often in the 1 to 2-Q range. Un- 
der these conditions, some kinds of LC 
matching networks are difficult to adjust. 
It is desirable to use a network that can be 
easily adjusted over a wide range of im- 
pedances, where both L and C are vari- 
able. Sometimes a deliberate mismatch is 
preferred for stability or for accurate 
power-level control. This subject was dis- 
cussed earlier in this chapter. 

In the interest of stability, it is common 
practice to use low-Q networks between 
stages in a solid-state transmitter. Loaded 
Q values of five are common. The penalty 
for this is poor attenuation of harmonics 
and other spurious outputs. Conversely, 
vacuum-tube stages operate at relatively 
high-impedance levels in the grid and 
plate circuits. Loaded Q values of 15 are 
used. The rejection of spurs is greatly im- 
proved. In all cases the matching network 
is used to "absorb" circuit and tube or tran- 
sistor reactances into the network, so that 
pure resistive impedance values can be 
achieved. The impedance values depend 
on frequency and power level, and tend to 


be difficult to predict. So experimental 
methods, using wide-range networks, are 
usually preferred. 

The interstage coupling method in 
Fig 17.58A is a common one for vacuum 
tubes. A low-value coupling capacitor 
goes to the grid. RFC] and RFC2 have a 
very high impedance over the operating 
frequency range. 

Band-pass coupling is shown in Fig 
17.58B. C1 is selected to give a flat re- 
sponse over a frequency range, such as a 
ham band, and high attenuation outside the 
band. This response can be changed, 
though, by changes in the loading of the 
input and output terminals of the network. 
It works best between stages that have 
constant loading. Often, shunt resistors are 
added to improve the constancy of the re- 
sponse. As an alternative to the coupling 
capacitor, link coupting can be used at the 
“cold” end of each coil. Similar band-pass 
networks can be used in transistor circuits. 
The collector of the driver and the base of 
the next stage would be tapped down on 
their respective coils, to maintain the 
loaded Q and the selectivity. 

A common form of transformer cou- 
pling is shown in Fig 17.58C. T1 is usu- 
ally a toroid for frequencies up to 30 
MHz. At higher frequencies, it is some- 
times difficult to get accurate control of 
the impedance ratios, because fractions 
of a turn cannot be achieved. The col- 
lector tap sets the desired load imped- 
ance for the transistor and also improves 
the loaded Q. The impedance ratio from 
primary to secondary is approximately 
the square of the ratio of the number of 
turns at the primary tap point to the num- 
ber of turns on the secondary. R1 (dot- 
ted) can be added to provide a more 
constant load and improve stability. R1 
is usually in the range of 5 to 27 Q. 

A method for coupling between stages 
with a capacitive divider is shown in Fig 
17.58D. The net value of C1 and C2 in 
series must be added to C3 to determine 
the value of L1 for resonance. The for- 
mula for the ratio of C2 to СІ is in- 
cluded. The reactance of C2 should be 
about 0.25 of the transistor input resis- 
tance. C2 also helps to discourage para- 
sitic oscillations. The ferrite beads (950 
u) reduce the О of ВЕСІ at frequencies 
where it might be involved in an oscil- 
lation. The circuit in Fig 17.58C is more 
susceptible to instability. 

When the impedance levels to be trans- 
formed are of the proper value to allow an 
integer turns ratio, two 4:1 impedance- 
ratio transformers can get a 16:1 imped- 
ance ratio as shown in Fig 17.58E. This 
transforms the 5-Q base impedance to an 
80-Q collector load impedance. This ap- 
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Fig 17.58—Five typical coupling methods for use between amplifier stages. 


proach has no selectivity worth mention- 
ing but is widely used in broadband ampli- 
fiers where selectivity is not needed or 
wanted. 


Network Equations 


The three networks shown in Figs 17.59 
through 17.61 provide practical solutions 
to many of the impedance-matching prob- 
lems encountered by amateurs. In each 
figure, it is assumed that the desired im- 
pedance to the right of the network is 
higher than that to the left. If the opposite 
case is true, reverse the network, left to 
right. 

These networks also assume that two 
resistance values (RL and Rout) are be- 
ing “matched” by the network, and the 


discussion proceeds along those lines. 
But as pointed out previously, the value 
of Rout is usually the desired value of 
transistor load resistance, which seldom 
corresponds exactly to the actual output 
impedance of the transistor. Still, the 
design method leads to correct answers. 
It provides the desired resistive load for 
the transistor output. It also absorbs the 
transistor output capacitance into the 
network. 

Normally the output impedance of a 
transistor is given as a resistance Rout in 
parallel with a capacitance Cout. To use 
the design equations for these three net- 
works the output impedance must first be 
converted from the parallel form to the 
series form R, and Cs. These equivalent 
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E. в, 


Fig 17.59—Circuit and mathematical 
solution for matching network number 
1. Actual circuit (A), parallel equivalent 
(B) and series equivalent (C). 


circuits and the equations for conversion 
are given in Fig 17.62. Often the output 
capacitance is small enough that it can be 
neglected. The resulting error is compen- 
sated by minor adjustments of the tunable 
components. 

The low-pass T network in Fig 17.61 
has the advantage of matching a wide 
range of impedances with practical com- 
ponent values. Some designers believe 
that this is the best network in terms of 
collector efficiency. The harmonic sup- 
pression provided by the T network varies 
with the transformation ratio and the 
loaded Q of the network. Stages feeding 
an antenna will need additional harmonic 
suppression. This is also true for Fig 17.59 
and Fig 17.60. These three networks are 
covered in detail in Motorola Application 
Notes AN-267 and AN-721. There is also 
an excellent program, NBMATCH.BAS, 
on the software disk for The ARRL UHF/ 
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WHEN А, <В, NETWORK 2 
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Fig 17.60—Circult and design 
equations for matching network 
number 2. Actual circuit (A) and series 
equivalent (B). 
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Fig 17.61—Circuit and design 
equations for matching network 
number 3. Actual circuit (A) and series 
equivalent (B). 


17.56 Chapter 17 


О.О!дЕ 
ВЕС2 


= — = 7.20 
20 


1 

(2x x 3.5 x 105 x 1 
Rp 

1 + (RJX, 


< L1H) = 


X 
2xf(MHz) 


В, = Аі + Од = 7.2(1 + 


i 122.4 
7 Үү 


RFCI, RFC2 = 420 (1.5uH) 


NETWORK 3 
DESIGN EXAMPLE 


= 454.7 
00 x 10-12) 


72 
= 720 


1 + (7.2/454.7)2 


42) = 1224 


|-1- 


12 (Total Q = 4 + 12 = 52) 


Xu = RQ, = 50 х 12 = 600 


60 


L2H) = PEL ee эз =т= 


2т{МН2) 2х 


х 3.5 


Fig 17.63—A practical example of network number 3 (Fig 17.61) and the solution 


to the network design. 


Microwave Experimenter’s Manual. 

A design example for Fig 17.61 is given 
in Fig 17.63. The value of Co, is taken 
from the manufacturer's data sheet. If it is 
not available, small adjustments of the L 
and C values will make up for it. A com- 
puter simulation (using a SPICE program 
or ladder-network program such as 
ARRL’s MicroSmith) would be an excel- 
lent way to get the circuit "working on 
paper"; it would also be good experience. 


At lower frequencies the value of C1 will 
be large, so use fixed and variable capaci- 
tors in parallel. L1 and L2 can be wound 
on powdered-iron toroids. The procedures 
for selecting the size and permeability are 
discussed in an earlier chapter. There may 
be a little coupling between adjacent coils 
if they are not properly separated and at 
right angles to each other. This coupling 
can degrade harmonic reduction and af- 
fect tuning. 


Some notes about toroid coils: Toroids 
do have a small amount of leakage flux, 
despite rumors to the contrary. Toroid 
coils are wound in the form of a helix 
(screw thread) around the circular length 
of the core. This means that there is a small 
component of the flux from each turn that 
is perpendicular to the circle of the toroid 
(parallel to the axis through the hole) and 
is therefore not adequately linked to all 
the other turns. This effect is responsible 
for a small leakage flux and the effect is 
called the “one-turn” effect, since the re- 
sult is equivalent to one turn that is wound 
around the outer edge of the core and not 
through the hole. Also, the inductance of a 
toroid can be adjusted, despite rumors to 
the contrary. If the turns can be pressed 
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Fig 17.62—Parallel and series 
equivalent circuits and the formulas 
used for conversion. 
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closer together or separated a little, induc- 
tance variations of a few percent are 
possible. . 
Continuing with the example, a 
grounded aluminum shield between adja- 
cent coils can eliminate any significant 
capacitive or inductive (at high frequen- 
cies) coupling. These effects are most eas- 
ily noticed if a network analyzer is avail- 
able during the checkout procedure (how 
many of us are that lucky?), but spot 
checks with an attenuator ahead of a re- 
ceiver that is tunable to the harmonics are 
also very helpful. eon 
‘Transmission-line transformers were 
introduced briefly earlier in this chapter. 
Here we consider practical details for 
transmitter use and winding instructions. 
In -transmitters, core heating and 
nonlinearity (from excessive voltage or 
current) determine the choice of core ma- 
terial, its permeability, wire size and the 
dimensions of the core. A detailed discus- 
sion of all of these factors is available in 
the second edition of ARRL’s Transmis- 
sion Line Transformers, by Jerry Sevick. 
Additional information is contained in the 
Analog Theory chapter of this Handbook. 
The broadband transformers shown in 
Fig 17.64, Fig 17.65 and Fig 17.66 are 
suitable for use in low-level and high-level 
solid-state circuits. They can be used as 
matching devices between circuit modules 
and in antenna matching networks. For 
low-power levels and in receivers the 
cores are usually ferrites with 
permeabilities frorn 100 (30 MHz) to 2000 
(0.1 MHz). Ferrites are usually preferred 
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Fig 17.64—Circuit illustrations of 4:1 broadband transmission-line transformers. 


because they result in smaller transform- 
ers than powdered-iron cores. Small 
physical size implies fewer turns, greater 
bandwidth (the length of the winding is a 
smaller fraction of a wavelength at higher 
frequencies) and more compact méchani- 
cal design. At higher frequencies materi- 
als with lower permeabilities are more 
efficient. For higher power levels, ferrites 
with permeabilities from 50 to 300 or in 
some cases powdered iron are better be- 
cause the core heats less. Also involved in 
heating are wire losses, dielectric losses 
and hysteresis losses (in the core material). 
IMD and harmonic production in the cores 
are frequent problems in transmitters. The 
core size and permeability should be se- 
lected to minimize these problems at the 
signal levels in the equipment. IMD from 
cores is often noticed in high-signal-level 
receiver circuits as well. 

Fig 17.64 shows two kinds of 4:1 trans- 
formers and a method (E) to series connect 
two of them for a 16:1 impedance ratio. 
The circuit at E is often used between a 
50-Q source and the base of an RF power 
transistor. 

Two styles of 9:1 (impedance ratio) 
transformers are shown in Fig 17.65 A and 
C. They also are used at the inputs of tran- 
sistor amplifiers and in collector/load cir- 
cuits.. The variable-ratio transformer in 
Fig 17.65E is excellent for obtaining many 
values of impedance transformation. It 
was developed by Jerry Sevick, W2FMI, 
for a ground-mounted vertical antenna. 

Transformers for phase-reversal, 1:1- 
balun and hybrid-combiner/splitter use are 
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Fig 17.65—Circuit examples of 9:1 broadband transmission-line transformers (A 
and C) and a variable-impedance transformer (E). 


shown in Fig 17.66. This hybrid trans- 
former was discussed earlier in this 
chapter. 


NBFM Transmitter Block Diagram 


Fig 17.67 shows the phase-modulation 
method, also known as indirect FM. It is 
the most widely used approach to NBFM. 
Phase modulation is performed at a low 
IF, say 455 kHz. Prior to the phase modu- 
lator, speech filtering and processing are 
performed to achieve four goals: 

1. Convert phase modulation to frequency 
modulation (see below), 

2. Preemphasize higher speech frequen- 
cies for improved signal-to-noise ratio 
at the receive end, 

3. Perform speech processing to empha- 
size the weaker speech components and 

4. Adjust for the microphone’s frequency 
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response and possibly also the 

operator’s voice characteristics. 

Multiplier stages move the signal to 
some desired higher IF and also multiply 
the frequency deviation to the desired final 
value. If the FM deviation generated in the 
455-kHz modulator is 250 Hz, the devia- 
tion at 9.1 MHz is 20 x 250, or 5 kHz. A 
second conversion to the final output fre- 
quency is then performed. Prior to this fi- 
nal translation, IF band-pass filtering is 
performed in order to minimize adjacent- 
channel interference that might be caused 
by excessive frequency deviation. This 
filter needs good phase linearity to assure 
that the FM sidebands maintain the cor- 
rect phase relationships. If this is not done, 
an AM component is introduced to the sig- 
nal, which can cause nonlinear distortion 
problems in the PA stages. The final fre- 


quency translation retains a constant value 
of FM deviation for any value of the out- 
put signal frequency. 

The IF/RF amplifiers are Class C am- 
plifiers because the signal in each ampli- 
fier contains, at any one instant, only a 
single value of instantaneous frequency 
and not multiple simultaneous frequencies 
as in SSB. These amplifiers are not sources 
of IMD, so they need not be “linear.” The 
sidebands that appear in the output are a 
result only of the FM process (the Bessel 
functions). 

In phase modulation, the frequency de- 
viation is directly proportional to the fre- 
quency of the audio signal. To make the 
deviation independent of the audio fre- 
quency, an audio-frequency response that 
rolls off at 6 dB per octave is needed. An 
op-amp integrator circuit in the audio 
amplifier accomplishes this. This process 
converts phase modulation to frequency 
modulation. In addition, audio speech pro- 
cessing helps to maintain a constant value 
of speech amplitude, therefore constant IF 
deviation, with respect to audio speech 
levels. Also, preemphasis of the speech 
frequencies (6 dB per octave from 300 to 
3000 Hz) is commonly used to improve 
the signal-to-noise ratio at the receive end. 
Analysis shows that this is especially ef- 
fective in FM systems when the corre- 
sponding deemphasis is used at the re- 
ceiver (Ref 82). 

An IF limiter stage may be used to en- 
sure that any amplitude changes created 
during the modulation process are re- 
moved. The indirect-FM method allows 
complete frequency synthesis to be used 
in all the transmitter LOs, so that the 
channelization of the output frequency is 
very accurate. The IF and RF amplifier 
stages are operated in a highly efficient 
Class-C mode, which is helpful in portable 
equipment operating on small internal 
batteries. 

NBFM is more tolerant of frequency 
misalignments, between the transmitter 
and receiver, than is SSB. In commercial 
SSB communication systems, this prob- 
lem is solved by transmitting a pilot car- 
rier that is 10 or 12 dB below PEP. The 
receiver phase locks to this pilot carrier. 
The pilot carrier is also used for squelch 
and AGC purposes. A short-duration 
“memory” feature in the receiver bridges 
across brief pilot-carrier dropouts, caused 
by multipath nulls (Ref 83). 

“Direct FM” frequency modulates a high- 
frequency (say, 9 MHz or so) crystal oscil- 
lator by varying the voltage on a varactor. 
The audio is preemphasized and processed 
ahead of the frequency modulator. The 
Transceivers section of this chapter de- 
scribes such a system (see Fig 17.69). 
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Fig 17.66—Assorted broadband transmission-line transformers. 


Synthesizer => 
Reference 


SINGLE—ENDED 
HYBRID COMBINER 


SIG. 1 


Fig 17.67—Block diagram of a VHF/UHF NBFM transmitter using the indirect FM (phase modulation) method. 


TRANSVERTERS 


At VHF, UHF and microwave frequen- 
cies, transverters that interact with factory- 
made transceivers in the HF or VHF range 
are common and are often home-built. These 
units convert the transceiver transmit signal 
up to a higher frequency and convert the 
receive frequency down to the transceiver 
receive frequency. The resulting perfor- 
mance and signal quality at the higher fre- 
quencies are enhanced by the frequency sta- 
bility and the signal processing capabilities 
of the transceiver. For example, SSB and 
narrowband CW from 1.2 to 10 GHz are 


feasible, and becoming more popular. Some 
HF and VHF transceivers have special pro- 
visions such as connectors, signal-path 
switching and T/R switching that facilitate 
use with a transverter. 


VHF Transverters 


The methods of individual circuit design 
for a transverter are not much different than 
methods that have already been described. 
The most informative approach would be to 
study carefully an actual project description. 
The Projects section of this chapter contains 
a very complete description of a 222-MHz 
transverter that is an excellent example of 
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transverter design. It is fairly easy to build 
and requires a minimum of test equipment 
for tune-up and adjustment. Much can be 
learned from this project, not only about 
transverter design but about VHF circuit and 
equipment design in general. 

The interface between the transceiver and 
transverter requires some careful planning. 
For example, the transceiver power output 
must be compatible with the transverter's 
input requirements. This may require an at- 
tenuator or some modifications to a particu- 
lar transverter or transceiver. 

When receiving, the gain of the trans- 
verter must not be so large that the trans- 
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ceiver front-end is overdriven (system IMD 
is seriously degraded). On the other hand, 
the transverter gain must be high enough and 
its noise figure low enough so that the over- 
all system noise figure is within a dB or so of 
the transverter’s own noise figure. The for- 
mulas in this chapter for cascaded noise fig- 
ure and cascaded third-order intercept points 
should be used during the design process to 
assure good system performance. The 
transceiver’s performance should be either 
known or measured to assist in this effort. 


Microwave Transverters 


The microwave receiver section of this 
chapter discussed a 10-GHz transverter 
project and gave references to the OST 
articles that give a detailed description. 
The reader is encouraged to refer to these 
articles and to review the previous mate- 
rial in this chapter. 


Other Information 


The ARRL UHF / Microwave 
Experimenter's Manual and ARRL’s Micro- 
wave Projects contain additional interesting 
and valuable descriptions of transverter and 
transponder requirements. See also Refs 67- 
71 in this chapter for valuable information 
on transverter projects and design. 


TRANSCEIVERS 


In recent years the transceiver has be- 
come the most popular type of purchased- 
equipment among amateurs. The reasons 
for this popularity are: 


1, It is economical to use LOs (especially 
synthesizers), IF amplifiers and filters, 
power supplies, DSP modules and mi- 
croprocessor controls for both transmit 
and receive. 

2. Itis simpler to perform transmit-receive 
(T/R) switching functions smoothly 
and with the correct timing within the 
same piece of equipment. 

3. Itis convenient to set a receive frequency 
and the identical (or properly offset) 
transmit frequency simultaneously. 


In addition, transceivers have acquired 


very impressive arrays of operator aids 
that help the operator to communicate 
more easily and effectively. 

The complex design, numerous features 
and the very compact packaging have made 
the transceiver essentially a “store bought” 
item that is extremely difficult for the indi- 
vidual amateur to duplicate at home. The 
complexity of the work done by teams of 
design specialists at the factories is incom- 
patible with the technical backgrounds of 
nearly all individual amateur operators. 

The result of this modern trend is that 
amateur home-built equipment tends to be 
simpler, with less power output and more 
specialized (one-band, QRP, CW only, 
direct conversion, no-tune, receive only, 
transmit only and so on). Or, the amateur 
designs and builds add-on devices such as 
antenna couplers, active adaptive filters, 
computer interfaces and such. 


Transceiver Example 


As a way of providing a detailed, in- 
depth description of modern high-quality 
transceiver design, let’s discuss one recent 
example, the Ten-Tec Omni VI, an HF 
ham-band-only solid-state 100 W (output) 
transceiver, shown in Fig 17.68. Ref 84 is 
a Product Review of this radio. Let’s con- 
sider first the signal-path block diagram in 
Fig 17.69, one section at a time. 


Receiver Front End 


The receive antenna can be either the same 
as the transmitting antenna or an auxiliary 
receive antenna. A 20-dB attenuator can be 
switched in as needed. A 1.6-MHz high-pass 
filter attenuates the broadcast band. A 9.0- 
MHz trap attenuates any very strong signals 
at 9.0 MHz that might create interference in 
the form of blocking or harmonic IMD, es- 
pecially when tuned to the 10.1-MHz (30- 
m) or 7-MHz (40-m) bands. 

A set of band-pass filters, one for each 
HF amateur band, eliminates image re- 
sponses and other spurs in the first mixer. 
These filters are also used in the low-level 
transmit stages. A low-noise, high-dy- 
namic-range, grounded-gate JFET RF 
amplifier with about 9 dB of gain precedes 


Fig 17.68—Photograph of Ten-Tec Omni VI HF transceiver. 
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the double balanced diode mixer, which 
uses 17 dBm of LO in a high-side mix. 


First IF 


The first IF is 9.0 MHz. Because the LO 
is on the high side, there is a sideband in- 
version (USB becomes LSB and so on) 
after the first mixer. A grounded-gate, 
low-noise JFET amplifier terminates the 
first mixer in a resistive load and provides 
6 dB of gain. This preamp helps to estab- 
lish the receiver sensitivity (0.15 рУ) with 
minimum gain preceding the mixer. 

The preamp is followed by a 15-kHz- 
wide two-pole filter, which is used for 
NBFM reception. It is also a roofing filter 
for the IF amplifier and the noise-blanker 
circuit that follow it. 

The noise blanker gathers impulse energy 
from the 15-kHz filter, amplifies and recti- 
fies it, and opens a balanced diode noise gate. 
The IF signal ahead of the gate is delayed 
slightly by a two-pole filter so that the IF 
noise pulse and the blanking pulse arrive at 
the gate at the same time (Ref 48). 

The standard IF filter for SSB/CW has 8 
poles, is centered at 9.0015 MHz and is 
2.4 kHz wide at the —6 dB points. Follow- 
ing this filter, one optional 9.0- MHz filter 
with one of the following bandwidths can 
be installed: 1.8 KHz, 500 Hz, 250 Hz ora 
500 Hz RTTY filter. The optional filter is 
in cascade with the standard filter, for 
improved ultimate attenuation. 


Passband Tuning Section 


A mixer converts 9.0 MHz to 6.3 MHz and 
drives a standard 2.4 kHz wide filter. One of 
three optional filters, 1.8 kHz, 
0.5 kHz (CW) or 250 Hz can be selected in- 
stead. A second mixer translates back to the 
9.0-MHz frequency. A voltage tuned crystal 
oscillator at 15.301 MHz is the LO for both 
mixers. This choice of LO and the 6.3-MHz 
IF results in very low levels of harmonic IMD 
products that might cross over the signal fre- 
quency and cause spurious outputs. The pass- 
band can be tuned +1.2 kHz. 

The composite passband is the intersec- 
tion of the fixed 9.0-MHz passband and 
the tunable 6.3-MHz passband. If the first 
filter is wide and the second much nar- 
rower the passband width remains con- 
stant over most of the adjustment range. If 
both have the same bandwidth the result- 
ant bandwidth narrows considerably as the 
second filter is adjusted. This can be espe- 
cially helpful in CW mode. Fig 17.70 
shows how passband tuning works. 


Fig 17.69—Signal path block diagram, 
receive and transmit, for the Omni VI 
transceiver. 
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Fig 17.70—Explanation of passband 
tuning. A: wide first filter and narrow 
second filter. B: two narrow filters. 


IF Amplifiers after Passband Tuning 


A low-noise grounded-gate JFET ampli- 
fier, with PIN-diode AGC, establishes a low 
noise figure and a low level of IF noise after 
the last IF filter. Two IC IF amplifiers 
(MC1350P) provide most of the receive IF 
gain. These three stages provide all of the 
AGC for the receiver. The AGC loop does 
not include the narrow-band IF filters. Two 
AGC recovery times (Fast and Slow) are 
available. AGC can be switched off for 
manual RF gain control as well. The AGC 
drives the S-meter, which is calibrated at 50 
НУ for S9 and 0.8 pV for S3. 


Product Detector 


The IC product detector (CA3053E) 
uses LO frequencies of 9.000 MHz for 
LSB and CW (inreceive only), 9.003 MHz 
for USB. When switching between USB 
and LSB, for a constant value of signal 
carrier frequency (such as 14.20000 
MHz), the LO of the first mixer is moved 
3.00 kHz in order to keep the signal within 
the passband of the IF SSB filters. More 
about this later. 


Audio Notch Filter 


In the CW and digital modes, a 
switched-capacitor notch filter (MF5CN) 
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places a narrow notch in the audio band. 
The location of the notch is determined by 
the clock rate applied to the chip. This is 
determined by a VCO (CD4046BE) whose 
frequency is controlled by the front panel 
NOTCH control. 


NBFM Reception 


After the 15 kHz wide IF filter at 
9.0 MHz and before the noise blanker, the IF 
goes to the NBFM receiver chip 
(MC3371P). A mixer (8.545-MHz LO) con- 
verts it to 455 kHz. The signal goes through 
an off-chip ceramic band-pass filter, then 
goes back on-chip to the limiter stages and a 
quadrature detector. A received signal 
strength indicator (RSSI) output provides a 
dc voltage that is proportional to the dB level 
of the signal. This voltage goes to the front 
panel meter when in the NBFM mode. A 
squelch function (NBFM only) is controlled 
from a potentiometer on the front panel. 


Audio Digital Signal Processing (DSP) 


The DSP is based on the Analog De- 
vices ADSP 2105 processor. The DSP pro- 
gram is stored in an EPROM and loaded 
into the 2105's RAM on power-up. 

DSP can be used in both SSB and CW. In 
USB or LSB (not CW or data) the DSP au- 
tomatically locates and notches out one or 
several interfering carriers. In SSB or CW 
the manual audio notch filter described pre- 
viously is also available, either as a notch 
filter or to reduce high frequency response 
(hiss filter). In the CW mode the DSP can be 
instructed to low-pass filter the audio with 
several corner-frequency values. 


Audio Output 


The 1.5-W audio output uses a TDA2611 
chip. Either FM audio or SSB/CW audio or, 
in transmit, a CW sidetone, can be fed to the 
speaker or headphones. The sidetone level 
(a software adjustment) is separate from the 
volume control. The audio output, after A/D 
conversion, is also fed to the Anti-VOX al- 
gorithm in the microprocessor. 


Transmit Block Diagram 


Now, let's look at the path from micro- 
phone or key to the antenna, one stage at a 
time. 


Microphone Amplifier 


The suggested microphone is 200 Q to 
50 КО at 5 mV (—62 dB). A polarizing volt- 
age for electret mics is provided. The Mic 
Amp drives the balanced modulator, either 
directly or through the speech compressor. 
It also supplies VOX information to the mi- 
croprocessor, via an A/D converter. The 
microprocessor software sets VOX hang 
time and sensitivity, as well as the Anti- 
VOX, via the keypad. Timing and delays for 


T/R switching are also in the software. 


Speech Processor 


The audio speech processor is a com- 
pressor, as discussed in a previous section 
of this chapter. A dc voltage that is pro- 
portional to the amount of compression is 
sent to the front panel meter so that com- 
pression can be set to the proper level. 
Clipper diodes limit any fast transients 
that might overdrive the signal path 
momentarily. 


Balanced Modulator 


The balanced modulator generates a 
double-sideband, suppressed carrier IF at 9.0 
MHz. The LO is that used for the receive 
product detector. There is a carrier nulling 
adjustment. In CW and FSK modes, the 
modulator is unbalanced to let the LO pass 
through. For CW, a keying shaping circuit 
provides an adjustable 1 to 5 ms rise and fall 
time for the RF envelope. A built-in iambic 
keyer (Curtis style A or B) is adjustable from 
10 to 50 wpm. An external key or keyer can 
also be plugged in. 


IF Filter 


The standard 9.0015 MHz, 2.4 kHz- 
wide 8-pole filter (also used in receive) 
removes either the lower or upper side- 
band. The output is amplified at 9.0 MHz. 


ALC 


The forward-power measurement from 
the PA output directional coupler is used for 
ALC, which is applied at the output of the 
first 9.0-MHz IF amplifier by a PIN diode 
attenuator. A front panel LED lights when 
ALC is operating. An additional circuit 
monitors dc current in the PA and cuts back 
on RF drive if the PA current exceeds 22 A. 


Output Mixer 


This mixer translates to the output sig- 
nal frequency. The same LO frequency is 
used for each transmit mode (USB/LSB) 
and the same 3.00000-KHz frequency shift 
is used to assure that the frequency read- 
out is always correct. 


Band-pass Filters 


The mixer output contains the image, at 
9.0 plus LO and low values of harmonics 
and harmonic IMD products. A band-pass 
filter for each ham band, the same ones 
used in receive, eliminates all out of band 
products from the transmitter output. 


PAs 


Four stages of amplification, culminating 
in push-pull bipolar MRF458s in Class AB, 
supply 100 W output, CW or PEP from 160 
to 10 m. Temperature sensing of the transis- 
tors in the last two stages helps to prevent 
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Fig 17.71—LO frequency management in USB and LSB. 


thermal damage. Full output can be main- 
tained, key down, for 20 minutes. Forced air 
heat-sink cooling allows unlimited on-time. 


LO Frequency Management 


The LO goals are to achieve low levels 
of phase noise, high levels of frequency 
stability and at the same time keep equip- 
ment cost within the reach of as many 
amateurs as possible. As part one of the 
LO analysis we look at the method used to 
adjust the LOs in order to keep the speech 
spectrum of a USB or LSB signal within 
the 9.0-MHz IF filter passband. This 
method is somewhat typical for many 
equipment designs. Refer to Fig 17.71. 


First Mixer and Product Detector 


An SSB signal whose carrier frequency is 
at 14.20000 MHz, which may be LSB or 
USB, is translated so that the modulation 
(300 to 2700 Hz) in either case falls within 
the passband of the 9.0015-MHz 8-pole 
crystal filter. For a USB signal this is accom- 
plished by increasing the first LO 
3 KHz, as indicated. Since the LO is on the 
high side of the signal frequency there іѕ а 
sideband “inversion” at the first mixer. The 


passband tuning module does not change 
this relationship. At the product detector, the 
LO is increased 3 kHz in USB so that it is the 
same as the carrier (suppressed) frequency 
of the IF signal. Note that the designators 
“USB” or “LSB” at the product detector LO 
refer to the antenna signal, not the IF signal. 
The jog of the first mixer LO is accomplished 
partly within the crystal oscillator and partly 
within the VFO. The microprocessor sends 
the frequency instructions to both of these 
oscillators. Despite the frequency offsets, 
the digital readout displays the correct car- 
rier frequency, in this example 14.20000 
MHz. And, of course, the same procedures 
apply to the transmit mode. 

Another interesting idea involves the first 
LO mixer. The 18-MHz crystal and the VFO 
are added to get 23.0 to 23.5 MHz, for the 
20-m band. But the output of the LO mixer 
also contains the difference, 12.5 to 13.0 
MHz, which is just right for the 80-m band. 
For the 20-m band one BPF selects 23.0 to 
23.5 MHz. For the 80-m band the 12.5 to 
13.0-MHz BPF is selected. A problem oc- 
curs, though, because now the direction of 
frequency tuning is reversed, from high to 
low. The microprocessor corrects this by 
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300 to 2700 Hz 


XTAL Osc 
USB 9.003 
LSB 9.000 


reversing the direction of the tuning knob 
(an optical encoder). Other “book keeping” 
is performed so that the operation is trans- 
parent to the operator. A similar trick is used 
on the 17-m band and the 28.5 to 29.0-MHz 
segment of the 10-m band. 


CW-Mode LO Frequencies 


In CW mode the “transceiver problem” 
shows up. See Fig 17.72 for a discussion of 
this problem. If the received carrier is on 
exactly 14.00000 MHz and if we want to 
transmit our carrier on that same exact fre- 
quency then the transmitter and the receiver 
are both “zero beat” at 14.00000 MHz. In 
receive we would have to retune the receiver, 
say up 700 Hz, to get an audible 700-Hz beat 
note. But then when we transmit we are no 
longer on 14.0000 MHz but are at 14.00070 
MHz. We would then have to reset to 
14.00000 when we transmit. 

The transceiver’s microprocessor per- 
forms all of these operations automatically. 
Fig 17.72 shows that in receive the first-LO 
frequency is increased 700 Hz. This puts the 
first IF at 9.0007 MHz, which is inside the 
passband of the 9.0 MHz IF filter. The BFO 
is at 9.0000 MHz and an audio beat note at 
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9.0003 


RCV/XMIT 


NOTE: 
CW RCV 23.0007 


CW XMIT 23.0004 
at 9.0007 


9.0027 


Narrow 9.0 MHz 
CW filters centered 


Passband Tuning 


Fig 17.72—LO management in the CW receive and transmit modes. 


700 Hz is produced. This 700-Hz pitch is 
compared to a 700-Hz audio oscillator (from 
the microprocessor). When the two pitches 
coincide the signal frequency display of our 
transceiver coincides almost exactly with the 
frequency of the received signal. The digital 
frequency display reads “14.00000” at all 
times. The value of the 700-Hz reference 
beat can be adjusted between 400 and 
950 Hz by the user. The receive LO shift 
matches that value. 

When the optional 500/250 Hz CW 
9.0 MHz IF filters are used, these are cen- 
tered at 9.0007 MHz. These filters are used 
in receive but not in transmit. 

When wetransmit, the transmit frequency 
is that which the frequency display indicates, 
14.00000 MHz. However, there is a slight 
problem. The 9.0-MHz transmit IF must be 
increased slightly to get the speech signal 
within the passband of the 9.0 MHz IF filter. 
The transmit BFO is therefore at 9.0004 
MHz. The mixer LO is also moved up 400 
Hz so that the transmit output frequency will 
be exactly 14.0000 MHz. 

In addition to the above actions, the RIT 
(receive incremental tuning) and the XIT 
(transmit incremental tuning) knobs permit 
up to +9.9 kHz of independent control of the 
receive and transmit frequencies, relative to 
the main frequency readout. 


Local Oscillators 


Fig 17.71 indicates that the crystal oscilla- 
tor for the first mixer is phase locked. Each 
of the 10 crystals is locked to a 100-kHz ref- 
erence inside the PLL chip. This reference is 
derived from a 10-MHz system reference. 

Let’s go into some detail regarding the 
very interesting 5.0 to 5.5 MHz VFO cir- 
cuitry. Fig 17.73 is a block diagram. 

The VCO output, 200 to 220 MHz, is di- 
vided by 40 to get 5.0 to 5.5 MHz. The ref- 
erence frequency for the PLL loop is 
10kHz, so each increment of the final output 
is 10 kHz / 40, which is 250 Hz. Phase noise 
in the PLL is also divided by 40, which is 
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equivalent to 32 dB (20 x log(40)). 

To get 10-Hz steps at the output, the volt- 
age-tuned crystal oscillator at 39.94 MHz is 
tuned in 200-Hz steps (the division ratio 
from oscillator to final output is 20 instead 
of 40 because of the frequency doubler). To 
get 200-Hz steps in this oscillator, serial data 
from the microprocessor is fed into a latch. 
This data is sent from a RAM lookup table 
that has the correct values to get the 200-Hz 
increments very accurately. The outputs of 
the latch are fed into an R/2R ladder (D/A 
conversion) and the dc voltage tunes the 
VCXO. Adjustment potentiometers cali- 
brate the tuning range of the oscillator over 
5000 Hz in 200-Hz increments. At the final 
output, this tuning range fills in the 10-Hz 
steps between the 250-Hz increments of the 
PLL. Although this circuit is not phase 
locked to a reference (it’s an open-loop), the 
resulting frequency steps are very accurate, 
especially after the division by 20. This eco- 
nomical approach reduces the complexity 
and cost of the VFO considerably, but per- 
forms extremely well (very low levels of 
phase noise and frequency drift). 


CW Break-In (Fast QSK) Keying 


The radio is capable of break-in keying at 
rates up to 45 wpm when it is in the FAST 
QSK mode. This mode is also used for 
AMTOR FSK. Fig 17.74 explains the action 
and the timing involved in this T/R switch- 
ing. The sequence of events is as follows: 

1. The key is pressed. 

2. A Transmit Request is sent to the mi- 
croprocessor. 

3. The microprocessor changes the LO 
and BFO to their transmit frequencies. 

4. After a 0.25-ms delay a Transmit Out 
logic level is sent to a jack on the rear 
panel. 

5. The Transmit Out signal is jumpered to 
the TRANSMIT ENABLE jack. If an external 
Fast QSK PA is being used, an additional 
short delay is introduced while it is be- 
ing switched to the transmit mode. 


700 Hz 
Sidetone 
Generator 
(Microproc) 


XTAL Osc 
CW RCV 9.0000 
CW XMIT 9.0004 


NOTE: 

Sidetone frequency and 
CW receive LO offset both 
odjustable 400—990 Hz 


6. The Transmit Enable signal starts the 
keying-waveform circuit, which 
ramps up in 1 to 5 ms (adjustable by 
the operator). 

7. Near the bottom of this ramp, the "T" 
(transmit B+) voltage goes high and the 
“R” (receive B+) voltage goes low. The 
T/R reed relay (very fast) atthe Omni VI 
PA output switches to transmit. 

8. The shaped keying waveform goes to 
the balanced modulator and the RF 
envelope builds up. There is a very 
brief delay from balanced modulator 
to Omni VI output. The T/R relay is 
switched before the RF arrives. 

9. The key is opened. 

10. The Transmit Out and Transmit En- 
able lines go high. 

11. The keying waveform ramps down. RF 
ramps down to zero. 

12. After 5 ms (a fixed delay set by the 
microprocessor) "T" goes low and “К” 
goes high and the microprocessor re- 
turns the LO and BFO to their receive 
frequencies. 


Slow QSK 


In the Slow QSK mode the action is as 
described above. The radio reverts quickly 
to the receive mode. However, the receive 
audio is muted until the end of an extended 
(adjustable) delay time. 

There is also a relay in the Omni VI that 
can be used to T/R switch a conventional (not 
Fast QSK) external PA. This option is se- 
lected from the operator's menu and is avail- 
able only in the Slow QSK mode. The relay 
is held closed for the duration of the delay 
time in the slow QSK mode. When using this 
option the operator must ensure that the ex- 
ternal PA switches fast enough on the first 
“key-down” so that it is not “hot switched” or 
that the first dot is missed. Many older PAs 
do not respond well at high keying rates. If 
the PA is slow, we can still use the Fast QSK 
mode with the Omni VI (“barefoot”) and the 
PA will be bypassed because the optional 


Serial Input 
10-MHz 


Reference 


BPF 


x2 
Multiplier 


120-140 MHz 


Divide by N 


Phase 
Detector 
Charge Pump 


Fig 17.73—Block diagram of the VFO. 


relay is not energized in the Fast QSK mode. 


VOX 


In SSB mode, VOX and PTT perform the 
same functions and in the same manner as 
the CW Slow QSK described above. The 
VOX hang-time adjustment is separate from 
the CW hang-time adjustment. A MUTE jack 
allows manual switching (foot switch, and 
so on) to enable the transmit mode without 
applying RF. The key or the VOX then sub- 


sequently applies RF to the system. This . 


arrangement helps if the external PA has 
slow T/R switching. 


Operating Features 

Modern transceivers have, over the years, 
acquired а large ensemble of operator's aids 
that have become very popular. Here are 
some descriptions of them: 


Key Pad 


The front panel key pad is the means for 
configuring a wide assortment of operat- 
ing preferences and for selecting bands 
and modes. 


Frequency Change 


1. Use the tuning knob. The tuning rate 
can be programmed to 5.12, 2.56, 1.71, 
1.28, 1.02 or 0.85 kHz per revolution. 
The knob has adjustable drag. 

2. UP and DOWN arrows give 100 kHz per 
step. 

3. Band selection buttons. 

4. Keyboard entry of an exact frequency. 


Mode Selection 
1. Tune: puts the rig in CW mode, key down, 


Transmit 
Request 


Key Shape 
Circuit 


"R" Voltage ка ee шана 


5.0—5.5 MHz 


To Balanced 
Modulator 


/ \ 


Key Shape To "Т" and "R" 


“T” Voltage NEMINEM 


Fig 17.74—Fast QSK operation of the Omni VI transceiver. 


for various “tune-up” operations. 

2. CW: An optional DSP low-pass filter 
can be selected. Cutoff frequencies of 
600, 800, 1000, 1200 or 1400 Hz can be 
designated. A spot function generates 
a 700-Hz audio sidetone that can be 
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used for precise frequency setting (the 
received signal pitch matches the 700- 
Hz tone). The pitch of the sidetone can 
be adjusted from 400 to 950 Hz. Audio 
level is adjustable also. FAST QsK and 
SLOW QSK are available as previously 
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described. Cascaded CW filters are 
available, with passband tuning of one 
of the filters. CW filter options: 500/ 
250 Hz at 6.3 MHz IF and 500 Hz at 
9.0-MHz IF. 

3. USB or LSB: Standard SSB IF band- 
width is 2.4 kHz (two 8-pole filters in 
cascade). The second filter can be pass- 
band-tuned +1.2 kHz. Additional IF fil- 
ters with 1.8-kHz BW are available. 

4. FSK and AFSK: Special FSK filter for 
receive. AMTOR operation with FAST 
QSK capability. AFSK generator can be 
plugged into microphone jack. 

5. FM: 15-kHz IF filters at 9.0 MHz and 
455 kHz. Quadrature detection, RSSI 
output and squelch. Adjustable trans- 
mit deviation. FM transmit uses the di- 
rect method, as shown in Fig 17.69. 

6. VOX: VOX sensitivity and hang time 
adjustable via the key pad. Anti-VOX 
level adjustable. 


Time of Day Clock 
There is a digital readout on front panel. 


Built-In Iambic Keyer 


Curtis type A or B, front panel speed 
knob. Adjustable dot-dash ratio. Also ex- 
ternal key or keyer. 


Dimmer 

Adjusts brightness of front panel dis- 
play. 
Dual VFOs 


Select A or B. Independent frequency, 
mode, RIT and filter choices stored for each 
VFO. Used for split-frequency operation. 


Receiver Incremental Tuning (RIT) 
Each VFO has its own stored RIT value. 


Frequency Offset Display 
RIT value adjusted with knob. RIT can 
be toggled on and off , or cleared to zero. 
Transmitter Incremental Tuning (XIT) 
Same comments as RIT. Simultaneous 
RIT and XIT. 
Cross-Band and Cross-Mode Operation 


For cross-band operation, use PTT for 
SSB and manual switch for CW. 


Scratch-Pad Memory 


Stores a displayed frequency. Restores 
that frequency to the VFO on command. 


Band Register 


Allows toggling between two frequen- 
cies on each band. 


Memory Store 


Store 100 values of frequency, band, 
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mode, filter, RIT, XIT. Memory channels 
can be recalled by channel number (key 
pad), “scrolling” the memory channels or 
“memory tune” using the main tuning 
knob. 


Band Scan 

Automatically scan between two fre- 
quencies within a band. Scan rate is ad- 
justable. 


Lock 
Locks the main tuning dial. 


User Option Menu 


Enables configuration of the radio via 
the keypad. 


Meter 


Select between receive signal strength 
(on SSB/CW or NBFM), speech processor 
level, forward power, SWR and PA ас 
current. 


AGC 


Fast, slow, off and manual RF gain con- 
trol. 


FM Squelch Adjust 
Passband Tuning Knob 


Notch 


Automatically notch out several hetero- 
dynes on SSB/FM or manually notch on 
CW/digital modes. Adjustable low-pass 
filter in CW mode. 


Antenna Switch 


Auxiliary antenna may be selected in 
receive mode. 


Interface Port 


25-pin D connector for interface to per- 
sonal computer. 


OTHER TRANSCEIVERS 


Other transceivers vary in cost, com- 
plexity and features. The one just de- 
scribed is certainly one of the best, at a 
reasonable price. For reviews of other 
transceivers (to see the differences in cost, 
features and performance specs) refer to 
the Product Reviews in QST and ARRL's 
Radio Buyer's Sourcebook series. For ex- 
ample, see Refs 85, 86, 87, 88. 

Let's look quickly at a more expensive 
transceiver, to get some feel for other op- 
tions and design approaches at higher prices. 


The Kenwood TS-950SDX 

This radio has a “subreceiver,” contain- 
ing an SSB filter and a 500-Hz CW filter. 
Simultaneous reception on both receivers 
is possible. Both receivers can be tuned 


independently. 

A stored-message memory allows auto- 
matic transmission of short CW messages. 

It performs harmonic sampling and DSP 
at a 100-kHz IF. Digital detection is fol- 
lowed by digital filtering. The 100-kHz IF 
also has a voltage-tuned notch filter. SSB 
is generated by a DSP phasing method. 

The synthesizer uses a DDS that can 
tune in 1-Hz steps. The receiver covers 
from 100 kHz to 30 MHz. The radio uses 
up conversion to a first IF of 73 MHz, fol- 
lowed by IFs at 8.8 MHz, 455 kHz and 
100 kHz. 

The PA uses FET technology. A cool- 
ing fan is provided. The radio also con- 
tains a built-in automatic antenna tuner 
with memory retention of tuner settings. 
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A REGENERATIVE RECEIVER FOR BEGINNERS 


A modern version of the classic re- 
generative receiver is shown in Fig 
17.75. This project was designed and 
built by Charles Kitchin, NITEV. This 
kind of receiver is easy (and fun) to 
build and has been used by many gen- 
erations of hams to learn radio basics. It 
provides good general-coverage recep- 
tion of the short-wave bands from 1.6 to 
25 MHz, which includes the 80, 40, 30, 
20, 17, 15 and 12-m ham bands. It of- 
fers good sensitivity and selectivity and 
is very portable, powered by two 9-V 
batteries. [t has provision for operating 
on an external ac supply and can be user 
modified to provide any desired band 
spread on the amateur bands. A low- 
cost frequency counter may be added 
for a display. The circuit is designed to 
use series connected (64 О) Sony 
“Walkman” stereo headphones, which 
are commonly available. A 50-ft length 
of wire run to a nearby tree will suffice 
as the antenna. 


Circuit Description 
The heart of this circuit is JFET Q3, 
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which operates as a regenerative detector 
(see Fig 17.76). The circuit is basically an 
“Armstrong” oscillator that is user ad- 
justed to operate just below the threshold 
of oscillation for AM signals, and just 
above for CW and SSB. The input signal 
(tuned by L2, C8, and C9), is amplified by 
Q3. Tickler coil L3 provides regenerative 
(in-phase) feedback so that the input sig- 
nal is amplified over and over, providing 
very high gain in a single stage. In addi- 
tion to increasing the gain, regeneration 
also greatly increases the selectivity or 
“Q” of the circuit. C12 controls the amount 
of regeneration. C6 allows the user to ad- 
just the detector loading so that the signal 
is not detuned as regeneration is increased. 
This allows razor sharp regeneration ad- 
justment without premature oscillation. 
The detector operating voltage is regu- 
lated by a Zener diode, D1, which helps 
keep the detector oscillation frequency 
from drifting when receiving SSB or CW 
transmissions. 

The detector is preceded by an RF stage 
that provides gain and, more importantly, 
isolates the detector from the antenna, pre- 


*Select value of C8B for desired amount of bandspread. 


Fig 17.75—Photos of the prototype 
regenerative receiver. 
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venting its oscillations from interfering 
with other receivers in the area. An op- 
tional AM band trap can be tuned to reject 
interference from any nearby AM broad- 
cast stations. : 

The audio stage uses an Analog Devices 
AD745 op amp that replaces the usual two 
stages of audio amplification and an out- 
put transformer. This op amp has enough 
output current capability to directly drive 
series connected “Walkman” type head- 


phones to high levels with low distortion, 
and yet it only draws 8 mA from the batter- 
ies. 


Construction Details 


The prototype receiver was built on a 
wooden chassis. This makes construction 
much easier, reduces loading effects 
caused by placing metal objects too close 
to the main tuning coil, and provides a nice 
looking receiver. The base is a piece of 


3/4x10x6-inch poplar. The sides and back 
are !/4-inch plywood. The two side pieces 
are 6!/4x5'/4 inches. The back panel is 
10x4 inches and is braced to the base with 
a 10х1'/2х3/а-іпсһ piece of poplar and 
wood screws. 

The front panel is the black-wrinkle 
finished steel U-shaped top from a 
10x51/4x3'/2-inch metal cabinet. If de- 
sired, the front panel can also be made 
of plywood as long as the metal frames 


Fig 17.76—A regenerative receiver for beginners. Part Suppliers: OSE = Ocean State Electronics; AES = Antique Electronics 
Supply; FRS = Fair Radio Sales; NE = Newark Electronics; RS = Radio Shack. Look at the ARRL Address List in the 
References chapter for current addresses (OSE, AES, FRS). NE and RS are chain stores, look for them in your local yellow 


pages. 


C1—50-pF mica capacitor. 

C2—95-420—pF mica trimmer capacitor 
(RS# 272-1336). 

C3, C4, C5, C11—1000-pF mica 
capacitor. 

C6—100-pF air variable capacitor. 

C7, C17, C18—0.01-uF disc ceramic 
capacitor. 

C8A*—15-pF air variable capacitor. 

C8B—Small mica capacitor to set 
desired band spread: 2-20-pF. 

C9*—10-365-pF air-variable capacitor. 

C10—100-pF mica capacitor. 

C12*—250-pF air-variable capacitor. 

C13—10-uF, 16-V tantalum or 


+9 V dc 


C14 U1 
AD745JN 


R8 
100 kQ 
VOLUME 


R7 
1.5 КО 


1N4736A 
6.8 V 
Zener 


Audio Amplifier 


electrolytic capacitor. 

С14—0.1-рҒ disc ceramic or Mylar 
capacitor. 

C15,C16—33-LF, 16-V tantalum or 
electrolytic capacitor. 

D1—1N4736A 6.8-V Zener diode (OSE). 

J1—Phono jack. 

J2—Stereo headphone jack—note that 
the common terminal is not 
connected. 

J3, J4—Five-way binding posts for 
antenna and ground connections, 

J5, J6, J7—Banana jacks. 

L1—200-uH RFC (OSE). 

L2, L3—Plug-in coils (see Fig 17.77 for 
winding data). 
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Q1-Q3—2N4416 Motorola VHF N- 
channel JFET (NE). 

R1—200-kQ ‘/e-W 5% carbon 
composition resistor. 

R2—200-Q '/s-W 5% carbon 
composition resistor. 

R3—56-kQ ‘/e-W 5% carbon 
composition resistor. 

R4—150-kQ potentiometer. 

R5—1-MQ '/s-W 5% carbon composition 
resistor. 

R6—3.3-kQ '/s-W 5% carbon 
composition resistor. 

R7—1.5-kO ‘/e-W 5% carbon 
composition resistor. 

R8—100-kQ potentiometer. 

R9—1-kQ '/s-W 5% carbon composition 
resistor. 

R10—330-kQ ‘/e-W 5% carbon 
composition resistor. 

R11—680-Q '/s-W 5% carbon 
composition resistor. 

R12—51-0 '/s-W 5% carbon 
composition resistor. 

RFC1, RFC2—J. W. Miller #70F253A 
2.5-mH RF choke (OSE). 

S1—DPST toggle switch. 

U1—Analog Devices AD745JN low- 
noise op amp (NE). 


Miscellaneous: 

Vernier dial (OSE) or vernier reduction 
drive (OSE) (FRS) or use "Jackson" 
drive. 

Vector #4112-4 plug board (NE) or low- 
cost 4'/2x6-inch standard and copper 
clad board (RS). 


*C6, C8, C9, and C12—available from 
(AES), (OSE), (FRS). 


Measured Parameters 

50-Q input termination, Sensitivity 
(discernible 1-kHz audio output for 
100% modulated RF input level) 


Sensitivity: 
CW & SSB (detector oscillating) 0.3 uV 
AM (detector not oscillating) 1 uV. 


Selectivity: 

Variable, depending on setting of C6 
from approximately 10 kHz to a few 
hundred Hz at critical regeneration. 
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Main To C10, RS 
Winding 


L2 


L2 Tap to C6 


Tickler 
Winding To Drain of Q3 


L3 To RFC2 


Coil forms are 1—1/2 inch OD thin—walled 
plastic PVC (standard plastic sink drain pipe). 


For multiband operation, use plug-in coils 
(see text). 


Fig 17.77—Details and winding data for L2/L3. 


Coil Data for the Regenerative Receiver 


Turns required for use with a 10 to 365-pF tuning capacitor, 420 enameled wired 


and a 1'/2-inch OD coil form. 


Frequency Range L3 

(MHz) turns (uH) 
1.6 to 5.5 8(3.9) 

3 to 12 4(1.1) 

8 to 25 2(0.3) 


of the tuning and regeneration capaci- 
tors and the shaft of the volume control 
are grounded to the circuit board 
through short leads. 

The circuit was built on a Vector 
4112-4 predrilled fiberglass breadboard 
with a metal ground plane on one side. 
The board was cut to 5'/4x4'/2 inches. 
All ground leads are short and made 
directly to the ground plane, which is on 
top. 

The detector and RF stages are lo- 
cated on the left side of the board, the 
main tuning capacitor, C9, is screwed 
directly onto the top center of the board 
(grounding it directly), and the audio 
amplifier section is located on the right- 
hand side. Wiring is point to point, us- 
ing the shortest leads possible. The 
metal front panel is grounded. 

It is a good idea to build receiver cir- 
cuits backwards. That is, audio stage 
first, then detector, then RF stage. Test 
each stage to be sure it functions before 
you start the next. Note that the head- 
phone jack common terminal is not con- 
nected, so don't mount the jack through 
a grounded panel. In the receiver shown, 
the jack was mounted through the right- 
hand wooden side panel. The audio out- 
put jack is mounted just above it. 

An optional RF shield was used be- 
tween the detector and RF stages. It 
consists of a 5?/4x3!/4-inch double sided 
PC board mounted vertically with both 
foils soldered to the ground plane of the 
main board (thus making a double 
shield). A small one-inch-square win- 
dow was cut at the bottom edge of the 
shield to pass wiring between the stages. 
The ground lug of the RF GAIN control is 
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L2 L2 tap 

turns (uH) turns (% of L2) 
30(30.0) 10(30%) 

13(8.6) 4(31%) 

5(1.7) 1(20%) 


soldered to the RF shield to hold the 
control in place. This control could also 
be placed on the front or side panels of 
the receiver and connected to the RF 
section using shielded wire. 

The REGENERATION ADJUST control, 
C12, is located on the top-left side of 
the front panel with the DETECTOR LOAD- 
ING capacitor directly below it. Because 
the DETECTOR LOADING capacitor must 
be isolated from ground, a small piece 
of insulated board was attached to the 
capacitor frame. This allows it to be 
screwed down onto the wooden base. 
The shaft of the loading capacitor 
passes through an oversized hole in the 
front panel. 

The shaft of the MAIN TUNING capaci- 
tor is attached to a vernier dial. This 
receiver uses a vintage 4-inch “velvet 
vernier" dial (from the 1930s), which 
was purchased at a local hamfest. Al- 
though smaller and of lesser quality, 
new vernier dials can be purchased from 
several suppliers as can the vernier 
drive mechanism itself (without the 
front plate and knob—see parts list). 
The VOLUME control is located at the top 
right-hand side of the front panel; the 
BAND-SPREAD TUNING capacitor, C8A, is 
located below it. C8B is a small fixed 
capacitor selected to provide the desired 
band spread. For general-coverage use, 
the vernier dial should be used on the 
main tuning capacitor. For maximum 
bandspread on the amateur bands, use 
the vernier on the band spread capacitor 
and a large knob for the main tuning. In 
all cases, plastic knobs are best for all 
the controls; they prevent hand capaci- 
tance effects. 


On the back panel, two five-way bind- 
ing posts provide ANTENNA and GROUND 
connections and three banana jacks al- 
low connection of an optional ac power 
supply. The ON/OFF switch, HEADPHONE 
jack and AUDIO OUTPUT jack are mounted 
on the right-side panel. 

This receiver can use a single fixed 
coil form for L2 and L3 to cover a single 
range of frequencies or it can use plug 
in coils to cover several bands (Fig 
17.77). For fixed coils, standard 1'/2- 
inch thin-wall PVC pipe (plastic sink 
drain pipe) is easy to find, and it works 
well. Use #20 enameled wire to wind 
both L2 and L3 in the same direction. 
To avoid detuning effects, wind L3 on 
the bottom (ground end) of L2, witha '/ 
4" space between windings as shown in 
the figure. 

When winding the coils on a PVC 
form, first drill two small holes at the 
beginning of each winding. Next, feed 
the wire into the pipe through the first 
hole and out again through the second. 
Tie a knot at the point in the wire where 
it enters the form—this will hold the 
wire securely. Wind the coil tightly onto 
the form. When you reach the proper 
number of turns on L2, where the tap is 
placed, simply sand off a small amount 
of insulation from the wire and solder a 
lead to it. When the winding is finished, 
drill two more holes and tie a knot at the 
end to hold the coil in place. Be sure to 
leave enough extra wire at both ends of 
the winding to make connections, and 
clean the ends of the leads before sol- 
dering. Plug-in coil forms may be pur- 
chased from Antique Electronics Sup- 
ply (see the References chapter Address 
List). 

Plugs for the coils may be easily made 
from the bases of 4, 5, Gor 8-pin vacuum 
tubes (tube bases can be purchased, or 
old tubes can be "cannibalized" by re- 
moving the glass envelope and “in- 
nards"). After winding the coil, push a 
tube base inside the PVC coil form, drill 
a couple of holes through both, and fas- 
ten them together with small machine 
screws and nuts. Four-pin tube bases fit 
perfectly into 1'/inch PVC. Others, 
such as common octal bases, may need 
a couple wraps of electrical tape for a 
snug fit. When using four-pin bases, a 
separate banana plug and jack can serve 
as the fifth pin that connects the L2 tap 
to C6. You can also make plug-in coils 
by attaching standard chassis connector 
plugs to plastic pill-bottle coil forms: 
Drill a small hole through the center of 
the plug and the bottom center of the 
pill bottle. Again, hold the two together 
with small machine screws and nuts. 


With any plug-in coil, run the wires 
from each winding inside the coil form 
and solder them to one of the pins on the 
plug, ensuring that all the coils are wired 
exactly the same. The completed coil 
form then plugs into acompanion socket 
that is screwed to the wooden base. Be 
sure to locate the coil at least one inch 

.away from any metal object. 


Circuit Testing 


Test the audio stage by installing the 
batteries, plugging the headphones into 
J2, turning the VOLUME control half way 
up and placing your finger on the center 
terminal (wiper) of the control. If you 
hear a buzz (the buzz is power-line noise 
picked up by your body), it's working. 
Test the detector by setting C6 for mini- 
mum capacitance and then slowly in- 
crease the capacitance of the REGENERA- 
TION control, C12, until the detector 
oscillates, producing a hiss or squeal in 
the headphones. If the detector does not 
oscillate, carefully check the wiring for 
errors. If the wiring seems okay, try 
swapping the wires to the tickler wind- 
ing, L3. Once the detector is oscillating, 
temporarily connect an antenna to the 
input (Q2) side of C6 and tune in a 
strong station that doesn't fade. Adjust 
C6 and C12 for best reception. 

Test the RF stage by connecting the 
antenna to C1 and adjusting the RF GAIN 
control, R4, for maximum volume. If the 
received station now comes in weaker 
than it did using just the detector, re- 
check the RF-stage wiring. If a strong 
AM broadcast station is being received, 
it will be necessary to install the op- 
tional AM band trap; adjust C2 to tune 
out the offending station. An alternative 
to the AM trap is a low-pass filter (built 
from a standard TV balun transformer— 
see Fig 17.78) to restrict reception be- 
low 5 MHz. If the balun is used, make 
C1 a variable capacitor and adjust it for 
best sensitivity. The balun is cheaper 
and easier to find than the 200-uH choke 
used for the AM trap, but the receiver's 
sensitivity will be reduced and it will 
not cover the 80 and 160-m bands. 

In the time honored tradition of Amateur 
Radio, simply experiment with the number 
of turns on coil L2 to get the exact range of 
frequencies desired. That is, simply add 
turns to lower the range of reception frequen- 
cies or remove turns to raise it. Accordingly, 
150 or 250-pF variable capacitors can be 
substituted for the 365-pF main tuner and 
likewise, 1 or 2-inch coil forms can be used 
instead of the 1'/2-inch diameter specified, 
as long as the number of turns on L2 and L3 
are changed to provide the desired'range of 
frequencies and degree of regeneration. 
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Fig 17.78—Optional modifications for the regenerative receiver. A shows а 5-MHz 
high-pass filter that uses a TV balun as an inductor. This filter is less expensive 
than the AM broadcast trap, but it lessens sensitivity and prevents reception of 
the 160 and 80-m ham bands. B is an ac power supply; keep the supply isolated 
from the receiver (see text). The pickup loop at C couples some of the detector 
signal to a frequency counter for use as a display. D is an audio low-pass filter. 
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(Calculated inductance values for the coils 
are given in Fig 17.77.) 

If you build the optional ac power supply 
(Fig 17.78), be sure to build it on a separate 
wooden board and use a long three-wire 
cable (telephone wire works well)—2 ft 
long, or more, to physically isolate the power 
supply from the receiver. If you use an exter- 
nal supply other than that shown, be sure 
that it is well filtered. Other options include 
a low-pass filter to reduce the audio band- 
width and a pickup loop to drive a frequency 
counter display. (The display will only work 
when the detector is oscillating.) 


Tuning Tips 
Use two hands when operating the re- 


ceiver, one for tuning, the other to adjust 
regeneration. For maximum sensitivity, 


the regeneration level needs to be main- 
tained at a point just below (for AM sig- 
nals) or just above (for CW and SSB) the 
threshold of oscillation. When the detec- 
tor is oscillating, as when receiving SSB 
or CW transmissions, it will tend to lock 
onto the center of strong RF signals and 
prevent or “block” tuning to either side of 
the carrier—this can make SSB difficult 
to receive. To avoid blocking, set the de- 
tector loading control for less capacitance 
and increase the level of regeneration. 
Very high sensitivity can be achieved, for 
receiving very weak AM signals, by oper- 
ating the detector just above oscillation 
and zero beating the carrier. This is known 
as “autodyne” reception. 

The correct adjustment of the DETECTOR 


THE R2: AN IMAGE-REJECTING D-C RECEIVER 


Direct-conversion (D-C) receivers are 
capable of outstanding performance. This 
receiver (see Fig 17.79) was designed and 
built by Rick Campbell, KK7B; and origi- 
nally appeared in the January 1993 QST. It 
has been used from 25 kHz to 6 GHz with 
excellent results. It works well and sounds 
good because it combines several desir- 
able traits: 


* high third-order, two-tone dynamic range; 


* moderate noise figure; 

* low distortion from antenna to speaker 
leads; and 

* 60 dB of output signal-to-noise ratio. 


Some D-C receivers are significantly 
flawed in that they have no opposite-side- 
band rejection. This flaw can cause real 
problems: On crowded HF bands, the op- 
posite sideband is almost always occupied 
by an interfering signal or two. On VHF 


Fig 17.79—A simple modular 40-m CW QRP transceiver built around an R2 board. 
R2 is built in the box on the lower left; the LO phase-shift network from Fig 17.85A 
is in the small box connected to rear of R2 with BNC connectors. A 7-MHz VFO is 
in the larger box on the right. Resting atop R2 is a 1-W CW transmitter with low- 
pass filter and break-in circuitry. The transmitter and VFO were borrowed from 
other published projects (see text). (photos by Kirk Kleinschmidt, NTOZ) 
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LOADING capacitor, C6, is critical to the 
operation of this receiver because it 
decouples the detector from the RF stage 
and permits very high selectivity, which 
helps to separate stations on a crowded 
band. Its adjustment is a trade-off: less 
coupling (less capacitance) reduces the 
loading and provides higher selectivity but 
it also reduces the signal level coming 
from the RF stage and therefore the 
receiver's sensitivity. 

Space limitations do not permit us to 
show a companion super regenerative re- 
ceiver for the VHF and UHF bands. If 
you're interested, look at "The Lost Tech- 
nology of Super Regeneration" by Charles 
Kitchin in the fall 1994 Communications 
Quarterly. 


and microwaves, the noise in the opposite 
sideband reduces the signal-to-noise ratio 
by up to 3 dB.! 

There are two ways to get rid of the op- 
posite sideband: (1) a narrow filter before 
the down converter; or (2) an image-reject 
mixer. A fixed-frequency D-C receiver 
preceded by a narrow filter and tunable 
converter is a conventional superhet. The 
image-reject mixer is less familiar (see Fig 
17.80). 

For many years, the difficulty of accu- 
rate phase control has made the filter 
method of image rejection dominant. To- 
day, the required phase and amplitude tol- 
erances are easy to obtain with modern 
components. A properly designed phasing 
exciter has fewer adjustments (and fewer 
spurs) than a filter rig! 


The Design 


This radio is based on a wealth of excel- 
lent technical material at hand, in particu- 
lar the outstanding papers by Oppelt.2? 
The goal was to add single-signal capabil- 
ity to an earlier design (called the "R1") 


1R. Campbell, “Low Noise Receiver Analy- 
sis," in Proceedings of Microwave Update 
'91, published by the ARRL. 

? R. Oppelt, "The Generation and Demodula- 
tion of SSB Signals Using the Phasing 
Method Part 1: Basic Theory," VHF Com- 
munications, vol 19, Ed 2, summer 1987, 
pp 66-72. 

3R. Oppelt, “The Generation and Demodula- 
tion of SSB Signals Using the Phasing 
Method Part 2: Signal Processing for a 
SSB/DSB/AM Transceiver Without Using 
Crystal Filters," VHF Communications, vol 
19, Ed 3, fall 1987, pp 130-140. 


without degrading its otherwise outstand- 
ing performance.4 

Fig 17.81 is the block diagram of the 
“R2” receiver. The phasing image re- 
jection is performed by an RF splitter, a 
second mixer, diplexer and audio 
preamp, and an audio phase-shift net- 
work and summer using a pair of quad 
op amps. For maximum flexibility, the 


0.71 cos 2n(fo + fy) t 
+0.71 cos 2n(fg— f2)t 
Signal f4 Hz above 
LO freq 
(upper sideband) 
cos 2 (fo + 5) + 


cos 2nfgt 


—3 dB 
Splitter 


cos 2 n (fg — fg) t 
Signal fg Hz below 
LO freq 
(lower sideband) 


0.71 cos 2n(fo+ f1)t 
+0.71 cos 2n(fg ~ f2)t 


Local Oscillator 
Input 
1.41 cos 2nfot 


90? phase-shift network for the LO is 
off the board. The complete schematic 
is shown in Fig 17.82. All of the parts fit 
comfortably on a 3x5-inch double-sided 
PC board.5 


Circuit Details 


The first component the input signal 
sees is the RF input splitter. A Toko 


0.35 cos 2nf,t 
Low-Pass +0.35 cos 2nfot 


Filter 


0.5 cos 2nf5t 
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Combiner 


—0.35 cos 2114 
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—0.35 sin 2nfit 
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Fig 17.80—Block diagram of an image-reject mixer. The sines and cosines 
represent the local oscillator signal and signals above and below the LO 
frequency. Signals above the LO frequency cancel at the output, while signals 


below the LO frequency add. 
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TK2518 is cheap ($2), small, and avail- 
able from Digi-Key (see the Address List 
in the References сһарѓег).6 It is rated 
from 20 MHz to 600 MHz, but when tried 
on 40 m it worked. A Mini-Circuits 
PSC2-1 splitter worked fine as well, but it 
is a lot more expensive ($12). A home- 
brew alternative for operation below 
20 MHz, is shown in Fig 17.83. 

After the splitter, the input signals are 
multiplied with the 90?-out-of-phase 
LOs, filtered and amplified in a pair of 
identical channels. They are referred to 
as the I channel (for “In phase") and the 
Q channel (for “Quadrature,” a fancy 
word for “90° out of phase"). Ampli- 
tude and phase-shift errors in the I and 


^ R. Campbell, “High-Performance Direct- 
Conversion Receivers," QST, Aug 1992, 
pp 19-28. This article provides a good dis- 
cussion of D-C receiver techniques. 

5 An etching template/part-overlay package 
for a single-sided version of the R2 PC 
board is available from the ARRL for 
an SASE. Address your request for the 
CAMPBELL R2 BOARD TEMPLATE to 
Technical Department Secretary at ARRL 
HQ. Double-sided etched boards were 
once available from the author, but he can 
no longer supply them. Boards may be 
available from a commercial supplier in the 
future. If that happens, the information will 
be added to the template package. 

6 One source for SBL-1 mixers is Oak Hills 
Research. XICON 1% polyester film ca- 
pacitors used in the audio phase-shift net- 
work are available from Mouser Electron- 
ics. All other parts are available from Digi- 
Key. For current addresses look at the Ad- 
dress List in the References chapter. 


Components inside dashed lines 
are included on the original 
R1 board. 


AF 
Output 


Fig 17.81—Block diagram of the R2 single-signal direct-conversion receiver. The sections inside the dashed lines are 
included on the original R1 board. Added are an RF splitter, second mixer, diplexer and low-noise preamp, an audio phase- 


shift network and a summer. 
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Fig 17.82—See next page for 
caption. 
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Fig 17.82 (see previous two pages)— 
The local oscillator, LO phase-shift 
network and front-end filter are located 
off the board. The resistors in the audio 
phase-shift networks (R20-R28 and 
R35-R43) are 1%-tolerance metal-film 
units. Other resistors are 5%-tolerance 
carbon-film or composition units. 
Inductors are Toko 10RB series fixed 
inductors. Polarized capacitors are 
aluminum electrolytics rated at 16 V dc. 
The capacitors in the audio phase-shift 
networks (C21 to C23 and C26 to C28) 
are 1%-tolerance XICON polyester-film 
units available from Mouser (see text). 
The capacitors in the diplexers (C1, C3- 
C5, C11, C13-C15) and 300-Hz high- 
pass filter (C43, C44) are Panasonic 
type ECQ-E(F) 100-V, 10%-tolerance 
miniature metalized polyester film 
units. C32-C37 in the low-pass filter are 
Panasonic V-series 50-V, 5%-tolerance 
metalized film capacitors; C31 is a 50-V 
Panasonic P-series polypropylene 
capacitor. C38, C46 and C48 are disc- 
ceramic capacitors. The other 
capacitors can be metalized polyester 
or ceramic-disc capacitors. See Note 6 
for part sources. Off-board connections 
1 through 3 and the sipEBAND ЅЕГЕСТ note 
refer to Fig 17.84. 


C2, С12—0.001-рЕ chip capacitor. 
These parts are necessary only if the 
board is used at VHF or UHF. 

R30—10-kQ single-turn PC-board- 
mount control (Panasonic MAG14 or 
equivalent). 

R53—500-2 audio-taper control. 

R57—10-kQ single-turn PC-board- 
mount control (Panasonic MAG14 or 
equivalent). 

U1—Toko TK-2518 power splitter (this 
part is called a balun transformer in 
the Digi-Key catalog). See text. 

U2,U3—Mini-Circults SBL-1 double 
balanced mixer. Other mixers may be 
substituted if higher dynamic range 
is needed or other frequency ranges 
are desired. 


2 bifilar turns on 
#45 ferrite bead @ 


@ Phasing 
4 turns on #43 ferrite bead 
(50 0:25 0 auto—transformer). 
Tap 3 turns above ground. 


Fig 17.83—This home-brew in-phase 
splitter is an alternative to the 
commercial RF power splitter (U1) of 
Fig 17.82. 
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Q channels must be carefully con- 
trolled. If there is a difference in the 
conversion loss of the two mixers or the 
gain of an audio preamp, it can be com- 
pensated by adjusting the AMPLITUDE 
BALANCE potentiometer (R30). 

If the amplitude difference is a func- 
tion of frequency, however, R30 can 
only correct for at a single audio fre- 
quency. Since the diplexer network be- 
tween the mixer IF port and the audio 
preamp in each channel has an ampli- 
tude and phase characteristic that var- 
ies rapidly with frequency over the 
audio range, it is necessary to carefully 
select the components marked with 
asterisks in the schematic. Each com- 
ponent needs to be within 1% of the 
value of its counterpart in the other 
channel. The matched pairs may vary 
from the schematic value by up to 10% 
with no significant change in perfor- 
mance, but they must be within 1% of 
each other. Ten sets of the marked parts 
were matched with an RLC bridge, 
yielding four sets matched to within 1%. 

In an ideal world with ideal components, 
it would be possible to have identical I and 
Q channels, a perfect 90? audio-phase-shift 
network, and thereby obtain infinite oppo- 
site-sideband suppression. Oppelt has done 
an excellent study of the errors introduced 
using real components (see Note 2). To 
paraphrase his many pages of analysis, it is 
trivial to build a receiver with 20 dB of op- 
posite-sideband suppression, easy to get 30 
dB, not too tough to obtain 40 dB, a real 
stretch to reach 50 dB, and quite likely im- 


AMPLITUDE 
BALANCE 


possible to hit 60 dB. 

In order to achieve easy reproducibil- 
ity and decent performance with off- 
the-shelf components, this receiver is 
designed for the "not-too-tough" 40 dB 
rejection. The phase-shift network is 
similar to one used by Breed, but it uses 
the third-order coefficients calculated 
by Oppelt (see Note 3). In the audio 
phase-shift network, R20 through R28, 
R35 through R43, C21 through C23 and 
C26 through C28 must be within 1% of 
the schematic value. The first prototype 
used hand selected components, but all 
subsequent versions have used off-the- 
shelf 1% resistors and capacitors. There 
is no performance difference. 

The phase-shift network and combiner 
can handle fairly large signals without dis- 
tortion. The design goal was to have the 
preamplifier distort before the phase-shift 
network. If distortion occurs between the RF 
splitter and op-amp summer, the distortion 
products will not have the proper phase re- 
lationship, and they will not be suppressed 
in the opposite sideband. The result: Strong 
signals have worse opposite-sideband sup- 
pression than weak signals! This would be 
an unhappy circumstance indeed, but it has 
not been a problem at input signal levels well 
up into the millivolt range. 

If you want to select the upper or lower 
sideband for reception, the best approach is 
to add the op-amp subtractor circuit shown 
in Fig 17.84, with its own AMPLITUDE BAL- 
ANCE pot. Then sideband selection is simply 
amatter of connecting the volume control to 
the appropriate sideband output with an 


Op-Amp 
Subtractor 


US, Pin 1 


Opposite 
Sideband 


SIDEBAND 


NE5532 SELECT 


Fig 17.84—This subtractor circuit may be used to switch between sidebands or 
for simultaneous reception of both sidebands (see text). All connections go to 


the main schematic, Fig 17.82. 


SPDT SIDEBAND SELECT switch. An indepen- 
dent filter and audio output stage could be 
added if ISB reception is desired. 

Many other audio-phase-shift networks 
may be used in place of the op-amp ver- 
sion shown here. The I and Q channel sig- 
nals may be digitized at the points marked 
x in the schematic, and all of the phase 
shifting, combining and filtering opera- 
tions performed in DSP hardware and 
software. That will probably be the pre- 
ferred receiver architecture for any band 
and any mode in the 21st century. 

All of the circuitry after the op-amp sum- 
mer is identical to the R1 receiver described 
in August '92 QST. Fig 17.82 shows com- 
ponent values for a 3-kHz elliptical low-pass 
filter. Audio hiss may be objectionable dur- 
ing headphone listening. If you're bothered 
by hiss, add the RC networks described in 
the August '92 QST article to U6. 


Receiver Construction 


The first prototype used cut-up pieces of 
R1 boards interconnected over an unetched 
PC board ground plane. The RF grounding 
techniques were good and less care was used 
with the audio grounds. It worked fine. The 
single-board layout took much more care 
with the audio grounds, and still didn't have 
any problems. The only instability resulted 
from audio feedback via magnetic coupling 
between a speaker lead (either one!) and the 
inductors in the diplexer stages. This is easy 
to cure by simply moving the speaker wires 
a few inches away from the inductors, but it 
can be a real puzzle if you don't expect it. 

A band-pass filter on the RF input is 
good practice, although a simple low-pass 
filter to suppress signals near the odd har- 
monics of the LO will suffice. On 40 т 
you may need a narrow band-pass filter to 
attenuate broadcast stations. Above 10 
MHz, a preamp will be needed in quiet 
locations. A preamp also helps isolate the 
LO from the antenna. The R2 may be used 
on any frequency from 1 to 500 MHz with 
the SBL-1 mixers shown in the schematic. 
Other mixers can be substituted for higher 
or lower frequencies. 

If you do all the trig' identities, follow the 
phase shifts through the schematic, and care- 
fully connect everything, Murphy guaran- 
tees that you will end up with the wrong 
sideband. It is much easier to simply hook it 
up and then switch the LO connection if it's 
wrong. If youcanconvince Murphy that you 
really don't care, you have a 5096 chance of 
getting it right the first time! 


Local Oscillator 

The R2 board with SBL-1 mixers needs 
two +7 dBm (nominal) LO signals, 90° 
out of phase. All of the LO phase-shift 
techniques shown in Fig 17.85 have been 


Output 1 


(Used by Breed) 
Xc = 50 N © design freq 


Output 2 


In—Phase 
Splitter Line 


In—Phase 
Splitter 


(c) 


1 


Lumped Element C2 


Wilkinson 


Transmission 


Ag 
1 = гав longer than [2 


if RG-174, then Ag м 675 A 


X = Xe = 50 0 
See Table 17.1 


XL = X2 = 710 
Ха = 35 0 

Xc» = Хез = 71 0 
х,у = 50 0 

Xc4 = Хс5 = 50 0 
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Fig 17.85 —Ғоиг possibilities for a 90° LO phase-shift network. The simple RC 
network shown at A is fine for many MF/HF applications and has been used by the 
author on 40, 20 and 2 m. The actual value of the capacitors depends on 
terminating impedances. Start with 450 pF on 7 MHz, 225 pF on 14 MHz and 22 pF 
on 144 MHz. See text. The circuit at B uses transmission lines and is practical at 
VHF and UHF. Examples: If L1 and L2 are made from RG-174, L1 is 69.1 inches 
longer than L2 at 28.5 MHz; 13.7 inches longer at 144.2 MHz and 8.86 inches 
longer at 222.1 MHz. The circuits at C and D will work better for more serious 
applications (see text). Component values for a variety of frequencies are shown 


in Table 17.1. 


tried, and there are many other untried 
schemes as well. Since there may be a few 
degrees of phase error in the splitters and 
mixers, it is necessary to tweak the LO 
phase-shift network for best opposite- 
sideband suppression. Some phase-shift 
networks are easier to tweak than others— 


Receivers, Transmitters, Transceivers and Projects 


it is easier to adjust a trimmer capacitor 
than cut '/s-inch pieces off RG-174 phas- 
ing lines! 

The simple LO phase-shift network in 
Fig 17.85A has been used on 40, 20 and 
2 m by tacking in different capacitors and 
adjusting them for best opposite-sideband 
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suppression. It works fine, but has two 
peculiarities: 


* When adjusted for a 90? phase differ- 
ence with loads connected to outputs 1 
and 2, the output levels will be differ- 
ent. 

* The phase at each output depends on the 
load impedance. 


The LO-port impedance and conversion 
loss of the SBL-1 mixers are functions of 
drive level, so there is a complicated inter- 
action between the adjustments of the net- 
work in Fig 17.85A and the AMPLITUDE 
BALANCE potentiometer (R30). In practice, 
justtweak them both and forget the theory, 
but strange things can happen with the 
network in Fig 17.85А in the system. 

Anything that changes the LO drive 
level at the input or the impedances con- 
nected to the outputs of the network will 
require readjustment of both phase-shift 
network capacitors and the AMPLITUDE 
BALANCE control. One operator noted 
greatly reduced opposite-sideband sup- 
pression when he increased the supply 
voltage from 12 to 14! 

The network in Fig 17.85A is easy to 
build and works well within the limitations 
described above. For more serious appli- 
cations (especially if sideband selection 
or operation from a variety of supply volt- 
ages is anticipated), use one of the LO 
phase-shift networks shown іп 
Fig 17.85C, Fig 17.85D and Table 17.1. 

It is difficult to recommend an LO for a 
receiver board that may be used anywhere 
from VLF to microwaves! For HF use, this 
Handbook, QRP Classics and Solid State 
Design contain many suitable examples. 
For VLF and LF, old signal generators 
work fine, and they have incredible 
bandspread. At VHF and up, the literature 
is a bitsparse, butan HF VFO followed by 
asimple transverter works well. At higher 
frequencies, a VXO and multiplier chain 
may be used. 


Tuning 


There are two trimmer potentiometers 
on the R2 board and a single LO phase- 


shift adjustment off the board. It's not 
quite “no tune," but it’s easier than even a 
simple superhet! R57 sets the quiescent 
current of the audio-output stage. It can be 
set for a total R2 board current of about 
100 mA—it's not critical. 

The AMPLITUDE BALANCE pot (R30) and 
the LO phase-shift adjustment can be set 
by ear: tune inastrong carrieron the wrong 
sideband and then alternately tweak the 
two controls for a null. 

One way to tune for best opposite-side- 
band suppression is by setting a signal 
generator on the audio image (“wrong side 
of zero beat") and then alternately adjust- 
ing the phase shift and amplitude balance 
(R30) while watching the output on an 
audio-frequency level meter. Optimize the 
circuit at a frequency near the middle of 
the audio range, and then tune around to 
make sure the opposite-sideband suppres- 
sion is good from 300 to 3000 Hz. Adjust 
a step attenuator for the same signal level 
on the desired and undesired sideband and 
record the respective attenuator settings. 
The difference in attenuator settings is the 
opposite-sideband suppression. Once the 
phase shift and amplitude balance are ad- 
justed, lock them in place with nail polish. 
After a year and thousands of miles on the 
road, the first prototype shows no signs of 
needing alignment. 


R2 Performance and Impressions 


The R2 prototype with a 3-kHz ellipti- 
cal filter was assembled and tested on the 
bench. There were no surprises—it was an 
RI board with slightly better dynamic 
range, slightly better noise figure, and 
41 dB of opposite-sideband suppression. 
The real shock came when a 40-m antenna 
and VFO were connected. CW signals 
simply disappeared when they passed 
through zero beat. Murphy had it con- 
nected for USB, and there was no sound of 
any LSB up in the phone band. It sounded 
too good—was something wrong with the 
picture? Comparisons with a couple of 
older commercially made radios con- 
firmed the R2's performance. The bottom 
line is that the R2 sounds better than I 
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Table 17.1 


LO Phase-Shift Network Component Values 
For the network in Fig 17.85C For the network in Fig 17.850 


L1,L2 Сї C2C3  C4C5 L3 
(uH) (pF) (РР) (pF) (uH) 
3.21 1290 645 903 2.26 
1.62 645 323 452 1.13 
0.809 325 162 227 0.566 
0.5541 216 108 151 0.378 
0.399 160 80 112 0.279 
0.227 91 45 63.5 0.159 
0.0789 316 15.8 221 0.0552 
0.0512 205 10.2 14.8 0.0358 


ФФ 


Егедиепсу С L Frequency 
(MHz) (DF) | (uH) (MHz) 
3.525 903 2.26 3.525 
7.05 452 1.13 7.05 
14.05 227 0.566 14.05 
21.05 151 0.378 21.05 
28.5 112 0.279 28.5 
50.1 63.5 0.159 50.1 
144.2 22.1 0.0552 144.2 
222.1 14.3 0.0358 222.1 
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expected, because it has better selectivity 
than the radios I’m used to. 

A 40-m R2 was demonstrated at the 
QRP Hospitality Suite in Dayton in 1992. 
Several experienced HF CW operators 
were amazed when we could not find any 
CW signals that were strong enough to 
detect on the wrong sideband. 


Comparison with a Superhet 


Receiver fans may point out that the 
schematic in Fig 17.82 is as complicated 
as a superhet. If the image-reject D-C re- 
ceiver has so many parts, why not just “do 
it right" and build a superhet? 

First, this is a high-performance D-C 
design, with no attempt to reduce the 
parts count. It could be greatly simpli- 
fied with only a small reduction in per- 
formance. Even in simplified form, it 
could still outperform most of the 
simple superhets I' ve encountered—es- 
pecially those based on the ubiquitous 
NE602. The NE602 is not a bad part, but 
its limited dynamic range should con- 
fine its use to low-cost, low-current- 
drain, minimum-parts-count applica- 
tions. 

D-C receivers have a number of signifi- 
cant advantages over superhets. Because 
there is only one LO, there are no inter- 
nally generated birdies. There are no im- 
age frequencies to filter out, and no spuri- 
ous receiver tuning ranges at strange 
combinations of LO harmonics and the in- 
termediate frequency. A low-pass front- 
end filter to reject signals near odd mul- 
tiples of the LO frequency will ensure a 
spurious-free receiver. 

Since D-C receivers do all of their sig- 
nal processing at audio, the input fre- 
quency is unrestricted. An R1 board with 
an SRA-3 mixer and an old signal genera- 
tor for an LO works well below 25 kHz. At 
the other end of the spectrum, I have an КІ 
board with a printed rat-race mixer work- 
ing at 5760 MHz. 

A D-C receiver can be combined with a 
VFO-controlled CW transmitter to build a 
transceiver that is simpler than a superhet 
transceiver. The only spurs are harmon- 
ics, which are reduced by the transmitter 
low-pass filter. 

D-C receivers also have some disadvan- 
tages. The need for isolation between the 
antenna and LO makes D-C a poor choice 
for hand-held radios with integral whip 
antennas. At HF, a full-size outdoor an- 
tenna works best. 

The D-C, image-reject approach is a 
poor choice for a band-switched radio. It 
is easy to obtain good performance over 
a single amateur band, but the RF phase- 
shift network and amplitude balance 
must be tweaked when changing bands. 


Finally, 41 dB is about the practical 
limit for opposite-sideband suppression in 
an easily reproduced analog design. While 
this is as good as some HF and most VHF 
SSB rigs, the fact remains that the basic 
superhet design is capable of better per- 
formance. 


R2 Applications 


The modular 40-m QRP CW transceiver 
shown in Fig 17.79 features full break-in 
keying, 1 W output, a slow tuning rate, 
switched SSB and CW bandwidths, 93 dB 
two-tone, third-order IMD dynamic range, 
low-distortion audio, and true single-sig- 
nal reception. The transmitter, VFO and 
break-in circuitry were borrowed from 
“The Ugly Weekender” and the “Opti- 
mized QRP Transceiver” in The 1992 
ARRL Handbook.’ The receiver is an R2 


board with the RC LO phase-shift network ` 


from Fig 17.85A. It i$ a joy to operate. 
The R2 board is small enough to build a 
high-performance portable HF CW trans- 


ceiver in a smaller package than the popu- · 


lar commercial versions. For portable use, 
the receiver's audio power transistors can 
be removed to reduce the current drain, as 
discussed in the R1 article. 


In Microwave Update '92 the author ` 


showed another interesting R2 applica- 
tion: a no-tune microwave transceiver, 
using a Down East Microwave no-tune 
1296-MHz transverter with an R2 board 


7R. Lewallen, “An Optimized QRP Trans- 
ceiver," QST, Aug 1980, pp 14-19; also see 
Feedback, QST, Nov 1980, p 53. "The Op- 
timized QRP Transceiver’ also appears on 
pages 30-40 to 30-43 of The 1994 ARRL 
Handbook, and in the second printing of 
QRP Classics (ARRL Order #3169). 
R. Hayward and W. Hayward, “The Ugly 
Weekender,” QST, Aug 1981, pp 18-21. 
The Ugly Weekender also appears on 
pages 30-33 to 30-36 of The 1993 ARRL 
Handbook. Etched, plated and drilled PC 
boards for the VFO/buffer are available 
from FAR Circuits (see the Address List in 
the References chapter). Use the board's 
AUX OUT Output for the correct drive level for 
the SBL-1 mixer. 


A 1750-M TRANSCEIVER: THE CW-893 


Here's a transceiver (Fig 17.86) from 
David Curry, WD4PLI, for people who 
want to explore the depths of the 1750-m 
band (160 to 190 kHz). They're the 
Lowfers, radio experimenters—many of 
them ‘hams—who enjoy this band and 
manage to carry on useful communica- 
tions despite low-power restrictions and 
high noise levels. No license is required to 
operate on 1750 m. Anyone can use the 
band. All you need is the proper equip- 
ment. р 

The WWII-surplus RBL receiver was 
the inspiration for this simple Lowfer CW 
transceiver—the CW-893. You can build 
the CW-893 in a couple of evenings and 
you'll soon be on the air—on 1750 m! 
(This transceiver first appeared in April 
1994 QST.) 


Description gp 

The receive portion of the CW-893 uses 
a direct conversion approach. The front 
end preselector uses a tunable. two-pole 
Chebychev band-pass filter to remove un- 
wanted signals. Noise is always a problem 


at these frequencies, so two noise limiters 
are included that provide very effective 
limiting of man-made and natural noise. 

' Audio filtering is included, with vari- 
able frequency and bandwidth controls for 
precise filtering of the desired signal. 
Ample audio output drives headphones 
and most speakers. The CW-893 is capable 
of providing over 100 dB of receive gain 
with virtually no power supply hum. 

The transceiver generates 1 W of input 
power with its Class-E MOSFET ampli- 
fier. FCC Rules limit Lowfer power to 
1 W, which is why CW is the mode of 
choice for this radio. Semi-break-in op- 
eration is provided with an adjustable time 
delay. The frequency is VFO controlled. 
Range extends from about 1 to 200+ miles, 
depending on band conditions and antenna 
quality. M 


Construction Notes 
` Several parts are soldered directly to the 


‘component side of the circuit board. This 


provides the ground connection for many 
components. Be sure to solder these leads 


and premixed VFO as a tunable 2-m IF. 
The transmit IF uses an SSB/CW exciter 
board that appears in the April 1993 QST. 
The use of image-reject techniques makes 
it possible to build single-conversion mi- 
crowave radios with any desired IF. 


Conclusions 

The image-reject, D-C receiver is a vi- 
able approach to SSB and CW reception 
for many applications. When combined 
with high-performance, D-C receiver 
techniques, it can provide basic receiver 
performance that surpasses many 
superhets. Image-reject techniques are in 
wide commercial use, and both Drake and 
Kenwood have recently introduced high- 
performance products that combine im- 
age-reject and superhet techniques. In the 
future, high-performance receivers will be 
built by combining a high dynamic range 
I and Q channel front end with a digital 


‘signal processor. Future Old Timers will 


sit around reminiscing about multiple- 
conversion superhets! 


to both sides of the PC board. 

Solder the ICs first. Notice that some 
pins must be soldered on the component 
side. Next solder L1, L2 and T1. Install S1 
after you mount the potentiometer. Mount 
the switch on the solder side of the circuit 
board. Ж | 

"The auxiliary low-pass filter described 
in Fig 17.87 offers a substantial reduction 


Fig 17.86—A view of the author’s 
CW-893 transceiver. 
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Fig 17.87—An auxiliary low-pass filter for the CW-893 to assure that it meets FCC 
spectral purity requirements. The filter may be omitted if you check spectral purity 
on suitable equipment (see the Test chapter). L3 and L4 are 43 t, #20 enameled 
wire on T-94-3 cores. C1 and C2 are 0.01 uF polystyrene capacitors (Mouser 


23PS310). 


in harmonic output. To make absolutely 
certain that your transceiver conforms to 
FCC Part 15 Rules, build and install the 
filter in the enclosure. 

Transformer T2 must be wound by hand 
on a T-68-3 toroid core. The kit manual pro- 
vides detailed instructions. In addition, see 
the Analog and Circuit Construction chap- 
ters for more information on winding toroid 
transformers. The T2 primary is 93 t of #30 
enameled wire. The secondary is made of 
49 t of #25 enameled wire. Wind the turns 
evenly and firmly. Cut the leads to about one 
inch. Remove the enamel insulation from 
the lead ends with sandpaper. 

The CW-893 is available as a kit com- 
plete with a circuit board, parts and in- 
structions. The builder need supply only a 
suitable enclosure and various knobs. You 
can purchase the kit or PC board directly 
from David Curry (see Address List in 
References) for $95, shipping included 
(California residents please add sales tax). 
David can provide information sheets on 
the CW-893 in return for an SASE with 
three units of First-Class postage. 


Checkout and Alignment 


Refer to Fig 17.88 (see pages 17.82 and 
17.83) locate the following points: 


A: 50-Q transmit/receive 
antenna jack. 

B: CW key jack. 

C: Speaker/headphone output. 

COMM: Common terminal for auxil- 
iary relay. 

D: Frequency monitor port. 

E: Audio output for external am- 


plifier, or AB1 deluxe audio 
board (available as a kit from 
the author). 

Ground. 

Receive input select. Short 
JP1A and JP1B to use an an- 
tenna at port A for receive. 
(Receive-only antennas con- 
nect to JP1B.) 

Normally closed terminal for 
auxiliary relay control. 


N/C: 


17.80 Chapter 17 


N/O: Normally open terminal for 
auxiliary relay control. 
Vec? 12 to 18 V dc. 


Connect a 12-V power source to the Vcc 
points and ground. A frequency counter or 
receiver covering 150 to 250 kHz is re- 
quired for the following steps. 

Connect a frequency counter to point D. 
Switch the transceiver on. Adjust tuning 
capacitor C10 to its maximum clockwise 
position. Turn the slug in T1 until the fre- 
quency reads 189 kHz on the counter. 

If you don't have a frequency counter, 
use a long-wave receiver, general cover- 
age receiver or ham transceiver that can 
accurately tune to 189 kHz. Attach a small 
piece of wire to the antenna jack. Tune your 
monitor receiver to 189 kHz. Listen for a 
tone while turning the slug of T1. Keep 
turning the slug until a zero beat is heard. 

Next, align the preselector. Inductors 
L1 and L2 must be tuned to the same fre- 
quency. If you have a signal generator, 
adjust it for a low level (approximately 
100 uV) at the antenna jack. Turn the 
PRESELECTOR and the FILTER FRE- 
QUENCY controls to their 12 o'clock posi- 
tions. Rotate the SERIES LIMITER and 
FILTER. BANDWIDTH controls fully 
counter-clockwise. Tune the FREQUENCY 
control until you can hear the generator's 
signal. Adjust the slugs on L1 and L2 for 
maximum volume in your speaker or head- 
phones, decreasing signal generator out- 
put as the generator tone becomes louder. 

If you don't have access to a signal gen- 
erator, connect a long piece of wire to the 
antenna jack and listen for any signals you 
can find (even an interference signal will 
do!). Once you find a usable signal, turn 
the PRESELECTOR capacitor to the same 
general setting as the FREQUENCY capaci- 
tor. Now adjust the slugs in L1 and L2 for 
maximum signal strength. 


Operating Tips 
The audio gain stage has a built-in 


limiting function. This can be used to 
increase the gain of a signal that's bur- 


ied in man-made noise, effectively cut- 
ting off the peaks of the noise while 
leaving the signal unaffected. The SE- 
RIES LIMITER clips any remaining dis- 
tortion from the shunt limiter and low- 
ers the volume to a comfortable level. 
The audio FILTER FREQUENCY and 
BANDWIDTH controls are adjusted for 
the amount of filtering desired. 

While there is plenty of audio power 
available to drive a speaker, use head- 
phones whenever possible. D-C receivers 
derive much of their gain in the audio 
amplifier stages, which may begin to os- 
cillate (howl) at high output levels. Head- 
phones are better for weak signals and 
require less audio gain. 

D-C receivers are also prone to micro- 
phonics—amplification of mechanical vi- 
brations. Usecare to avoid audio feedback 
if you install a speaker near the chassis or 
circuit board. 

An important feature of the CW-893 
receiver section is the input PRE- 
SELECTOR control. The preselector filter 
is very narrow. If, for example, the signal 
you want to hear is on 180 kHz, tune the 
FREQUENCY control to either 179 or 181 
kHz. The signal will be heard as a 1-kHz 
tone. Choose the upper or lower fre- 
quency based on which provides the 
clearest reception. 

Transmitting with the CW-893 is as 
easy as plugging in a CW key, selecting a 
clear frequency and using a resonant ver- 
tical transmitting antenna. Consider a call 
sign that uses the last two or three letters 
of your Amateur Radio call sign. (It's 
considered poor practice to use your full 
call sign.) 

When transmitting, adjust the TR delay 
potentiometer (R30) for the desired key- 
ing delay. In addition, the power amplifier 
drive control (R36) should be set for de- 
sired input power. You could install a 
1-mA meter in the enclosure to monitor 
the power amplifier current. Meters can 
be expensive, however, so a VOM or 
VTVM can be used instead. Connect this 
to the meter — and + points on the circuit 
board. The voltage indicated corresponds 
to the input current to the power amplifier. 
One watt of input power is 83 mA at 12 V, 
or 83 mV on a VOM or VTVM connected 
to the — and + points. 

You can also use the CW-893 to send a 
beacon signal. Beacons are helpful to other 
Lowfers who wantto know ifthey can hear 
you. It also helps with antenna experimen- 
tation and propagation tests. To use the 
transceiver as a beacon, simply connect a 
beacon ID generator (a memory keyer set 
to the "repeat" mode, for example) to the 
key input (point “B”). 


Antennas 


The type and location of your 1750-m 
antenna are of paramount importance. 
FCC Rules restrict the length of the trans- 
mitting antenna system (antenna plus feed 
line) to 15 m (49 ft, 2 '/2 inches). Just about 
any type of antenna design will do for ca- 
sual, short-range experiments (less than 
one mile). 

For greater distances, use a resonant 
vertical antenna. Because the permitted 
antenna length (15 m) is much less than 
АА (437 m), inductive and/or capacitive 
loading is generally used to resonate the 
antenna. 


Information Sources 


The CW-893 kit manual includes a de- 
tailed discussion of antennas with several 
suggested designs. The Low and Medium 
Frequency Radio Scrapbook is available 
by mail directly from Ken Cornell (see 
Address List in References) for $17.50 
(shipping included). There's a partial list 
of 1750-m CW  beacon stations in 
WBSIMY's article, “Lowfing on 1750 
Meters" in the October 1993, QST, page 
67. 

Lowfer newsletters are also available. 
If youjointhe Longwave Club of America, 
you'll receive the Lowdown (see Address 
List in References). 


‘Etching patterns, a part-placement diagram 
and a discussion of vertical antennas are 
available from the Technical Department 
Secretary (see Address List in Refer- 
ences) for an SASE. Request the '96 
Handbook 1750-m Transceiver Template. 


Fig 17.88—(see next two pages) Schematic diagram of the CW-893 transceiver. 
Resistors are ‘/.-W, 5% tolerance carbon-composition or film except as noted 


below. 


C1, C5—470-pF polystyrene (Mouser 
23PS147). 

C2, C10—400-pF variable (Mouser 
24TR218). 

C3, C4—7.5-pF ceramic disc (Mouser 
21CB008). 

C6—0.0047-.F polystyrene (Mouser 
23PW247). 

C7, C12, C14, C16, C22, C29, C32, 
C34—0.1-uF ceramic disc 
(Radio Shack 272-135). 

C8, C9, C37—0.0027-uF polystyrene 
(Mouser 23PS227). 

C11—0.047-uF film (Digi-Key P4521). 

C13, C23—0.001-uF polystyrene 
(Mouser 23PW210). 

C15, C17, C24, C30, C35, C36—10-1F, 
35-V electrolytic (Radio Shack 
272-1025). 

C18, C25, C31, C39, С27—1-рЕ 
monolithic (Newark 90F1907). 

C19, С33—0.01-|Е ceramic disc 
(Radio Shack 272-131). 

C20, С21—0.018-џЕ polypropylene 12% 
(Digi-Key P3183). 

С26—2200-|Е, 16-V electrolytic 
(Radio Shack 272-1020). 

C28, С38—0.01-рЕ polystyrene 
(Mouser 23PW310). 

C40—0.022-LF polystyrene 
(Digi-Key P3223). 

D1, D2, D3, 04, D5—1N9144A diode 
(Radio Shack 276-1122). 

K1—DPDT relay (Digi-Key Z768-ND). 

L1, L2—1.5-mH variable inductor (Digi- 
Key TK3203). Ё 

Q1, Q4—2N2222A 
(Radio Shack 276-2009). 

Q2—2N2907A (Radio Shack 276-2023). 

Q3—IRF510 power MOSFET 
(Radio Shack 276-2072). 

R1, R4, R20—3.3-kO 
(Radio Shack 271-1328). 
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R2—33-kQ (Radio Shack 271-1341). 

R3, R7, R21, R29, R35, R38—82-kO. 

R5, R16—500-kO, PC-board pot 
(Mouser 31CW505). 

R6, R27, R28—6.8 kQ. 

R8—10-kQ, linear taper, PC-board pot 
(Mouser 31CW401). 

R9, R17, R18, R24, R26—10 КО 
(Radio Shack 271-1335). 

R10, R11, R15—100 КО, 1% 
(Mouser 29MF250-100K). 

R12, R14—4.02 kO, 1% (Mouser 
29MF250-4.02K). 

R13—50-kQ, '/4-W, dual audio taper 
(Calrad 25-411). 

R19, R22—12 О. 

R23, R32, R33, R34—1 КО 
(Radio Shack 271-1321). 

R25—560 Q. 

R30—250-kQ trimmer (Mouser 
32RM503). 

R31, R39—2.2 kO 
(Radio Shack 271-1325). 

R36—2-kQ trimmer (Mouser 
32RM302). 

R37—1 Q, 1 W (Mouser 29SJ901). 

S1—DPDT switch (Digi-Key EG1003- 
ND). 

T1—0.63-mH transformer 
(Digi-Key TK1201). 

T2—Toroid transformer (see text). 

U1—NE602 mixer/amplifier 
(Newark NE602AN). 

U2—LF353N low-noise op amp 
(Mouser 511-LF353N). 

U3—LF347N quad op amp 
(Mouser 511-LF347N). 

U4—MC34119P audio power amplifier 
(Newark MC34119P). 

U5—78L009AP 9-V regulator 
(Mouser 333-78L009AP). 

U6—LM339AN quad comparator 
(Mouser 511-LM339AN). 
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Fig 17.88—See previous page for details. 
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Fig 17.89—Block diagram of the transceiver. 
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Filter 2 


BFO/CFO SET 


A 30/40 W SSB/CW 20-M TRANSCEIVER 


This project is a unique Handbook offer- 
ing. Unlike many projects, this one was not 
created to be duplicated by the home con- 
structor. This project is for the confident 
and experienced builder who is looking for 
a challenge. The transceiver was created in 
the ARRL Lab by Zack Lau, KH6CP/1, to 
meet an unusual set of design goals. 

Some old-timers may remember Project 
Goodwill. The project purchased and dis- 
tributed QRP 20-m CW transceiver kits to 
prospective hams in many foreign countries 
with small ham populations. Those trans- 
ceivers ran out a few years ago, and ARRL 
began development of a new transceiver. 
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The goal was to supply an inexpensive, 
reliable, ready-built transceiver that pro- 
vided moderate (not QRP) RF output in both 
the CW and SSB modes. Fig 17.89 shows 
the transceiver block diagram. This trans- 
ceiver was intended for inexpensive com- 
mercial manufacture. One of the important 
design goals was to eliminate as much tun- 
ing as possible, much like the microwave 
no-tune transverters. Of course, this con- 
flicted with the next goal, which was to make 
the design as cheap as possible without sac- 
rificing too much performance. Another 
goal was to accommodate a wide-tolerance 
PC-board process (single-sided with thick 


CW OFFSET SET К——— 


METER 


traces—50-mils minimum). Finally, the 
board was to use controls and connectors 
that are board-mounted. 

In an attempt to simultaneously reduce 
the amount of tuning and keep costs down, 
a decision was made to use bilateral fil- 
ters, mixers, and amplifiers where pos- 
sible. It could be argued that the SBL-1s 
are too costly for an inexpensive trans- 
ceiver project, but they offer several ad- 
vantages. Being inherently bilateral, one 
needs only two mixers instead of four, 
reducing the number of parts needed. See 
the schematic in Fig 17.90 (see pages 
17.86 and 17.87). Also, they have pretty 


ADJUST 


Bilateral 
Mixer 


8 MHz 
Crystal 
Filter 1 


Directional 
Coupler & 
SWR Bridge 


Driver Circuits 


PA Drivers 
2N2222, 
2N5109 
MRF476 


Fig 17.90—(see next two pages) Schematic diagram of the 20 m SSB/CW 


transceiver. 


C1-5,C41-45—100-pF silver mica. 

C7, C8, C65, C66—70-pF maximum 
ceramic or film trimmer capacitors. 

C83—24-pF air trimmer (Johnson 
189-509 used). 

C84—50-pF tuning capacitor. 

D6, D7, D8, D9, D10, D20, D21—1N4007 
rectifier diodes used as PIN diodes. 

D26, 27—1N4001 rectifier diodes 
thermally coupled to the nearest 
MRF477. 

D28, D29—1N34 germanium diodes. 


K1—Omron G2U-112-US SPDT relay or 
equiv. 

L1, L2—17 t #22 enameled wire on a 
T-50-6 core. 

L3—35 t #28 enameled wire on a T-50-6 
core. Tap 8 turns up from ground end. 

L4—13 t 428 enameled wire on a T-37-6 
core. 

L5, L7—12 t #22 enameled wire on a 
T-44-2 core. 
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16—15 t #22 enameled wire on 


T-68-6 toroid core. 

Q1, Q2, Q3, Q14, Q16, Q19, Q20— 
2N3904 NPN BJT. 

Q4, Q5, Q11, Q12, Q15, Q18—2N3906 
PNP BJT. 

Q6, Q7, Q8, Q9, Q10, Q25—2N5486 
N-channel JFET. 

Q13—VN10KM VMOS FET, or equiv. 

Q17—TIP 30 PNP BJT. 

Q21—2N2222A metal cased NPN BJT. 

Q22, Q24—2N5109 NPN BJT with heat 
sinks. 

Q23—MRF476 NPN BJT with heat 
sinks. 

Q26—40673 dual-gate MOSFET, or 
equiv. 

Q27, Q28—MRF477 NPN BJT with 
appropriate heat sinks. 

RFC1—1 mH toroidal RF choke. 
FT-37-72 toroid filled with one layer 
of #28 enameled wire. 

RFC2—8 t #18 enameled wire on an 
FT-50-43 core. 

T1, T2, T6, T7—12 t #28 enameled wire 
primary feeds crystal filter. 5 t #28 
enameled wire secondary on an 
FT-37-43 core. 

T3—20 t 428 enameled wire on an 
FT-37-43 core. Tap 7 t from collector 
end. Secondary is 4 t of #28 
enameled wire over the primary. 

T4, T5—18 t #28 enameled wire center- 
tapped primary on an FT-37-43 
toroid. Secondary, 2 t #28 enameled 
wire. (One way of reducing the IF 
gain is to use only one half of the 
primary.) 

T8, T9, T10, T13—5 t bifilar wound #28 
enameled on an FT-37-43 toroid. 

T11—5 t 424 enameled wire primary on 
an FT-37-43. Secondary, 3 t #22 
enameled wire (to MRF 476). 

T12—3 t #23 enameled wire primary on 
an FT-37-43 toroid. 5 t #22 enameled 
wire secondary (output). 

T14—18 t #28 enameled wire primary. 
5 t #28 secondary on an FT-37-43 
core. 

T15—Input is 3 t #24 enameled wire on 
a BLN-202-73 balun core. Output to 
transistors is 1 t center-tapped #24 
enameled wire. 

T16—8 t 420 bifilar wound on an 
FT-50-43 ferrite toroid. 

T17— Output transformer. ?/:e-inch 
brass tubing and unetched circuit- 
board stock (double-sided) primary 
through 4 FB-63-43 ferrite beads. 

4 t #20 enameled wire secondary 
through tubing. 

T18, T19—31 t #24 enameled wire on a 
T-50-3 toroid. 1 t #24 enameled wire 
secondary. 

U1, U9—SBL-1 double-balanced mixer. 

U2—NE5534 quad op amp. 

U3—LM380 audio amplifier. 

U4, U5—MC1350 IF amplifier. 

U6—LM358 dual op amp. 

U7, U10—78L05 regulator. 

U8—LM393 dual comparator. 

U11—LM317T adjustable regulator. 

Y1, Y2, Y3, Y4, Y6, Y7, Y8, Y9—Matched 
8-MHz microprocessor crystals (HC- 
18/U case). 250-Hz matching should 
be adequate. 

Y5—8-MHz microprocessor crystal. 
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good carrier suppression, which elimi- 
nates a trimmer that would require adjust- 
ment, a very important consideration for 
this project. Finally, they are low imped- 
ance devices, which makes broadband 
matching much easier. As a bonus, they 
offer good dynamic range performance, 
sometimes outperforming NE602-based 
designs by 15 to 20 dB. 

The no-tune requirement caused real 
problems in the power amplifier. The push- 
pull amplifier uses a pair of MRF477s that 
could probably be replaced by a single nar- 
row-band MRF477 amplifier. A narrow- 
band amplifier would require adjustment, 
but one would get a significant savings. 
Additionally, a narrow-band amplifier 
would give more gain, allowing the driver 
stage to be run with a bit more feedback, 
increasing stability. The final amplifier 
shown is only conditionally stable, it will 
oscillate with severe mismatches. Fortu- 
nately, these transistors are pretty rugged, 
though you may wish to add some sort of 
SWR foldback circuitry for added insur- 
ance. To keep the costs down, such cir- 
cuitry wasn’t developed. A more complex 
bias circuit that independently biased the 
transistors might be better, but the simple 
circuit shown seems to work adequately 
with matched pairs of RF transistors. 

The biasing circuit shows an interesting 
change in technology—it's probably more 
cost effective to use an integrated circuit 
and a variable resistor than to use the old 
alternative—a hand-selected 2-W resistor. 
Of course, if you just happen to have a 
junk box full of 2-W resistors, you’re in 
good shape. 

An 8-MHz IF was chosen, which allows 
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the use of cheap microprocessor crystals 
and a 6-MHz VFO. Matching transform- 
ers are used because the mixer and ampli- 
fiers present close to 50-Q terminations. 
Two separate four-pole filters are used to 
get a total of eight poles of filtering. 

The cost cutting is most apparent in the 
simple AGC circuit. Initially, ahang- AGC 
circuit was used with good results, but it 
was removed to trim the cost as much as 
possible. An inferior audio-derived AGC 
circuit was used instead. One advantage 
of the audio-derived circuit is that it's less 
susceptible to BFO leakage, something 
that can easily be a problem when putting 
almost all the circuitry for an SSB trans- 
ceiver on a single, single-sided PC board. 

The audio amplifier is an old standby 
LM380 with an appropriate RC stabiliza- 
tion network on the output. While this IC 
does not have as much gain, or output, as 
newer chips, like the Signetics TDA 1015, 
it does seem easier to use. That's an im- 
portant consideration when filling a big 
board with circuits that are bound to inter- 
act if you give them a chance. 2N5486 
JFETs are used for audio switching. While 
it's certainly possible to reduce the parts 
count by using quad switching chips in- 
stead of transistors, ICs are more difficult 
to lay out properly in a complicated cir- 
cuit. The sidetone is a triangle wave. 

The VFO uses a JFET and a MOSFET 
buffer amplifier. Unfortunately MOSFETs 
are apparently being phased out, but you can 
still get them from a variety of surplus 
sources. 

Zack built an “ugly” prototype on several 
unetched PC boards, and that circuit went 
through many changes as he worked with 


the manufacturer. What you see here is the 
circuit as it was when development stopped. 
Itis presented in the Handbook because there 
has been a consistent demand for an SSB 
transceiver with more that a few watts of 
output. Consider this a work in progress. If 
you build it, drop the Handbook Editor a 
note telling your experience and ideas. With 
a little more development, this could be a 
useful and widely popular project. 


Construction 


If the circuits are all working properly, 
alignment should be pretty easy. While 
there are two interactive adjustments for 
the band-pass filter, the BFO/carrier in- 
sertion oscillator and the VFO alignment, 
they aren’t terribly difficult. Other adjust- 
ments are the S-meter zero, the sidetone 
volume, transmit gain, MRF477 bias set- 
ting, and mic-gain adjustment. 

The bias setting for the finals is a trade- 
off, as one does get more gain and better 
IMD performance with a higher bias cur- 
rent, but the amount of heat generated is 
higher. A setting that results in a total cur- 
rent of 1 A during transmit seems to work 
well. 

The mic gain should be adjusted for 
30 W on voice peaks for good linearity, 
while 40 W is available on CW. One of the 
prototypes has a noise floor of -129 dBm. 


1996 Updates 


Lance, WS2B, tells us that Motorola 
recently discontinued the MRF 476 (Q23). 
NTE Cross Reference software gives the 
NTE236 as an alternative device. 

Dan's Small Parts may have the 40673 
and the VNIOKM. 


THE NORCAL SIERRA: AN 80-15 М CW TRANSCEIVER 


Most home-built QRP transceivers cover 
a single band, for good reason: complexity 
of the circuit and physical layout can in- 
crease dramatically when two or more bands 
are covered. This holds for most approaches 
to multiband design, including the use of 
multipole switches, transverters and various 
forms of electronic switching.! 

If the designeris willing to give up instant 
band switching, then plug-in band modules 
can be used. Band modules are especially 
appropriate for a transceiver that will be used 
for extended portable operation, for ex- 
ample: back-packing. The reduced circuit 


complexity improves reliability, and the 


extra time it takes to change bands usually 
isn'ta problem. Also, the operator need take 
only the modules needed for a particular out- 
ing. 

The Sierra transceiver shown in 
Fig 17.91 uses this technique, providing 
coverage of all bands from 80 through 
15 m with good performance and relative 
simplicity.2 The name Sierra was inspired 
by the mountain range of the same name— 
a common hiking destination for West 
Coast QRPers. The transceiver was de- 
signed and built by Wayne Burdick, N6KR, 
and field tested by members of NorCal, the 
Northern California QRP Club.3 


Features 


One of the most important features of 
the Sierra for the portable QRP operator is 
its low current drain. Because it has no 
relays, switching diodes or other active 
band-switching circuitry, the Sierra draws 
only 30 mA on receive.* Another asset for 
field operation is the Sierra’s low-fre- 
quency VFO and premixing scheme, 
which provides 150 kHz of coverage and 
good frequency stability on all bands. 

The receiver is a single-conversion 
superhet with audio-derived AGC and 
RIT. It has excellent sensitivity and selec- 
tivity, and will comfortably drive a 


‘One of N6KR’s previous designs, the Sa- 
fari-4, is a good example of how complex 
a band-switched rig can get. See “The Sa- 
fari-4...." Oct through Dec 1990 QEX. 

2Вапа modules for 160, 12 and 10 m have 
also been built. Construction details for 
these bands are provided in the Sierra in- 
formation packet available from the ARRL. 
Write to the ARRL Technical Department 
Secretary and request the '96 Handbook 
Sierra template package. 

3For information about NorCal, write to Jim 
Cates, WA6GER, whois inthe References 
Address List. Please include an SASE. 

4Most multiband rigs draw from 150 to 
500 mA on receive, necessitating the use 
of a larger battery. A discussion of battery 
life considerations can be found in “A So- 
lar-Powered Field Day,” May 1995 QST. 


Fig 17.91—The Sierra transceiver. One band module is plugged into the center of 
thé main PC board; the remaining boards are shown to the left of the rig. Quick- 
release latches on the top cover of the enclosure make it easy to change bands. 


speaker. Transmit features include full 
break-in keying, shaped keying and power 
output averaging 2 W, with direct moni- 
toring of the transmitted signal in lieu of 
sidetone. Optional circuitry allows moni- 
toring of relative power output and re- 
ceived signal strength. 

Physically, the Sierra is quite com- 
pact—the enclosure is 2.7x6.2x5.3 inches 
(HWD)-—yet there is a large amount of 
unused space both inside and on the front 
and rear panels. This results from the use 
of PC board-mounted controls and con- 
nectors. The top cover is secured by quick- 
release plastic latches, which provide easy 
access to the inside of the enclosure. Band 
changes take only a few seconds. 


Circuit Description 
Fig 17.92 is a block diagram of the 
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Sierra. The diagram shows specific signal 
frequencies for operation on 40 m. Table 
17.4 provides a summary of crystal oscil- 
lator and premix frequencies for all bands. 
The schematic is shown in Fig 17.93. See 
Table 17.5 for band-module component 
values. 

On all bands, the VFO range is 2.935 
MHz to 3.085 MHz. The VFO tunes “back- 
wards”: At the low end of each band, the 
VFO frequency is 3.085 MHz. 

U7 is the premixer and crystal oscilla- 
tor, while Q8 buffers the premix signal 
prior to injection into the receive mixer 
(U2) and transmit mixer (U8). 

A low-pass filter, three band-pass fil- 
ters and a premix crystal make up each 
band module. To make the schematic 
easier to follow, this circuitry is integrated 
into Fig 17.93, rather than drawn sepa- 
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Table 17.4 
Crystal Oscillator and Premix (PMO) 
Frequencies in MHz 


The premixer (U7) subtracts the VFO 
(2.935 to 3.085 MHz) from the crystal 
oscillator to obtain the PMO range shown. 
The receive mixer (U2) subtracts the RF 
input from the PMO signal, yielding 

4.915 MHz. The transmit mixer (U8) 
subtracts 4.915 MHz from the PMO signal 
to produce an output in the RF range. 


НЕ Crystal PMO 

Range Oscillator Range 
3.500-3.650 11.500 8.415-8.565 
7.000-7.150 15.000 11.915-12.065 
10.000-10.150 18.000 14.915-15.065 
14.000-14.150 22.000 18.915-19.065 
18.000-18.150 26.000 22.915-23.065 
21.000-21.150 29.000 25.915-26.065 


rately. J5 is the band module connector 
(see the note on the schematic). 

The receive mixer is an NE602, which 
draws only 2.5 mA and requires only about 
0.6 V (P-P) of oscillator injection at pin 6. 


7.000-7.150, 
+ harmonics 


Everything (IN) 


7.000-7.150 (OUT) = 7.500 


and below 


An L network is used to match the receive 
mixer to the first crystal filter (X1-X4). 
This filter has a bandwidth of less than 
400 Hz. The single-crystal second filter 
(X5) removes some of the noise generated 
by the IF amplifier (U7), a technique 
W72ZOI described. This second filter also 
introduces enough loss to prevent the IF 
amplifier from overdriving the product de- 
tector (U4). 

The output of the AF amplifier (U3) is 
dc-coupled to the AGC detector. U3's 
output floats at V../2, about 4 V, which 
happens to be the appropriate no-signal 
AGC voltage for the IF amplifier when it 
is operated at 8 V. C26, R5, R6, C76 and 
R7 provide AGC loop filtering. Like all 
audio-derived AGC schemes, this circuit 
suffers from pops or clicks at times. 

Transmit signal monitoring is achieved 
by means of a separate 4.915 MHz oscilla- 
tor for the transmitter; the difference 
between this oscillator and the BFO deter- 
mines the AF pitch. Keying is exponen- 


5Solid-State Design, p 87. 


PM 
OSC/MIXER 


[ 


E. Transmit () Receive | | Соттоп 


Ж=Оп Bond Module 


Frequencies shown are in MHz unless otherwise noted. 


tially shaped, with the rise time set by the 
turn-on delay of transmit mixer U8 and the 
fall time determined by C51, in the emitter 
of driver Q6. 


CONSTRUCTION 


The Sierra's physical layout and pack- 
aging make it relatively easy to build and 
align, although this isn't a project for the 
first-time builder. The boards and custom 
enclosure described here are included as 
part of an available kit.Ó Alternative con- 
struction methods are discussed below. 

With the exception of the components 
on the band module, all of the circuitry for 
the Sierra is mounted on a single 5x6 inch 
PC board. This board contains not only the 
components, but all of the controls and 


Full and partial kits are available. The full kit 
comes with all components, controls, con- 
nectors, and a detailed assembly manual. 
Complete band modules kits are available 
for 80, 40, 30, 20, 17 and 15 m. For infor- 
mation, write to Wilderness Radio (see 
Address List in References). 


7.000-7.150 
AND sum 
(16.830-16.980) 


TX MIXER 
and OSC 


11.915-12.065 
AND sum 
(17.935-18.085) 


Fig 17.92—Block diagram of the Sierra transceiver. Three different-shaped symbols are used to show transmit, receive and 
common blocks. Those blocks with an asterisk (*) are part of the band module. Signal frequencies shown are for 40 m; see 
Table 17.4 for a list of crystal oscillator and premix frequencies for all bands. 
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Table 17.5 


Band Module Components 


7 


ï 


All crystals are fundamental, 15-pF load capacitance, 0.005% frequency tolerance, in n HC- 49 holders. Fixed capacitors over 5 pF are 
5% tolerance. All coils are wound with enameled wire. І : . 


X8 


(ICM 434162) - 


(ICM 434162) 


(ICM 434162) 


(ICM 435162) 


(ICM 436162) 


N 


"T e Вапа `` | 
Part 80m 40m . 30m 20m 17m 15m 
C32, C35 33 pF, 5% 47 pF, 5% ` not used not used not used - not used 
C34 5 pF, 5% 5 pF, 596 2 pF, 5% 2 pF, 596 . 2 pF, 596 2 pF, 596 
C47, C49 820 pF, 5% 330 pF, 5% 330 pF, 5%. ^ . 220 pF, 5% 150 pF, 5% 150 pF, 5% 
C48 1800 pF, 596 820 pF, 5% _ 560 pF, 5% ` 470 pF, 5% 330 pF, 5% 330 pF, 5% 
C65 5 pF, 596 5 pF, 596 2 pF, 596 1 pF, 596 1 pF, 5% 1 pF, 596 
11 50 uH, 301 #28 14H, 16t 426 5.2 иН, 361#28 2.9 4H, 271 #28 1.7 uH, 241#28 1.9 рн, 25 t #28 
on FT-37-61 on FT-37-61 . on T-37-2 on T-37-2 on T-37-6 on T-37-6 
L3, L4 32 uH, 24 t £26 — 5.2 uH, 36t 4.4 uH, 33t 428 2.9 рн, 27t 428 1.7 uH, 24t 428 1.9 uH, 25t #28 
on FT-37-61 #28 on T-37-2 on T-37-2 on T-37-2 on T-37-6 on T-37-6 
L5, L6 2.1 uH, 23t #26 1.3 рн, 18t 426 — 1.0 uH, 16t#26 0.58 uH, 12t. 0.43 uH, 12t 0.36 uH, 11 t 
- оп Т-37-2 оп Т-37-2 оп T-37-2 #26 оп Т-37-2 #26 оп Т-37-6 #26 оп Т-37-6 
L8, L9 8.0 uH, 12t#26 2.5 рн, 25t #28 1.6 uH, 20t #28 1.3uH,18t#26 0.97 рн, 18t 0.87 uH, 171 
on FT-37-61 on T-37-2 ' on T-37-2 on T-37-2 #26 on T-37-6 $28 on T-37-6 
Т1 (Sec Pri: 2 t #26 Pri: 1t #26 Pri: 3 t #26 Pri: 2t #26 Pri: 2 t #26 Pri: 2 t #26 
same as L1) on FT-37-61 on FT-37-61 on T-37-2 on T-37-2 on T-37-6 on T-37-6 
11.500 MHz 15.000 MHz 18.000 MHz - 22.000 MHz 26.000 MHz 29.000 MHz 


(ICM 436162) 


+ 


connectors as well. The board is double- 
sided with plated-through holes, which 
permits flexible arrangement of the cir- 
cuitry while eliminating nearly all hand- 


wiring. The only two jumpers on the 


board, W1 and W2, are short coaxial 
cables between the RF GAIN control and the 

. receiver input filters. . 
A dual-row edge connector (J5) pro- 
vides the interface between the main board 


and the band module. The 50 pins of J5 are · 


used in pairs, so there are actually only 25 
circuits (over half of which are ground 
connections). 

The band module boards are 1. 25x4 
inches (HW). They, too, are double-sided, 
maximizing the amount of ground plane. 
Because the band modules might be in- 
serted and removed hundreds of times over 
the life of the rig, the etched fingers that 
mate with J5 are gold-plated. Each etched 
finger on the front is connected to the cor- 
responding finger on the back by a plated 
through hole, which greatly improves re- 
liability over that of a single finger con- 
‘tact. | 

Each band module requires eight tor- 
oids: two for the low-pass filter, and two 
each for the receive, transmit and premix 
band-pass filters. The builder can secure 
the toroids to the band module with sili- 
cone adhesive or Q-dope. Right-angle- 
mount trimmer capacitors allow alignment 
from above the module. Each band mod- 
` ule has a top cover made of PC board 
material. The cover protects the compo- 
nents during insertion, removal and 
'storage. 


‘The VFO capacitor is a 5-40 pF unit with 
a built-in 8:1 vernier drive. The operating 
frequency is read from a custom dial fab- 
ricated from 0.060-inch Lexan. The dial 
mounts on a hub that comes with the 
capacitor. 

The Sierra's custom 0. 060- inch alumi- 
num enclosure offers several benefits in 
both construction and operation. Its top 
and bottom covers are identical U-shaped 
pieces. The bottom is secured to the main 
board by two 0.375-inch standoffs, while 
the top is secured to the bottom by two- 


long-life, quick-release plastic latches. As ` 


aresult, the builder can easily remove both 


covers to make "live" adjustments or sig- 


nal measurements without removing any 
controls, connectors or wires. The front 
and rear panels attach directly to the con- 
trols and connectors on the main board. 


oriented. 
As can be seen in the photograph, the 


` interior of the rig is uncluttered. NorCal 


QRP Club members have taken advantage... 
of this, building in keyers, frequency 
counters and other accessories—and even 
storing up to four band modules in the top 
cover. One popular addition is an S/RF - 
meter, the circuit shown in Fig 17.94. 


' The construction techniques described · 


above represent only one way to build the 
Sierra; other physical layouts may better 
suit your needs. For example: If no built- 
ins are needed, the rig could be built in a 
smaller enclosure. You could replace the 


VFO capacitor with a small 10-turn pot. 


and a varactor diode. If necessary, elimi- 


А 
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nate RIT and metering. 

Ifa different physical layout is required, 
determine the orientation and mounts for 
the band module connector first, then ar- 
range the various circuit blocks around it. 
Use short leads and good ground-plane 
techniques to avoid instability, especially 
on the band modules. Point-to-point or 
“dead-bug” construction are possible, but 
in some cases shields and additional 
decoupling may be required. Use a reli- 
able connector if band modules will be 
repeatedly inserted and removed. 


Alignment 


The minimum recommended equip- 
ment for aligning the rig is a DMM with 


homemade RF probe and a ham-band 


transceiver. Better still 15 a general-cover- 


“age receiver or frequency counter." Start 
` This keeps the panels rigid and properly -- with a 40- or 20-m module; these are usu- 


ally the easiest to align. 

First, set the VFO to the desired band 
edge by adjusting C52. If exactly 150 kHz - 
of range is desired, squeeze or spread the 
windings of L7 and readjust C52 itera- 
tively until this range is obtained. RIT 
operation can also be checked at this time. 
Reduce the value of R19 if more RIT range 
is desired. 

Prepare each band module for align- 
ment by setting all of its trim caps to 
midrange. (The final settings will be close 
to midpoint in most cases.) 


7The alignment procedure given here is nec- 


essarily brief. More complete instructions 
. areprovided with the ARRL template pack- 
age and the kit. 
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Fig 93—(See page 94 for details.) 
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05 PRODUCT DETECTOR 
МС1350 AND BFO 
4 
2 | AF Amp 
C74 C75 
47 100 pF 
5 
зу 7| crak 4.915 4014 
150 | MHz | 150 


D2 D4 
1N914 1N914 


5.1k 
c27 + t ки 3.6k U1B 
22 uF R3 (not used) 0.047 
47k 2.2 uF 5 
| R5 + coe Р 
10м 3.3 uF 
AGC 
6 
Ф 
S—METER 
TX MIXER - 
48V TX 
C40 8 
| 9.91 C39 270 7 q C29 
BUFFER tos @ 
i^ = “je 50 6 i | 2 5 
L2 15 ШЕ X7 Ф, 
ATN C37 13 C31 5 9 | 4 C30 
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8 PRE-MIX  c75 =Æ 0.047 


Except as indicated, de 


сіта! 


values of capacitance аге 


in microfarads ( uF); others 


are in picofarads (pF); 


resistances are in ohms; 


k= 1,000, M= 1,000,000 
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Ji 


Headphones 


Fig 17.93—(see previous two pages) 

Schematic of the Sierra transceiver. 

Parts that change for each band are 

shown in Table 17.5. 

C1, C2, C33, C36, C64, C66, C70—9-50 
pF right-angle-mount ceramic 
trimmer (same for all band 
modules, Mouser 24AA084) 

C16, C38—Ceramic trimmer, 8-50 pF 
(Mouser 24AA024). 

C52—Air variable, 2-24 pF (Mouser 
530-189-0509-5). 

C53—Disc, 180 pF, 5%, NPO. 

C54—5-40 pF air variable with 8:1 
vernier drive. 

C56—Polystyrene, 3900 pF, 5%. 

C57, C58—Polystyrene, 1200 pF, 5%. 

D6, D10—1N5817, 1N5819 or similar . 

D7—36 V, 1 W Zener diode (Mouser 
333-1N4753A). 

D8—MV2104 varactor diode, or 
equivalent. 

J1, J2—PC-mount 3.5-mm stereo jack 
with switch (Mouser 161-3500). 

J3—2.1-mm dc power jack (Mouser 
16PJ031). 

J4—PC-mount BNC jack (Mouser 177- 
3138). 

J5—50 PIN, dual-row edgeboard 
connector with 0.156-inch spacing 
(Digi-Key S5253-ND). 

L10, L11—18 uH; 18 t #28 enameled 
wire on an FT-37-61 toroid. 

L2—Miniature RFC, 15 uH (Mouser, 
43LS185). 

L7—19 nH; 58 t #28 enameled wire on 
a T-68-7 toroid. 

Q5—U310, J310, 2N4416 or other 
high-transconductance device. 

R1, R8—PC-mount 1-kQ pot (Mouser 
31CW301). 

R14, R101—500 О trimmer (Mouser 
323-4295P-500). 

R17—PC-mount 10-kQ pot (Mouser 
31CW401). 

RFC1—3.5 uH; 8 t #26 enameled wire 
on an FT-37-61 toroid. 

RFC2—7 uH; 4 t #26 enameled wire on 
an FT-37-43 toroid. 

RFC3—34 uH; 9 t £26 enameled wire 
on an FT-37-43 toroid. 

RFC4—Miniature RFC, 1 mH (Mouser 
43LS103). 

$1, S2—SPDT, PC mount, right angle 
toggle switch with threaded 
bushing. C&K 7101SDAV2QE is 
used in the kit; Digi-Key CKN1059- 
ND will work but does not have a 
threaded bushing. 

T2—Primary: 12 t 426 enameled wire; 
secondary: 3 t on an FT-37-43 
toroid. 

U1—LM358N dual op-amp IC. 

U2, U4, U7, U8—NE602AN mixer- 
oscillator IC. 

U3—LM386N-1 audio amplifier IC. 

U5—MC1350P IF amplifier IC. 

U6—LM393N dual comparator IC. 

U9—8 V regulator, TO-92 package 
(Digi-Key AN78L08-ND). 

W1, W2—RG-174 coaxial jumper, 
about 3 inches long (see text). 

X1-X7—4.915 MHz, HC-49 (Digi-Key 
CTX050). X1 through X5 should be 
matched (their series-resonant 
frequencies within 50 Hz). 
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S-METER SENSITIVITY 


SMTR 
(from 
RX) 


RF 
SAMPLE 


R2 500 


RF 
SENSITIVITY 


c2 


| 0.047 


Except os indicated, decimal values of 
capacitance are in microfarads ( uF ); 
others ore in picofarads ( pF ); 


50 to 100 “A 
(from TX) S/RF 


Fig 17.94— 
Metering 
circuitry for 
the Sierra 
transceiver. 


resistances are in ohms; k=1,000, M=1,000,000. 


Receiver alignment is straightforward. 
Set BFO trimmer C16 to midrange, RF 
GAIN (R1) to maximum and AF GAIN (R8) 
so that noise can be heard on the phones or 
speaker. On the band module, peak the 
premix trimmers (C64 and C66) for maxi- 
mum signal level measured at Q8's drain. 
Set the fine frequency adjustment (C70) 
by lightly coupling a frequency counter to 
U7, pin 7. Next, connect an antenna to J4 
and adjust the receiver filter trimmers (C1 
and C2) for maximum signal. The AGC 
circuitry normally requires no adjustment, 
but the no-signal gain of the IF amplifier 
can be increased by decreasing the value 
of R3. 

Before beginning transmitter align- 
ment, set the drive-level control, R14, to 
minimum. Key the rig while monitoring 
the transmitted signal on a separate re- 
ceiver and peak the transmit band-pass 
filter using C33 and C36. Then, with a 
dummy load or well-matched antenna con- 
nected to J4, set R14 to about 90% of 
maximum and check the output power 
level. It may be necessary to stagger-tune 
C33 and C36 on the lower bands in order 
to obtain constant output power across the 
desired tuning range. On 80 m the -3 dB 
transmit bandwidth will probably be less 
than 150 kHz. 

Typically, output on 80, 40 and 20 m is 
2.0-2.5 W, and on the higher bands 1.0- 
2.0 W. Some builders have obtained 
higher outputs on all bands by modifying 
the band-pass filters. However, filter 
modification may compromise spectral 
purity of the output, so the results should 
be checked with a spectrum analyzer. 
Also, note that the Sierra was designed to 


be a 2-W rig: additional RF shielding and 
decoupling may be required if the rig is 
operated at higher power levels. 


PERFORMANCE 


The Sierra design uses a carefully se- 
lected set of compromises to keep com- 
plexity low and battery life long. An ex- 
ample is the use of NE602 mixers, which 
affects both receive and transmit perfor- 
mance. On receive, the RF gain will occa- 
sionally need reduction when strong sig- 
nals overload the receive mixer. On 
transmit, ARRL Lab tests show that the 
rig complies with FCC regulations for its 
power and frequency ranges. 

Aside from the weak receive mixer, re- 
ceiver performance is very good. There are 
no spurious signals (birdies) audible on 
any band. ARRL Lab tests show that the 
Sierra's receiver has a typical MDS of 
about —139 dBm, blocking dynamic range 
of up to 112 dB and two-tone dynamic 
range of up to 90 dB. AGC range is about 
70 dB. 

The Sierra's transmitter offers smooth 
break-in keying, along with direct trans- 
mit signal monitoring. There are two ben- 
efits to direct monitoring: 

* the clean sinusoidal tone is easier on 
the ears than most sidetone oscillators and 

* the pitch of the monitor tone is the 
correct receive-signal pitch to listen for 
when calling other stations. 

The TR mute delay capacitor, C27, can 
be reduced to as low as 4.7 uF to provide 
faster break-in keying if needed. 

The prototype Sierra survived its chris- 
tening at Field Day, 1994, where members 
of the Zuni Loop Expeditionary Force 


"used it on 80, 40, 20 and 15 m. There, Si- 
erra. compared. favorably to the Heath 
HW-9 and several older Ten-Tec rigs, 


having as good or better sensitivity and 
selectivity—and in most cases better- 
_sounding sidetone and break-in keying. 
. While the other rigs had higher output 
power, they. couldn't touch the Sierra's 
small size, light weight and low power 
consumption: The Sierra has consistently 
received high marks from stations worked 
too, with reports of excellent keying and 
stability. . 


AN HF 50-W LINEAR AMPLIFIER 


If your QRP transmitteroperates with. 


1 to 2 W output, and you have occasion- 
ally wished for moderate power in- 
crease, this project is for you! With a 
flick of the switch, you can increase 


your signal nearly 3 S-units going from |. 


10050 №. 


This amplifier project features acom- 


pleté 50-W unit that covers all ham 
bands from 160 to. 10 m in a compact 
easy-to-build package. Designed with 
readily obtainable parts coupled with 
detailed schematics, parts list, and me- 


`+ .chanical drawings make this an attrac- 
tive project for the moderately experi- . 


enced builder. . This project was 


, designed and built by Rod Blocksome, | 


‚КрАЗ. а 
The amplifier features internal con- 
trol circuits to protect it from high an- 
tenna SWR and over-drive conditions. 
The amplifier is designed for excellent 
- linearity and harmonic suppression 


through the: use of negative feedback 


` апа а band-switched bank of low-pass 
filters. A built-in directional-coupler 
‘circuit provides metering of the forward 
and reflected power. And lastly, .the 
amplifier operates from 12 V dc for con- 
venient operation at. home, mobile or 
portable. 


Circuit Design Details . 

RF Amplifier Circuit | 

. Fig 17.95 (see pages 17.96. and 
17.97) is the schematic for the entire 
amplifier. A basic wideband push-pull 


RF circuit forms the heart of the ampli- 
‘fier. Motorola MRF477 bipolar tran- 


sistors were chosen for their high gain . 
and availability in the low-cost TO-220 


. plastic package. Care was taken to 
achieve a symmetrical base and collec- 


.tor feed layout on the PC board with - 
this package. The emitters are electri- 


CONCLUSION =i, 


“At the time this article was written, over 
100 Sierras had been built. Many have ` 


been used extensively in the field, where 
the rig's unique features are an asset. For 


. some builders, the Sierra has become the 
-primary home station rig. 


The success of the Sierrai is due, in large. 
part, to the energy and enthusiasm of the 
members of NorCal, who helped test and 
refine early prototypes, procured parts for 
the field-test units and suggested future 


modifications.’ This Project should serve. - 


cally connected to the mounting tabs 
which helps reduce. the emitter-to- 
emitter ground impedance in the push- 
pull.circuit. High-gain transistors are 
necessary to achieve 50 W with orily 


one stage of amplification. Overall am- ; 


plifier gain must be 15 to. 17 dB. 

The RC networks in the base feed to 
each transistor stabilize the wide varia- 
tion of the MRF477 base input impedance 
from 1.8 to 30 MHz. Negative feedback 
using a low-impedance winding from the 
collector decoupling transformer also 
helps stabilize the input impedance and 
flatten the inherent gain variations of the 
MRF477 over the HF band. 

. Wideband RF transformers with a 


reek 


as a model for other clubs who see a need 


for an entirely new kind of equipment, 
perhaps something that is not available 


commercially. 


The author would like to acknowledge the 
contributions of several NorCal members: 

` Doug Hendricks, KI6DS; Jim Cates, 

` WA6GER; Bob Dyer, KD6VIO; Dave 
Meacham, W6EMD; Eric Swartz, 
WA6HHQ, Bob Warmke, W6CYX; Stan 
Cooper, K4DRD; Vic Black, AB6SO; and 
Bob Korte, KD6KYT. ` 


\ 


1:91тредапсе ratio couple RF into and 
out of the push- pull amplifier stage. 
This wideband transformer is rela- 
tively easy to build and provides ad- 
equate. performance at the 50-W power 
level. The transformer leakage induc- 
tance is compensated with shunt ca- 


pacitors soldered directly оп the low- . : 


impedance balanced winding of each 
transformer. 
Low-Pass Filter Circuit 


. The nine ham bands between 1.8 and 
30 MHz are filtered for harmonics at the 


output of the amplifier by six low-pass , . 
filters (see Table 17.6). All harmonics 


must be at least 40 dB less than the fun- 


Table 17.6 ^ — 
Pow reser iter Coil Data , 


Notes: 


1. All inductors wound with AWG #22 enarieled wire 
2. Toroidal Cores: Red = T-68, н = 10 Black = T-68, н = 6 ў 
3. Number of turns ferens to the number of times the wire passes through the center of 


the core. 


4. The coverage angle refers to the arc of core circumference occupied by the winding; 
that is-90° means that One quarter of the core is covered by the winding, with the 


turns evenly spaced within that area: 


` 5. Inductance is given in uH. 


6. The wound cores are mounted with the winding away from the board ground plane 
(except band-6 cores are mounted with the winding next to the board, minimum lead 


length). 
Ref Цин) Core Turns : Coverage 
.1L11 34.68 Red ^ 28 300? 
L12 3.94 .Red ` 25 270? 
L13 2.40 Red. 19 "270° 
L14 1.97 Red ` 17 250° 
L15 1.34 . Red: 14 200° 
L16 41.12; Red 11 ‚150°. 
L17° 0.579 Black 11 250° 
L18 0.435 Black 9 180° 
L19 0.371 Black 8 180° 
L20 0.450. Black; 9 90° 
L21 0.375 Black 8 180° 
L22 0.320 . Black 6 60° 
L23 - 5 45° 


0.260 , Black 


Stop-band pole frequencies (fre- 
quencies with high peak attenua- 
tion): 


Band Е1 -. F2 F3 
| (MHz) ` (MHz) (MHz) . 

i: 4.06 6.78 

oe. 7.76 12.3. 

3 15.7 19.7 | 

4 20.3 25.3 36.9 

5 41.7 68.8 | 

6 `54.2 


78.0 


` 
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Optional 
RF Pad 


R38 


R36 


C54 04 
0.1 1N5767 


R37 


15 


mi 


D5 
1N5767 


C16 


Note: See parts list for resistor sizes and tolerances. 


D1 
1N4007 


D2 
1N4007 


15.0 k 
1% 


5.667 
milliohms 


D3 
1N4007 
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Fig 17.95—(on next page) A complete schematic for the 50-W linear amplifier. A complete template package with mechanical 
details is available from ARRL HQ (see text). Resistors are '/4W 10% carbon composition units unless otherwise indicated. 
SM (Silver Mica) capacitors are 5% tolerance. Parts supplier codes: RFP = RF Parts, CCI = Communications Concepts. Look 
at the Address List in the References chapter for current addresses. The chassis is a 1590E 7.4x4.7x3.1-inch diecast box 
from Newark (81F3795). Etched circuit boards are available from FAR Circuits for $16 per set (3 boards). 


C01—510 pF SM, RFP. 

C02, C03—4700 pF SM, RFP. 

C04, C13—47-qF electrolytic. 

C05—0.68-LF disc ceramic. 

C06,C08, C51, C52, C53—0.01-uF disc 
ceramic. 

C07, C45—10 pF SM, RFP. 

C09, C31—330 pF SM, RFP. 

C10, C22, C29—680 pF SM, RFP. 

C11, C12, C14, C15, C49, C50, C54— 
0.1-uF disc ceramic. 

C16—20 pF SM, RFP. 

C17—1100 pF SM, RFP. 

C18, C37—120 pF SM, RFP. 

C19—2200 pF SM, RFP. 

C20—360 pF SM, RFP. 

C21—910 pF SM, RFP. 

C23—82 pF SM, RFP. 

C24—1200 pF SM, RFP. 

C25, C36, C41—220 pF SM, RFP. 

C26—560 pF SM, RFP. 

C27—390 pF SM, RFP. 

C28, C42—39 pF SM, RFP. 

C30, C32—110 pF SM, RFP. 

C33—27 pF SM, RFP. 

C34—240 pF SM, RFP. 

C35, C39, C46—150 pF SM, RFP. 

C38—47 pF SM, RFP. 

C40—12 pF SM, RFP. 

C43—100 pF SM, RFP. 

C44—91 pF SM, RFP. 

C47—33 pF SM, RFP. 

C48—68 pF SM, RFP. 

01, 02, D3—1N4007 diodes, ССІ. 


damental to comply with FCC require- 
ments. The filters must meet several 
additional design requirements besides 
harmonic reduction. A compact layout 
was needed to keep the overall ampli- 
fier reasonably small. Standard-value 
capacitors were used along with toroi- 
dal inductors. The use of toroids elimi- 
nates stray magnetic coupling between 
filter sections without elaborate shield- 
ing. Only two different cores and one 
wire gauge are used in the filters. 

The six filters are mounted on two PC 
boards located on either side of the ro- 
tary band switch. This arrangement 
minimizes stray inductance associated 
with switching leads to the desired low- 
pass filter. The result is a filter assem- 
bly with very low passband insertion 
loss, low SWR in the passband and ad- 
equate stop-band harmonic attenuation. 
Elliptic function filters fulfill these re- 
quirements nicely. They also offer ad- 
vantages in trouble shooting with 
simple ham shack test equipment. 

All nine HF ham bands, except for the 
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D4, D5—1N5767 PIN diodes. 

D6, D7, D11—1N6263 Schottky diode, 
CCI. 

D8—Red LED indicator Radio Shack. 

D10—1N5400 high-current diode. 

Fi—15A ЗАС fuse. 

J1—UG-1094 Female BNC RF 
connector, CCI. 

Ј2—50-239 Female UHF RF connector, 
CCI. 

J3—RCA Phono jack, female, chassis 
mount. 

J4—P-304-AB 4-pin male Cinch Jones, 
CCI. 

K1,K2 — T90N5D11-12 12V T/R relay 
Newark (44F8968). 

L01, L03, LO4—FB43-1801 ferrite bead, 
Amidon. 

L05, L06—330 uH RF choke. 

L09, L10—1.0 pH molded choke. 

L11-16—T68-2 toroid, н = 10, Amidon. 

L17-L23—T68-10 toroid, р = 6, Amidon. 

M1—RS-270-1754, 2.5-in 1.0 mA meter. 

Misc—RG-303 miniature Teflon coax. 

P1—S-304-CCT 4-pin female Cinch 
Jones plug. 

Q1,Q2—MRF477 matched pair 
transistors, RFP. 

Q3—NPN transistor, 2N3053. 

Q4, Q5—NPN transistor, MPS2222A 

R01, RO4—2.7-22 1/2-М 5%. 

R02, RO3—10-Q '/2-W 5%. 

RO5—0.005667 2, 4.13-in #22 wire. 


30-m band, can be adequately filtered 
using only six, two-section elliptic fil- 
ters. The 30-m band is separated from 
the 40 and 20-m bands far enough that a 
two-section elliptic filter will not pro- 
vide adequate harmonic suppression. 
The solution requires either seven two- 
section filters or a three-section filter 
(with a steeper roll off) for the 30 and 
20-m bands. The latter was chosen be- 
cause it is more cost effective. 

The main amplifier board contains T/ 
R relays that bypass the amplifier dur- 
ing receive. The relays are controlled 
by an external PTT line to allow trans- 
ceiver operation. By simply disconnect- 
ing the PTT line or the 12 V dc power, 
the amplifier is automatically bypassed 
to allow QRP transceiver operation. The 
low-pass filters are placed between the 
antenna and the T/R relays for two rea- 
sons: the filters provide some measure 
of receiver protection from strong out- 
of-band signals, and placing the T/R 
relays on a PC board connected with 
microstrip transmission line eliminates 


R06—220 Q. 

R07, R17—1 kQ variable resistor 
RS-271-280. 

R08—10 kQ. 

R9, R10—680 Q. 

R11—82 ко. 

R12, R18, R19, R34—15 КО, 1%. 

R13—100 kQ, 1%. 

R14, R20, R32—470 О. 

R15, R16—2200 Q, 1%. 

R21, R23—620 '/; W, 1%. 

R25, R27, R35—47 Q. 

R26, R28—4870 О, 1%. 

R29, R30—2150 Q, 1%. 

R31—10 Q. 

R36, R37, R38—Optional attenuator 
resistors. Tables of values appear in 
the References chapter. 

S1—RS-275-1386 8PDT rotary switch. 

S2—PA-301 4-inch indexed shaft 
(Newark 22F651) and 2 PA45 
6-position rotary wafers (Newark 
22F853). 

T1—RF600-9 9:1 RF Input transformer, 
CCl. 

T2—FT50B-43 ferrite core. 

T3—RF800-9 9:1 RF Output 
transformer, ССІ. 

T4,T5—T68-2 toroid core, и = 10; 

4 required, 2 per transformer. 
U1—7805 5-V regulator, RS276-1770. 
U2,U3—LM358 dual op amp. 
XF1—HPK fuse holder, CCI. 


expensive coaxial relays and associated 
cable interconnects. 


Directional Coupler Circuit 


Accurate measurement of forward 
and reflected power is required for a 
good control circuit to protect the RF 
devices from accidental destruction. A 
broadband directional coupler requiring 
no alignment or tweaking is incorpo- 
rated in the amplifier design. The cir- 
cuit is simple and low cost but the key to 
its performance is symmetry and care- 
ful adherence to the physical layout. RF 
voltage detector circuits on both for- 
ward and reflected power ports of the 
directional coupler provide the signals 
for the protection circuits and for the 
front-panel meter. 


Protection Circuit 


A PIN diode attenuator in series with 
the RF input controls the amount of 
drive applied to the MRF477s. The PIN 
diodes are normally biased "on" offer- 
ing very little attenuation to the RF 
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Fig 17.96—Worst-case spectral plots for the 50-W amplifier. A shows 50-W power output on 24.9 MHz. All harmonics and 
spurious emissions are at least 52 dB below the peak fundamental output. This amplifier meets current FCC spectral-purity 
requirements. B shows two-tone IMD for 50-W output at 21.2 MHz. The third-order products are approximately 34 dB below 


PEP output. 


drive signal. However, if excessive re- 
flected power or excessive collector 
current without proper output power is 
present, the PIN diodes are proportion- 
ally biased off reducing the RF drive to 
a safe level. The operator is made aware 
of these conditions by the front-panel 
meter and can take steps to correct the 
situation. 


Construction 


For etching patterns, filter informa- 
tion, construction tips and check-out 
procedure, write, phone or e-mail the 
Technical Department Secretary at 
ARRL HQ and request the '95 Hand- 
book 50-W PA template package. The 
etching pattern and filter details are cru- 


cial to successful construction of this 
amplifier. 


Conclusion 


The 50-W HF amplifier just described 
is a low-cost, reproducible design that 
will give the builder years of reliable op- 
eration. Its performance is equal to, or 
better than, available commercial units 
(see Fig 17.96). If a higher power level 
is desired, the advanced amateur should 
have no trouble modifying this design 
for a 100 or 150-W version. The low- 
pass filter assembly and directional cou- 
pler were tested at 150 W with no signs 
of degraded performance. A finned heat 
sink will definitely be required at these 
higher power levels. 
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AN EXPERIMENTAL ‘/2-W CW TRANSMITTER 


Using the transmitter shown in Fig 
17.97—a 74HC240 octal inverting buffer 
IC operating as a crystal oscillator and 
power amplifier—Lew Smith, N7KSB, 
has worked all continents and over 30 
countries using just a roof-mounted 
ground-plane antenna. It is a simple, inex- 
pensive means of having fun on 10, 15 or 
20 m. 

It’s important to operate the circuit at a 
supply voltage from 7.8 to 8 V as a com- 
promise between maximum power output 
and device safety. 

The logic chips have built-in input and 
output buffers. The extra gain provided by 
the extra stage makes it harder to get rid of 
key clicks. The '/2-W rig's key-click filter 
therefore uses an unusually large (33-ms) 
time constant. 

The output stages in 74HCxxx devices 
are designed to have equal value pull-up 
and pull-down transistors. This minimizes 
even-order harmonics, simplifying the 
1/2-W rig's output filtering. 

The 74HC240 can directly drive a 
power MOSFET amplifier, as exemplified 
by the 74HC240-IRFS10 transmitter de- 
scribed in “An Easy-to-Build 15-W Trans- 
mitter" (Hambrew magazine, Spring 
1994). 
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7.8 to 8.0 V 


50-0 
Antenna System 


E 


74HC240 


Fundamental 
Crystal 


20 pF 


47 pF J ] 47 pF 
nc-No Connection 


Fig 17.97—N7KSB's experimental '/2-W CW transmitter uses a 74HC240 high- 
speed CMOS octal buffer: One section serves as a crystal oscillator; four sections 
amplify the signal; three sections are unused. (See Table 17.7 for output filter 
values.) Because the IC dissipates '/; W on 20 m and 0.9 W on 10 m, it needs a 
heat sink. (Epoxy the IC to the ground plane, dead-bug style.) L1 is sensitive to 
lead length, so plug-in filters (Lew uses phono plugs and jacks) may require 
removal of one or two turns to compensate for the extra lead length. (ARRL Lab 
tests indicate that this transmitter meets current FCC spectral-purity specifi- 
cations for equipment in its power-output class and frequency range. The test 
version produced 0.51 W at 14 and 21 MHz, and 0.47 W at 28 MHz, with a 7.83-V 


supply.) 


Table 17.7 

Output Filter Component Values for the 74HC240 Transmitter 
Band (m) 10 15 20 

C1 (pF) 330 470 680 

C2 (pF) 100 150 220 

L1 (turns, length) 3 t, 5/5" 4 t, 5/5" 5.5 t, 5/s" 

L2 7 t, 9/8” 10 t, 1" 12 t, 1" 


C1 and C2 are mica or ceramic; L1 and L2 are #14 wire with air cores (3/s" diam form). 
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igital signal processing (DSP) is 
E one of the great technological in- 
novations of recent times in elec- 
tronics. This description of DSP for hams 
was written by Jon Bloom, KE3Z. The 
basic idea behind DSP is to represent a 
signal waveform by a sequence of num- 
bers, then process those numbers digi- 
tally—usually with a computer—to effect 
changes to the signal or to extract infor- 
mation from the signal. Similarly, signals 
can be created by calculating a sequence 
of numbers that represent the desired 
waveform. 
The advantages of processing signals 


DSP Fundamentals 


Any introduction to DSP necessarily 
begins by covering some fundamental 
concepts. Among these are the effects of 
digitizing a waveform to create a sequence 
of computer words and the effect this op- 
eration has on the design of a DSP hard- 
ware system. 


SAMPLING 


The process of generating a sequence of 
numbers from an analog, or continuous, 
waveform is known as sampling. In sam- 
pling a signal, we measure the amplitude, 
or voltage, of the signal periodically, at a 
regular interval. This results in a sequence 
of numbers that state the amplitude of the 
signal at discrete times. For that reason, 
DSP is often called discrete-time signal 
processing. 

The result of this sampling process 
might be as shown in Fig 18.1. The se- 
quence of numbers tells us the amplitude 
of the signal at the sampling instant, but 


digitally are: the "circuit" never needs tun- 
ing, as the computer program doesn't age 
or change with temperature variations; 
flexibility, since the way in which the sig- 
nal is processed is controlled by software, 
allowing easy changes to the processing; 
and some unique capabilities the software 
approach to signal processing makes 
available, such as processing that adapts 
itself to the nature of the incoming signal. 

DSP has become of great interest to 
amateurs in the past few years because the 
devices needed to do it—fast, dedicated 
DSP chips—have become easily available 


we do not know the values of the wave- 
form between the sampling points. You 
might suspect that we could miss impor- 
tant information about the signal by 
neglecting the values between the 
sampling points and, in fact, that can hap- 
pen if the samples aren't taken close 
enough together in time. But what is "close 
enough"? If we sample the sine wave 
shown in Fig 18.1 one million times per 
cycle, we are going to end up with a pretty 
close approximation of the sine wave! But 
if wesample itonce a week, we won'thave 
much useful information. Somewhere be- 
tween these two extremes lies the mini- 
mum sampling rate we can use and still 
represent the sine wave. 

To discover the minimum acceptable 
sampling rate, it is useful to look at the 
sampling process itself. What we put into 
the sampling circuit is a continuous wave- 
form; what we get out is a set of discrete 
sample values. One way to look at this 


Ocessing 


and inexpensive. Projects that make use 
of DSP are showing up more and more 
often in the amateur magazines and books, 
and tools that allow the average amateur 
to work with DSP have become readily 
obtainable. 

In this chapter, we will look at the 
mechanisms by which DSP is performed, 
starting with the way waveforms can be 
turned into sequences of numbers and 
then, after processing, back into wave- 
forms. We will also look at some of the 
ways signals can be generated and how 
they are processed to filter, demodulate 
and analyze them. 


Sampling 
Times 


те! 


Sampled 
Signal 


Fig 18.1—Sampling a sine wave. The 
upper graph shows the input 
waveform, while the lower graph shows 
the result of sampling the signal at 
discrete times. 
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Fig 18.2—Sampling is a multiplication, or mixing, process. 
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Fig 18.3—The sampled spectrum can be found by mixing the spectrum of the 
input signal with that of the sample pulses. 


process is as a multiplication of two sig- 
nals, as shown in Fig 18.2. One of the sig- 
nals is the input waveform, while the other 
is a series of pulses, each with an ampli- 
tude of 1 and separated in time by the sam- 
pling interval, T. By multiplying these two 
signals together, we get zero at all times 
between the sampling pulses and a sample 
equal to the amplitude of the input wave- 
form at the sampling times. 

Now that we can treat sampling as mul- 
tiplication, we are on more familiar 
ground. We are used to multiplying sig- 
nals, since that is precisely what happens 
in an ideal double-balanced mixer (see the 
Mixers chapter). So we can analyze the 
result of the multiplication by looking at 
the frequencies of the two signals, shown 
in Fig 18.3. The input signal is a sine wave 
in this case, which has a single positive 
frequency component, f;, and a negative 
component, —f;. But what of the sampling 
pulses? It turns out that the frequency 
spectrum of the sampling pulses com- 
prises a component at 0 Hz, one at the 
sampling frequency, F = 1/T, and com- 
ponents at all of the positive and negative 
harmonics of the sampling frequency: 
—4F, —3F, –2Е, —F, 2F, ЗЕ, 4F and so on. 
Multiplying—mixing—this signal with 
the input sine wave thus gives us sum and 
difference frequencies around each of the 
components of the sampling signal. That 
is, we have signal components around the 
sampling frequency, for example, at F-f; 
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and F+f;. And we have components at 
2F£f,, at 3Ftf;, and so on. We also have 
components around 0 Hz, at f; and —f;, as 
well as around the negative-frequency 
components of the sampling signal, at 
-Ftf;, -2Ftf; and so on. 

Now, if our input signal was at a fre- 
quency of F-f;, instead of fj, the input 
would mix with the 0-Hz component of 
the sampling signal to give us outputs at 
F-f, and —F+f;, with the component at F 
to give f; and 2F-f;, with the component at 
—F to give —f; and -2F+f;, and so on. The 
result would be indistinguishable from 
sampling a signal at f;! Such an input 
signal is called an alias, since it "looks 
like" a frequency that it is, in fact, not. 
Any signal at a frequency above F/2 is 
indistinguishable from a signal below 
F/2. That is, a signal at F/2 + f; is an 
alias of a signal at F/2 – f;; you can't tell 
them apart. This fact leads to one of the 
most fundamental laws of DSP, the 
sampling theorem, which states that you 
must sample a signal at a sampling rate 
greater than twice the highest frequency 
component of the input signal to avoid 
aliasing. 


Normalized Frequencies 


The sample values we get from a wave- 
form depend on both the waveform and 
the sampling rate. If we were to sample a 
1-kHz sine wave signal at a 10-kHz rate, 
we would get the same set of sample val- 


ues as if we had sampled a 2-kHz signal at 
a 20-kHz rate. To the computer that pro- 
cesses the numbers, both cases are exactly 
the same. For that reason, we often find it 
convenient to normalize frequencies in our 
design and analysis of DSP systems. A 
normalized frequency is the actual fre- 
quency divided by the sampling fre- 
quency. Since we should restrict our input 
signals to actual frequencies of 0 to F/2, 
this results in normalized frequencies of 0 
to 0.5, since (F/2)/F=0.5. 


QUANTIZATION 


Usually, we perform sampling with an 
analog-to-digital (A/D) converter. Every 
so often—at the sampling rate—the pro- 
cessing computer asks the A/D converter 
for the amplitude of the waveform. Since 
the A/D converter must give its result as a 
binary number, it can only respond with 
one of a limited number of amplitude 
values. For example, an 8-bit A/D con- 
verter can give one of 256 values. When 
the signal the A/D is measuring falls be- 
tween two of the values it can represent, 
the A/D reports the nearest value that it 
can. This means that, most often, the value 
reported by the A/D is not exactly the 
amplitude of the input signal; there is a 
small error, called the quantization error. 
How large the error is depends on how 
close the amplitude of the input signal is to 
one of the binary values the converter can 
report. 

The amplitude relayed by the A/D con- 
verter to the computer can, therefore, be 
thought of as the sum of two signals: the 
actual input signal and an error "signal." 
The peak amplitude of the error signal is 
equal to one-half the amplitude of the 
least-significant bit (LSB) of the A/D con- 
verter, as the difference between the input 
signal and a reportable binary value can- 
not exceed this amount. (Of course, this 
assumes a perfect A/D converter; deficien- 
cies in the A/D can increase this error 
value.) If the input signal is varying, the 
error signal will vary as well, as the differ- 
ence between the actual amplitude and the 
reported amplitude changes with each 
sample. Normally, with a signal composed 
of numerous frequencies, changing all the 
time, all possible error values of t'/2 LSB 
are about equally likely. The result in this 
case is that the error signal looks random; 
it is noise—quantization noise. From this, 
we can calculate an effective A/D signal- 
to-noise (S/N) ratio, which is the ratio of 
the desired full-scale signal to the noise 
term. The result, taking into account the 
random nature of the error signal, is: 


S/N =6.02N +1.76 dB (1) 


where N is the number of bits of the con- 


{Л 


verter. For example, an 8-bit A/D con- 


verter would give an S/N ratio of: 
6.02(8) + 1.76 = 49.9 dB. | 


The amplitude of this noise is distrib- 
uted across the frequency range of the sam- 
pling system. That is, the 49. 9 dB S/N ratio 
of the example converter iricludes noise 
from dc to F/2. If digital filtering is used in 
the processing to reduce the bandwidth, the 
amount of noise is reduced proportionally. 
This can be used to advantage, as we will 


see. But it is important to remember that: 
-we assumed the error signal was random. 


If there is a harmonic relationship between 
the sampling rate and the input signal, the 
error signal will not be random, and the 
error may show up at discrete frequencies, 
rather than as random noise. | 


DSP SYSTEM HARDWARE ~ 


The sampling theorem suggests that we. 


* : had better not allow any signals at frequen- 


cies above one-half the sampling rate to 
get into our A/D converter. If we do, we 
won’t be able to tell whether the signal 
we’re processing is above or below F/2. 
To eliminate this risk, we usually place a 
low-pass filter, called an antialiasing fil- 
ter ahead of the A/D. The job of this filter 
is to attenuate any signal at a frequency 
above F/2 to the point where its amplitude 
is negligible. Fig 18.4 shows the block 
diagram of a DSP system with an 
antialiasing filter included. 

After we’ ve processed the signal in the 
computer, we may want to output the pro- 
cessed signal as a waveform. We do this 
by feeding the samples into a digital-to- 
analog (D/A) converter. This results in a 


“staircase” waveform, where the output 


amplitude is held constant during the 
sample period.This staircase waveform 
has a spectrum similar to that of the 
sampled signal of Fig 18.3, but having the 
sample amplitudes “connected” by the 
D/A modifies the spectrum somewhat. In- 
stead of having equal-amplitude compo- 
nents around all harmonics of the sanipling 
frequency, the amplitudes of the compo- 
nents lessen as the frequency is increased. 
Specifically, the amplitude of any пе. 
quency component is: 


—д ЖАТР ШИЕ: 
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where: A, is the amplitude of Frequency f > 


Digital-to- 
Analog 


Low-Poss 


Converter Filter 


- Fig 18.4—Block diagram of a DSP system. The low-pass filter in the input 


subsystem is the antialiasing filter, while the output low-pass filter is the 


reconstruction filter. 


at the output of the D/A converter, A, is its 


amplitude at the input of the D/A con-. 


verter, and F is the sampling frequency. 
This applies not only to the signals around 
the sanipling frequency and its harmonics, 

but also to the signals from 0 Hz to F/2. At 


` F/2, the result is: 


Ay = А; (0.637) . Е 


which represents а -3.9-dB amplitude er-" 


ror, with less error at lower frequencies, 
down to no error at 0 Hz. If such an ampli- 
tude error is unacceptable in a particular 
application, you can either choose a faster 


sampling rate, so that the highest signal: 


frequency falls well below F/2 (called 
oversampling), or correct the amplitude 
error with filtering. Some D/A converters 


designed for DSP work include internal 
-error correction for this effect. ' 


Most likely, we will want to remove 
the signal components above F/2 from the 
output of the D/A converter. We do this by 
following the D/A converter with a low- 


'pass filter, to remove these components of 


the signal, as shown in Fig 18.4. Such an 
output filter is called a reconstruction 


` filter. 


For both the antialiasing апа” recon- 
struction filters, which are analog filters, 
the necessary filter complexity is deter- 


- mined Ьу how close to F/2 the highest 


desired signal frequency will be. For ex- 
ample, requiring the filter to pass a signal 
just below F/2 while rejecting its alias just 
above F/2-will require a filter with a very 
steep roll-off. Such filters are both com- 
plex and difficult to- construct reliably. 
Also, they typically exhibit a large degree 
of phase distortion. For that reason, we 
usually oversample by two to three times. 


This allows us to relax the requirements - 
for the antialiasing and reconstruction fil- . 


ters, making them simple and benign. 


A/D and D/A Converters for DSP 
Getting the right kind of A/D converter 


af 
\ 


is important for DSP. A basic A/D con- 
verter simply digitizes the voltage that 


` appears at its input. Depending on the type 


of circuit used in the converter, this digi- , 
tization may take a relatively short period 
of time or along time. How long it takes to 


^. perform the conversion affects the highest 


sampling rate the A/D converter can sup- 
port. If the converter isn’t finished per- 
forming its calculations for a given 
sample, it can’t begin calculating the next 


`. one. So, one of the key parameters to con- 


sider in choosing an A/D converter is its 
maximum sampling rate. 

But there's another issue to consider as 
well. What happens if the input voltage 
changes while the A/D converter is doing 
its processing? The answer is that the A/D 
will probably report some value between 
the initial voltage, at the start of the con- 
version, and the final voltage. This will 
seriously affect the accuracy of our sample 


· values. Remember, we assumed that each. 


sample value was a snapshot of the input ' 
voltage at one instant of time. 

The solution to this problem is to add a 
sample-and-hold (S/H) amplifier ahead of 
the A/D converter. This circuit is clocked, 
or strobed, at the same time the A/D con- 
verter is commanded to begin its conver- 
sion. The S/H amplifier “freezes” its out- 
put level, holding a steady voltage on the 
input of the A/D converter regardless of 
any succeeding changes in the voltage 
coming into the S/H amplifier. Often, an 
S/H amplifier and an A/D converter are 
packaged into a single integrated circuit 


` part. Such devices аге knows as sampling 


A/D converters. 

While D/A converters don’ t have to 
worry about their inputs changing between 
samples, they do have to be able to quickly 
change their output voltages from sample 
to sample. Be sure to use a D/A converter 


_ rated for the output sampling rate you in- 


tond to use. 
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‘ 


Processing Signal Sequences 


While we have to expend a certain 
amount of effort to turn waveforms into 
sampled sequences and back into wave- 
forms again, the heart of DSP lies in the 
processing of those signals. Processing of 
signals is performed largely by three fun- 
damental operations of DSP: addition, 
multiplication and delay. Adding two 


(в) 
(А) 


(С) 


Fig 18.5—Flow diagram symbols. At A, 
the symbol for adding two sample 
values. B is the symbol for multiplying 
a sample value by a constant, K. 
Delaying the sample value by one 
sample period is shown at C. 
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Fig 18.7—Direct digital synthesis (DDS) 
can be performed using digital 
hardware, without a DSP chip. 
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numbers together or multiplying two 
numbers together are common computer 
operations, and we won't dwell on them 
too much. Delay, on the other hand, takes 
some explaining. 

Delaying a signal, in DSP, means pro- 
cessing previous samples ofthe signal. For 
example, you might take the current input 
sample and add its value to that of the pre- 
vious input sample, or to the sample be- 
fore that. It's difficult to explain without 
tiresome mathematics exactly how and 
why delays enter into our processing so 
importantly. We can draw an analogy, 
however, to analog R-L-C circuits, in 
which the delays (phase shifts) of the in- 
ductors and capacitors work together to 
create frequency-selective circuits. Pro- 
cessing discrete-time signals on the basis 
of a series of samples performs much the 
same function as the phase shifts of reac- 
tive analog components. Just as the induc- 
tor or capacitor stores energy, which is 
combined with later parts of the applied 
signal, stored sample values are combined 
in DSP with later sample values to create 
similar effects. 

We will represent DSP algorithms in 
two ways: by flow diagrams and by 
equations. Flow diagrams are made up of 
the elements of Fig 18.5. These provide a 
convenient way to diagram a DSP algo- 
rithm. One item of note is the delay block, 
labeled z-!. For any given sample time, 
the output of this block is what was at the 
input of the block at the previous sample 
time. Thus the block provides a one- 
sample delay. It is important to recognize 
that the signals "step" through the flow 
diagram. That is, at each sample time, the 
input sample appears and, at the same 
time, all of the delay blocks shift their 
previous inputs to their outputs. Any ad- 
dition or multiplication takes place (we 
assume) instantaneously, producing the 
output. The output then remains stable 
until the next sample arrives. While real 
calculations do, of course, require time to 
complete, the algorithms don't take that 
into account—and don't need to. Every- 
thing happens on the basis of the incoming 
sequence of sample values. 

Fig 18.6 shows an example flow dia- 
gram. In this simple case, the previous 
input sample is multiplied by 2 and added 
to the current input sample. That sum is 
then added to the previous output sample, 
which is multiplied by —3, to form the cur- 
rent output sample. We have added nota- 
tion to this diagram to show how the vari- 
ous signals in the diagram are represented 
mathematically. The key to reading this 
notation is to understand a term of the form 


x(n). This can be read as “x as a function 
of n." The variable n is the sample index, 
an integer value, and sample number n is, 
in this case, the current input sample. x(n) 
is simply the amplitude value of the cur- 
rent sample, sample number n. The output 
of the delay block in the lower left is the 
previous input sample value. (Recall that 
the delay block shifts its input to its output 
each time a new sample arrives.) Thus it is 
the value of x when n was one less than its 
present value, or x(n-1). Similarly, y(n) is 
the current output value, and y(n-1) is the 
output value at the previous sample time. 
Putting these signal notations together 
with the multipliers, or coefficients, shown 
on the diagram lets us construct an equa- 
tion that describes this algorithm: 


у(п) = х(п) + 2х(п ~ 1) – Зу(п – 1) (3) 


This equation exactly describes the algo- 
rithm diagrammed in Fig 18.6, giving the 
output sample value for any value of n, 
based on the current and previous input 
values and the previous output value. We 
can use the diagram and the equation in- 
terchangeably. Such an equation is called 
a difference equation. 


GENERATING SINE WAVES 


Up until now, we have been talking 
about processing a sequence of numbers 
that came from a sampled waveform. But 
we also can let the computer calculate a 
sequence of numbers to generate a signal. 
One of the easiest—and most useful—sig- 
nals we can generate in this manner is a 
sine wave. 

One commonly used technique for 
generating a sine wave is the phase ac- 
cumulator method. We generate our 
samples at a constant rate—the sampling 
frequency. For any frequency we wish to 
generate, we can easily calculate the 
change in phase of a signal at that fre- 
quency between two successive samples. 
For example, say we are generating 
samples at a 10-kHzrate—every 0.1 ms. If 
we want to generate a 1-kHz signal, with 
a period of 1 ms, we note that the signal 
changes 36° in 0.1 ms. Therefore, the 
phase angle of the signal at each sample 
proceeds: 


0°, 36°, 72°, 108°, 144°, 180°, ... 


All we need do is find the sine (or cosine, 
if we prefer) of the current phase angle; 
that will be the value of our output sample: 


sin(0°), sin(36°), sin(72°), sin(108°).... 


Once the phase passes 360°, it rolls 
over; it always has a value between 0 and 
360°. Finding the sine or cosine can be 


y(n) 
* =A sin(2nnf/F) 


-«— Initial value 
,"Asin(2nt/F) 


-«— Initial value = 0. 


Fig 18.8—A DSP sine-wave oscillator 
algorithm. 


Fig 18.9—These two sine-wave signals 
` have different frequency contents, 
even though the sine wave in each has 
the same period. 


done in the computer in one of several 
ways, although most often it is done with 
a look-up table, as that is the quickest way. 


This kind of generator can be imple- - 
mented directly in digital hardware, as . 


Shown in Fig 18.7, and is an example of 
direct digital synthesis (DDS). 

Another generator is shown in Fig 18.8. 
This flow diagram shows a DSP sine-wave 
oscillator. Like any oscillator, it has no 


signal input, just an output. By choosing. 


proper coefficients and placing the correct 
starting values in the delay elements, we 


can generate a particular frequency. While . 


this algorithm works well, it suffers from 
two defects compared to ће phase accu- 
mulator technique. First, it is difficult to 
change the frequency while the system is 
running. You have to change not only the 
coefficients, but the contents of the stor- 
age elements as well. This leads to a phase 


discontinuity in the output when the | 


ғ 


change is made, which often is undesir- 


` able. The second problem has to do with - 


finite-length binary words. Since the coef- 
ficient is a number stored in a computer, it 


. must be represented as a set of binary bits. 


You can’t use just any value you want; 
you have to use values that can be repre- 


“sented by the available number of bits. In 


this oscillator, the frequency change 


` caused by a one-LSB difference in coeffi- . 


cients is different at low frequencies than 
at higher frequencies. That’s not true of 


thé phase accumulator. So this oscillator: 


is most suitable-for applications where a 


- fixed, unchanging frequency is called for. 


TIME AND FREQUENCY | 
Often we are interested in the frequency 


content of a signal. Using DSP, we have 
tools that allow us to calculate the fre- 
quency content—with some restrictions. 
The restrictions arise because the fre- 
quency content of a signal is not always 
easy to define. We've all learned that a 
sine wave consists of a signal at a single 
frequency, where the frequency is-the re- 
ciprocal of the period of the sine wave: 
Actually, that's a simplification. 
Consider the signals of Fig 18.9. The 
sine wave at A has a frequency of 1/t, 
where t is the period of the sine wave. But 
what about the signal at B? There is a sine 
wave there, but only one cycle, preceded 
and followed by a steady zero-volt signal. 


. Since the signal at B is not the same as the 


signal at A, they cannot have the same fre- 
quency content! (If they did, they’d be the 
same signal.) The signal at B is similar to 
a signal from a CW transmitter keyed on 
and off, although typically the transmitter 


would send more than one cycle of the . 


signal] at a time. When we abruptly turn a 
CW transmitter on and off, we get key 
clicks: signals at frequencies near the fre- 
quency of the sine wave. So the turning on 
and off of the signal changes the frequency 
content. 

What this example demonstrates is that 
when you analyze the frequency content 
of an aperiodic signal (one that doesnot 


„repeat endlessly) over a short period of 


time, you may get a different result than if 
you had used a longer period of time. In 


. fact, to be absolutely precise about the 


frequency content of a real-signal, you 
would have to analyze it over all time!. 
That’s a bit impractical, of course. For- 
tunately, if you look at the signal over a 


relatively long period of time, the dif- 


ference between what you get as a result 
and what you would get if you looked at 
the signal for all of time is pretty small. 
What's “a relatively long period of time"? 
That depends on the nature of the signal. 
In the example of the on-off keyed.CW 
transmitter, you would want to include 


М 50 | 
' so, for k=1, X(k)=X(1) is the content of 


d А 
many of the on-off transitions. The more 
you include, thé more closely your result 
will come to "reality." 


FOURIER TRANSFORMS : 


. Since we can't look at a signal for all 
of time, we have to come up with a way 
of getting close enough. The way we do 
this is by using a Fourier transform. The 
Fourier (pronounced foor-ee-ay) trans- 
form is a mathematical technique for de- 
termining the content of a signal. Applied 
to a signal over a particular period of time, 
it determines the frequency content of that 
signal by assuming that the signal being 
analyzed repeats itself indefinitely. 

Of course, when we analyze a real- 
world signal, such as a couple of seconds 
of speech, weknow that those few seconds 
of signal do not, in fact, repeat endlessly. 
So at best, the Fourier transform can give 
us only an approximation of the frequency 


- content. But if we look at a large enough 
- period of the signal, that approximation 


will be pretty good. We also have a math- 
ematical trick up.our sleeve that will help 


. us control the error, as we'll see. 


The Discrete Fourier Transform 


(DFT) 


In DSP, we make use of a variant of the 
Fourier transform called the discrete Fou- 
rier transform (DFT). This is an algorithm 
that calculates the Fourier transform of a 
sampled signal. Mathematically, the DFT 
of a signal is computed thus: 


N-I 


` am J2nnk/N 
У хое j2nn 


n=0 


X(k) = 

That e~/2mnk/N part may look pretty - 
daunting, but there is a simplification, 
called Euler’s rule, that we can use to state 


- the DFT in more Тали terms: 


N-1 
X(k)= У байый k/ N) (5) 
n=0 
—jsin(2xn k/ N)] 


` In this equation, N is the number of 
samples we're processing, n is the sample: 
index, starting at 0, and x(n) is the value of 
sample number n. For any value of k, the 
frequency index, we get X(k), which is the 
content of the signal at the frequency 
kF/N, with F being the sampling fre- 
quency. Wecan do this for values of k from 
0 to N-1. For example, say we were sam- 
pling at 10 kHz and we took 50 samples. 
Each value of k would represent a fre- 
quency of: 

kp- „10000 _ 


ke 200 (6) 


the signal at 200 Hz. For k=2, X(k)=X(2) 


. Digital Signal Processing 18.5 


Fig 18.10—The 50-point DFT of a signal 
with 1000-Hz and 1300-Hz components, 
sampled at a 20 kHz rate, shows the 
effect of spectral leakage. The 1000-Hz 
signal falls exactly on the fifth 
frequency bin (k = 5) and doesn’t leak at 
all. The 1300-Hz signal falls between 
bins 6 and 7, causing it to spread over a 
number of bins. 


is the content of the signal at 400 Hz, and 
so on. The dc value of the signal is at O Hz, 
so itis given when k=0 and X(k)=X(0). 

To calculate X(k) for a particular value 
of k, we plug k into equation 5, then com- 
pute the sum for all of the input sample 
values. There is a niggling detail left: the 
value we calculate has both real and imagi- 
nary components: it’s a complex number. 
The imaginary component arises because 
of the j in equation 5. What this means is 
that the signal has both an amplitude and 
a phase. We can calculate the amplitude 
and phase from the complex value of X(k) 
like so: 


X(k) = а + jb 
[хок = Va? + b? 
(7) 


Ө(к)= tan ! 


lo 


Here, the values of a and b are what we 
calculated with cosines and sines in equa- 
tion 5. IX(k)l is the amplitude, and Ө(К) is 
the phase angle. 

Note from equation 6 that if we use val- 
ues of k greater than N/2, the correspond- 
ing frequency for X(k) is greater than F/2. 
Since the sampling theorem says frequen- 
cies above F/2 are aliases, what are these 
values? It turns out that in the DFT, half of 
the actual amplitude of a frequency compo- 
nent appears at the expected value of k, and 
half appears at the alias frequency. If the 
input samples, x(n), are all real numbers, 
the value of X(k) at the alias frequency is 
the complex conjugate of the value at the 
actual frequency, meaning the complex 
number has the same real part and an imagi- 
nary part that is equal in value but opposite 
in sign. Mathematically, we write this as: 


X(N - k) = X*(k) (8) 


What this means in practice is that once 


18.6 Chapter 18 


Fig 18.11—Windowing minimizes the effects of discontinuity at the ends of the 
sample set for the DFT. Here, the samples at A have a window function applied, 
resulting in the samples at B. 


we have calculated the value of X(k), we 
know the value of X(N—k): just reverse the 
sign of the imaginary part. But even easier, 
just calculate values of X(k) for k from 0 
to (N—1)/2 and then double the calculated 
amplitude to account for the alias-fre- 
quency part. The result is the spectrum of 
the sampled signal. 

There are times, though, when the 
samples we are processing with the DFT 
are not real numbers. In that case, the val- 
ues in the bins where k > N/2 will not be 
complex conjugates of the bins k < N/2; 
there will be no simple relationship be- 
tween a frequency bin and its alias. 


Spectral Leakage 


In equation 5 we are limited to integer 
values of k. That means we can calculate, 
in our example, values of X(k) at 1200 Hz 
(k = 6) and 1400 Hz (k = 7), but not at 
1300 Hz. But what if there is a frequency 
component of 1300 Hz in the signal we are 
analyzing? Simply, part of that signal 
shows up in the 1200-Hz “bin,” part shows 
up in the 1400-Hz bin, and smaller parts 
show up in other nearby bins. This is the 
error we discussed earlier. It occurs be- 
cause in our example, a 1300-Hz signal 
doesn’t occur an integer number of times 
in our 50 samples. That is, if a 1300-Hz 


sine wave began at the first of the samples, 
the last of the samples would not occur just 
as acycle of the sine wave was completing. 
Since the DFT assumes the same 50 
samples occur over and over, we get a dis- 
continuity at the end of the set of samples. 
This abrupt discontinuity causes unex- 
pected frequency components, just as does 
fast on-off keying of a CW transmitter. 

This phenomenon is known as spectral 
leakage, since a signal component at a fre- 
quency between bins appears to "leak" 
into adjacent bins. Fig 18.10 shows an 
example DFT with input signals of 1000 
and 1300 Hz each at the same amplitude. 
The 1000-Hz signal falls directly on a bin 
and therefore produces a single line. But 
for the 1300-Hz signal, it is clear that not 
only has the signal leaked into nearby bins, 
but the actual amplitude of the signal isn't 
obvious, since the signal is divided up 
among several bins. 

We can improve the situation somewhat 
by taking more samples. Equation 6 shows 
that increasing N moves the bins closer 
together. Analyzing a signal that falls be- 
tween two bins will still cause leakage into 
nearby bins, but since the bins are closer 
together the spread in frequency will be 
less. But this doesn't solve the problem of 
the amplitude variation. 


To minimize that problem, we use a 
technique known as windowing. (This is 
the mathematical trick we mentioned 
earlier.) We multiply each sample of the 
set we're analyzing by a value determined 
by the position of that sample in the set. 
Fig 18.11 shows a set of samples before 
and after windowing. The samples near the 
beginning and end of the sample set have 
been reduced in amplitude. The effect of 
this is to reduce the amount of discontinu- 
ity that occurs at the end of the sample set 
and the beginning of the (assumed) iden- 
tical following set of samples. Reducing 


this discontinuity reduces the spectral . 


leakage problem. 
You don't get something for nothing, 
: however. Obviously, we have distorted the 
signal we're analyzing. The effect of this 
shows up in the resulting spectrum, shown 
in Fig 18.12. Now each frequency compo- 


nent is leaked across several frequency . 


bins, even if it normally would fall right on 
a bin. But the leakage is more consistent; 
you don't get zero leakage at some frequen- 
cies and lots of leakage at others. Rather; 
you get about the same amount at all fre- 
quencies. This means that the relative am- 
plitudes of signal components, viewed 


across several bins of frequency, are nearly . 


the same no matter what the actual fre- 
quency of the component. We have traded 
some resolution for consistent results. 
You can’t multiply the samples by just 
any old values to create the windowed set 
of samples. But a number of window types 


have been mathematically defined that . 


give the consistent results we are looking 
for. Among these. are the Hamming, 
Hanning, Blackman and Kaiser windows. 
Which to use depends in part of how much 
resolution you are willing to trade for con- 
sistency. The more consistent you want the 
amplitude to be, the less resolution you 
will get. 


The Inverse DFT (IDFT) 


Since we now have a way to determine 
the frequency content of a set of samples, 


Fig 18.12—The DFT of a 1000-Hz signal, 
sampled at 20 kHz and windowed. Note 
that, even though 1000 Hz falls directly 
on a frequency bin, the signal is spread © 
over several adjacent bins. 


/ 


Y | x(n) = 


it would be handy to also have a way to 


‘relate the frequency content back to the 


original set of samples. This is done with 


the inverse DFT (IDFT): 


N-1 
1 j2mk/N > 
x хе” (9) 
n=0 ИС ‘ 
Except for the fact that now the inputs are 


the frequency bins, X(k), and the result is . 


а sample value, x(n), this looks very much 
like equation 4. A 1/N factor has appeared, 
and the sign of the exponent has changed. 
gi tas Euler’s rule pue us: 
x(n) = 1 xn Грона k/N) 
n=0 

(10) 

+ j siri(2mnk/N)] ` 


which looks much like equation 5. Soalike 


are these equations that often the same: 


software routine is used to implement both 
the DFT and.the inverse DFT. 


П 


THE FAST FOURIER TRANSFORM 
(FFT) 


Calculating the entire spectrum of a 
sampled signal, for all values of k from 0 
to N-1, requires a lot of calculation. For 
each value of k, each of the input samples 
must be processed by taking a sine and 


cosine, multiplying by the sample value, 


and adding that to the resulting sum. Inour 
example, where N was 50, we have to do 
this N(N-1)/2 = 50(50-1)/2 = 1225 times! 
Even on a fast computer, that's a lot of 
calculation. And the number of calcula- 
tions increases by the square of №. 
"There is help on the way. If we choose 
a convenient number of samples to ana- 
lyze, some of the sin(2mnk/N) and 
cos(2mnk/N) values are the same because 
the sine and cosine functions are periodic. 
This allows us to factor out the common 
sine and cosine values from the DFT sum 
and combine those repeated multiply-and- 


'add operations into one operation. If we're 


really clever about selecting the right num- 


ber of samples, we can do this at a number 
of places, dramatically reducing the num- 
ber of calculations we have to do. The: 
result is a fast Fourier ‘transform (FFT) 


` algorithm. 


The details of FFT algorithms are be- 


‚уопа the scope of this book, but the result 


is not: the FFT produces exactly the same 
results as the DFT, only faster—thus its 
name. Because it is just a fast DFT, the 


-FFT has the same properties asthe DFT, 
. including spectral leakage, so windowing 


is often used with the FFT as well. 

There have been a number of FFT 
algorithms developed over the years. By 
far, the most commonly used FFT algo- 
rithms are those developed by Blackman 
and Tukey. These are the radix-2 algo- 
rithms. The convenient number of samples 
used by these algorithms is a power of two. 
You can use a radix-2 algorithm on 4 
samples, 8 samples, 16 samples, or any 
number 2" samples, where m is an integer 
2 or greater. The speed improvement of 
using a radix-2 FFT increases as the 
number of samples increases, as shown i in 
Table 18.1. 


THE Z-TRANSFORM 


We used equation 3 to mathematically 
describe the algorithm of Fig 18.6. This 
equation is useful, but it's hard to manipu- 
late algebraically because it has no com- 
mon variables: x(n) is a different value - 


from x(n-1). Manipulating the equations 


that represent DSP systems with algebrais 
useful because, if we can do it, we can find 
different ways of implementing the same 


‚ System, and some algorithms we find will 


be easier to implement than others. To get 
the difference equation into a form we can 
manipulate, we will use the z-transform. 
The mathematics that underlie the z-trans- 
form are outside the scope of this book. 
We will concentrate on the mechanics of 


. using z-transforms. 


Earlier, we labeled our delay block i in 


the flow diagram with z—!. This is because 
z-l represents a one-sample delay in a 


Table 18.1 А 
‚ Speed Improvement of the Radix-2 FFT 
Number of complex 
_Number of points multiplications 
P М їп DFT = N? 
4° 16 
8 64 
16 256 
32 ‚1024 
64 4096 
128 16384 
256 65536 
512 262144 . 
1024. 1048576 . 


Number of complex 
multiplications in Improvement 
radix-2 FFT = (М/2їодәМ _factor 
4 4.0 
12 5.3 
32 8.0 
80 12.8 
192 21.3 
448 ‘36.6 
1024 64.0 
2304 113.8 
5120 " 2048 
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z-transform expression. To convert the 
difference-equation term x(n-1) to its 
z-transform, we take the z-transform of 
x(n), which is X(z), and multiply it by the 
one-sample delay, z-l. The result is 
X(z)z-l. If the term is x(n-2), we multiply 
X(z) by two delays: X(z)z-lz-! = X(z)z 2. 
If we perform this operation on all of the 
terms of equation 3, we get: 


Y(Gz)eX()*2X(Dz |-3Y(z 1 (11) 


Now we can factor out the X(z) and 
Y(z) terms and solve the equation for 
Y(z)/X(z), which we denote as H(z): 


_ Y(z) _ 1e2z | 
X(z) 1+327' 
This equation is known as the transfer 

function of the system. It can be expressed 


in a slightly different, but equivalent, 
form: 


H(z) (12) 


1432) 2 2+3 Pa 

In working with DSP systems, you will 
often encounter transfer functions like the 
ones above. To implement the system de- 
scribed by the transfer function, you may 
have to convert the function back to a dif- 
ference equation. You do this from a trans- 
fer function like that of equation 12 by 
cross multiplying the two sides, then bring 
the Y(z) term to one side and all other 
terms to the other side to get a result like 
equation 11. Finally, take the inverse z- 
transform of each term, turning, for ex- 
ample, X(z)z~! into x(n-1). From the re- 
sulting difference equation, you can either 
construct a flow diagram or just write your 
program directly. 


IMPULSE RESPONSE 


One of the important measures of how a 
DSP algorithm acts is its impulse re- 
sponse. This is the output sequence of a 
system when the input is a sequence of 
values equal to 0, followed by a single 
value equal to 1, followed again by values 
of zero. This input sequence is called the 
unit-impulse sequence, denoted by 8(n): 


(п) = (...,0,0,0,1,0,0,0,...] (14) 


Normally, п is zero when the sequence 
value is 1. The preceding zero values in 
the sequence are at n = -1, n = 2 and so 
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on, while the following zero values are at 
n = 1, n = 2 and so on. The output of a 
system when this sequence is input—its 
impulse response—is denoted as h(n). For 
the system of equation 3, the impulse re- 
sponse is: 


h(n) = 0 for n<0 

Һ0) = 1 + 2(0) – 3(0) = 1 
h(1) = 0 + 2(1) – 3(1) 2-1 
h(2) = 0 + 2(0) - 3-1) 23 
h(4) 2 0 + 2(0) - 3(3) 2 -9 
h(5) = 0 + 2(0) – 3(-9) = 27 


Here, we assume the output was 0 when we 
started. Note that the output continues to be 
nonzero indefinitely for n » 0, even though 
all future inputs are 0. This is an example of 
an infinite impulse response (IIR). If the 
output had returned to zero and stayed 
there, it would be a finite impulse response 
(FIR). The infinite nature of the impulse 
response of this example comes from the 
feedback of the output signal into the sys- 
tem. If no feedback exists in the system, the 
impulse response will be finite. 

The usefulness of the impulse response 
is twofold. First, you can determine ex- 
actly how an algorithm will respond to a 
given input sequence by knowing the 
algorithm's impulse response. The logic is 
this: any particular input sample will cause 
an output that is equal to the impulse re- 
sponse times the input value. If the input 
value were 1, the output generated by that 
input would be exactly the impulse re- 
sponse. If the input value were 2, the out- 
put values would be doubled. But in a real 
signal, the input samples are not preceded 
and followed by an infinite number of zero 
values; they are preceded and followed by 
other input sample values. So the output of 
a system is the sum of the current input 
sample value times the impulse response, 
plus the value of the preceding input 
sample times the impulse response, with 
that output shifted by one sample time. 
And the earlier samples contribute shifted, 
weighted copies of the impulse response 
as well. The output sequence for a particu- 
lar input sample, x(n), is: 


y(n) = x(n)h(0)*x(n- D)h(1)*x(n-2)h(2)4... 


We can write this in compact form as fol- 
lows: 
y(n)= V x(n-k)h(k) 


К=-= 


(15) 


Equation 16 is called the convolution 
sum, and the process of taking this sum is 
called convolution. The value of k must be 
an integer. While k runs from —оо to +оо, it 
is only necessary to compute the sum for 
values of k for which x(n-k)h(k) is not 0. 
In our example system of equation 3, h(k) 
is zero for all values of k less than 0. But, 
since our example impulse response is 
infinite, we would have to compute the 
sum for values of k up to the point where 
h(k) becomes zero, if that ever happens. 
(It doesn't, in this example.) Some math- 
ematics can be used to show that equation 
15 is equivalent to: 


со 


убт) = V xüdohn-k) 


k=- 


(16) 


We can use these equations interchange- 
ably. 

The second useful characteristic of the 
impulse response is that the frequency re- 
sponse of the algorithm can be obtained by 
taking the DFT of the impulse response. 
This is a powerful tool for analyzing a DSP 
system. Of course, if the impulse response 
is infinite, you would theoretically need 
an infinitely long DFT—and an infinite 
amount of time to calculate it! But in prac- 
tice, useful IIR systems have impulse re- 
sponses that approach 0 as k gets large, 
although they never quite get there. So a 
very good approximation of the frequency 
response can be gotten by taking enough 
of the impulse response sequence that the 
remaining values are all very close to zero 
and performing the DFT on that truncated 
sequence. For an FIR system, on the other 
hand, an exact frequency response can be 
obtained by taking the DFT of its impulse 
response sequence. 

The impulse response sequence of an 
FIR system may be too short for a useful 
DFT. If, for example, the sequence has 
only 20 nonzero terms, a 20-point DFT 
would result in only 10 frequency bins 
between 0 and F/2. In this case, we simply 
append zero values to the end of the im- 
pulse response sequence to create the de- 
sired number of samples, then take the 
DFT. This approach also allows us to cre- 
ate a sequence length that is usable with an 
FFT algorithm, speeding our analysis. 


Digital Filters 
Filters make up one class of system that 


is of special interest in DSP. As we have 
seen, an algorithm that has a particular 


impulse response also has a particular fre- ` 


quency response, determined by the DFT . 


of the impulse response. So, by creating a 
system with the proper impulse response 
we can achieve a particular frequency re- 
'sponse—a filter. There are several reasons 


why DSP filtering might be preferable to - 


using analog filters. The principal reasons 
are based on the precise, unchanging na- 
ture of digital systems. In general, more 
stringent filter requirements—steeper 
roll-off in the frequency response, or less 
distortion in the phase response—call for 
more complex filters. As a filter gets more 
complex—adding inductors and capaci- 
tors in the case of analog filters, or adding 
additional delay elements in the digital 
‘case—the sensitivity of the filter's re- 
sponse to small errors in the element val- 
ues becomes more severe, Thus for analog 
filters, precise values of resistance, induc- 
tance and capacitance must be maintained 
if the filter is to operate as designed. Es- 
tablishing those precise component values 
is difficult, and maintaining them during 
temperature variations and aging of the 
components is more so. DSP filters, on the 
other hand, are unchanging. The *compo- 
_ nent" values consist of numbers stored in 
a computer, which are not susceptible tó 


Fig 18.13—Structure of an FIR filter..N is the number of delay elements, or taps. 


these alias components. (Unless the sam- 
pling rate is changed, as described below.) 


They exist because of the nature of à dis- 


crete-time signal, and a digital filter can't 
change that. So, a filter that passes a par- 


ticular frequency also passes all aliases of ` 


that frequency. .. 


: FIR FILTERS 


temperature changes or aging. For that ` 


reason, highly complex filters that would 


not be viable in the analog realm are easily ` 


formed by DSP algorithms. . 

DSP filters can be broadly divided into 
two classes, depending.on whether the 
impulse response of the filter is finite or 
- infinite. Each class has its advantages and 
disadvantages; which to use will depend 
on the requirements of the filter and the 
system being used. Е 

Designing а filter begins with specifi- 
cation of the desired filter response. The 
specification must describe the cut-off fre- 
quency (or frequencies) of the filter, the 
allowable amplitude variation in the pass 
band and the amount of attenuation in the 
stop band. Refer to the Filters chapter for 


background on filter response specifica- · 


tion. In specifying DSP filters, we often 
use normalized frequencies, since the 
filter design depends on the ratio of the 
filter cut-off frequency to the sampling 
frequency, rather than the actual signal 
frequency. aor 
Just as the sampled signal includes alias 
components around the harmonics of the 
sampling frequency, so too does the fre- 
quency response of a DSP filter. It is not 
possible to use a DSP filter to. filter out 


The basic structure of an FIR filter is 
shown in Fig 18.13. This kind of filter is 
sometimes referred to as a transversal fil- 
ter. The difference equation of this filter 
can be determined by inspecting the flow 
diagram: ' 


y(n) = x(n) h (0) + x (0-1) h (1) 
+...+х(п- [N - 1])h N- 1) 

Or, writing it in more compact form: . 

` { .N-1 

y(n) = У x(n-I)(k) . 


k-0 


Note that this equation is the convolution, 
sum, just like equation 15, except that. 


since h(k) is a finite-length sequence, k 
runs from 0 to N – 1. Thus the FIR filter 
directly implements convolution. 


The impulse response of the filter of Fig 
‘18.13 is easy to find by feeding the unit- 


impulse sequence (equation 14) into the 


filter. The single nonzero input sample: 


first appears at the input, where it is mul- 


tiplied by the coefficient h(0). Since this 


sample was preceded by an infinite num- 
ber of 0 values, all of the delay elements 
have 0 at their outputs.: Only the multi- 
plied input sample contributes to the out- 
put; h(O) is the result. When the next 


sample arrives, the'1 is shifted to the out-: 


put of the first delay element, to be multi- 
plied by h(1). All other sample values be- 
ing 0, h(1) is the resulting output. On 
succeeding samples, as O values arrive at 
the input, the 1 value is shifted succes- 


sively to each delay-element output, to be . 


multiplied by h(2), h(3), and so on, up to 
h(N ~ 1). Thus the impulse response of the 
filter is simply equal to the coefficients 
h(0) toh(N-1). .. 

The trick, of course, is to find the par- 
ticular impulse response that gives the 
desired frequency response for the filter. 
There are two questions: how many filter 


elements, or taps, are needed? And what - 


? 


are the proper coefficient values to use to 
give the desired response? In general a 
longer filter—a higher value of N—can 


provide steeper roll-off in the frequency 


response. In practice, most FIR filter de- 
sign approaches start by estimating the 
number of taps needed, then redesigning 
the filter if the number of taps selected is 
found to be too few or two many. Calculat- 
ing the required coefficients, on the other 
hand, is more exact, but requires a lot of 
calculation: 

Finding proper coefficient values is 


` complicated by one other issue. We 


would like the impulse response to be 
symmetrical about its center. That is, 
we want h(0) 2 h(N-1), h(1) 2 h(N-2), 
h(2) = h(N-3) and so on. We want this 
because an FIR filter with a symmetrical 


“impulse response has a constant delay at 


all frequencies. This constant delay, which 
can also be stated as a linear phase re- 


. sponse, means that the filter will notintro- . 


duce phase distortion to the signal. For . 
тапу. uses, especially in digital data . 
communication, this is a crucial filter 
requirement. Not only is the delay of a - 
symmetrical FIR filter constant, it is easily 
calculated: -` 


d= =——T 

2 
where d is the filter delay in seconds, N is 
the number of taps, and T is the sampling 
interval in seconds. 

One feasible approach to designing an 
FIR filter relies on the facts that the DFT 
of the impulse response equals the fre- 
quency response and that the IDFT can 
transform a frequency-domain sequence 
to the time domain. Thus if we take the 


(17) 


‚ IDFT of the desired frequency response, 


we get the needed impulse response. That 
works, but it suffers from the same discon- 
tinuity problem as the DFT itself. In per- 
forming the DFT of a signal, this problem 
shows up as spectral leakage. In the case 
of finding an impulse response for our FIR 
filter, it shows up as a ripple in the fre- 
quency response. Only at the exact frequen- 
cies of the bins of the specified frequency 


` response do we get the correct result; be- 


tween those bins we get variations in the 
response. We can attack that problem in the 
same way we attacked spectral leakage— 
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with windowing. But in doing so, we 
modify the frequency response, just as we 
spread out the signal components over sev- 
eral bins in the DFT. That makes it more 
difficult to get the exact frequency response 
we want without trial and error. 

A better design results from using a 
complicated design algorithm developed 
by Parks and McClellan. This approach 
results in an equiripple design, where all 
of the passband ripples are of the same 
amplitude, as are all of the stopband 
ripples. 

Since finding the needed coefficients 
for a given filter design requires so much 
calculation, it is a good task for a com- 
puter. And DSP filter-design programs are 
easily available at low cost. For that rea- 


son, we will not dwell on the design math- 
ematics; use of a filter-design program to 
calculate the coefficients is by far the most 
desirable approach. The Bibliography at 
the end of this chapter lists some filter- 
design software tools. 


IIR FILTERS 


While FIR filters have some exception- 
ally useful qualities, particularly linear 
phase response, they require a large num- 
ber of taps—and a lot of computing 
power—to implement sharp filters. An IIR 
filter, on the other hand, can give an 
equivalent frequency response using fewer 
calculations. What it will not provide is 
linear phase response. In circumstances 
where the computational requirements are 


of more concern than linear phase re- 
sponse, IIR filters may be desirable. 

Unlike the FIR filter, the IIR filter in- 
cludes feedback—that’s what makes its 
impulse response infinite. Its difference 
equation shows this: 


y(n) = Арх(п)+ Аух(п-1)+...+А x(n- j) 
-B,y(n-1)- B5y(n-2) 
—...-Byy(n- k) 

(18) 
IIR filters can be implemented using 
several different algorithms, or structures, 

as shown in Fig 18.14. The structure at A 

is most easily understood, as it can be 


drawn directly from inspection of the dif- 
ference equation. 


Fig 18.14—IIR filter structures. At A is the direct-form (I) structure; B is the direct-form (Il) structure; and C is the cascade 
structure. 
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It may not be obvious, but the structure 
of Fig 18.14B acts just like the structure in 
A. It contains fewer delay elements, 
though, which reduces the amount of stor- 
age needed to keep the delayed sample 
values. | 

Often, a filter-design program used to 
design IIR filters will give its result in the 
form of a transfer function. As explained 
above, the transfer function can be trans- 
lated to a difference equation, from which 
the filter can be drawn or implemented. 
There is a catch, though. As IIR filters get 


‚ larger, with larger values of j and k in 


/ 


equation 18, finite-word-length effects be-. . 


come a problem. The coefficients used in 
the filter cannot be represented exactly in 
the computer; they can only be approxi- 
mated by the number of bits used to 
represent numbers in the machine. While 
this isn’t a big problem for FIR filters, the 
feedback inherent in IIR filters makes it 


Nonlinear Processes. 


In analog electronics, we amplify sig- 
nals, sum them and pass them through fre- 
quency-selective circuits. Each of these 
linear operations has its DSP equivalent, 
as we’ ve seen. But analog electronics also 
includes nonlinear processing of signals. 
Examples of nonlinear processes are rec- 
tification, clipping, limiting and mixing. 


- One thing that distinguishes nonlinear 


from linear processing is that in linear 
systems, the same frequencies that are in- 


- put to the system appear at the output, 


possibly with changes in amplitude and/or 
phase, but without the appearance of fre- 
quency components different from those 
at the input. : . 

As discussed in the Mixers chapter, 
nonlinear processes result in the multipli- 
cation of one signal by another (or several 
others), either explicitly, as in a mixer cir- 
cuit, or implicitly, as in a nonlinear ampli- 


. fier or a diode. The same multiplication 


process is used in DSP, but here we have 
to be very careful when performing non- 
linear operations. A sampled signal 
comprises not only the frequency of the 
original signal, but also components 


around the sampling frequency and its- 


harmonics, as shown in Fig 18.3. Perform- 
ing a nonlinear operation on sampled sig- 
nals, therefore, requires that we consider 
the resulting frequency components and 
how they will appear in the sampled 


' spectrum. 


We begin by taking a closer look at the 
spectrum of a sampled signal, shown in 


a concern. Small errors in the coefficients 
may, after being fed back through a number 
of delay stages to add to the output many 
times, produce undesirable effects. To 
combat this problem, the structure shown 


-in Fig 18.14C may be used. Here, the large 


filter is broken up into a series of second- 
order (two delays) filters. Cascading these 
smaller filters results in the overall re- 
sponse desired. To calculate the co- 


efficients of these smaller filters requires. 


applying some algebra to the transfer 
function of the larger filter. The desired 
result is a transfer function of the form: 


2 -1 -2 
H(z) = Аю tAn +А1)2 


-1 -2 
1+B,z +В2 


Aro tAnz tAn” 
1+В,271+В8,22 (09) 


Fig 18.15. Here, the input signal has one 
frequency component (it's а sine wave), 
f, which shows up in the sampled spec- 
trum at fj, ѓу, F € fj, -F + f, and so on. 
Notice that the spectrum between —F/2 and 


0 is exactly like the spectrum from F/2 to 


F. This is inherent in the sampling process 
and will always be the case. Because of 
this, we can concentrate on the spectrum 
from —F/2 to F/2, knowing that all of the 


harmonic spectra'are simply copies of this 


spectrum. When we generate new fre- 


Good filter-design programs will calculate 
the coefficients of the cascaded sections 
for you. | 

The most common design technique used 
for IIR filters is to design an equivalent 
analog filter, then transform it to a digital | 
filter. Because of this, many IIR filter- 
design programs require you to specify the 
filter shape from among the types of analog 
filters: Butterworth, Chebyshev or ellipti- 
cal. See the Filters chapter for a descrip- 
tion of these filter types. 

We assume when analyzing the opera- 
tion of an IIR system that the delay ele- 
ments initially store O values, until an in- 
put signal arrives. Because the impulse 
response is infinite, initial nonzero values 
may have long-lasting effects on the out- 
put signal. For this reason, any implemen- 
tation of an IIR filter or system should start 
by zeroing the storage elements before 


. processing begins. 


quency components, by nonlinear opera- 
tions, that fall above F/2, we can treat them 
as though they “wrap around" to the nega- 
tive side, between —F/2 and 0. Generated - 
frequency components more negative than 
—F/2 wrap around to the positive spectrum. 
Now consider what happens when we 
multiply two sine-wave signals together. 
This is done by taking each sample of one 


'signal and multiplying it by the corre- 


sponding sample of the other signal, as 
shown in Fig 18.16. In analog electronics, 


Fig 18.15—The spectrum of a sampled signal can be analyzed by referring to only 
the part from —F/2 to F/2 (F is the sampling frequency), the unshaded part of this 
diagram. The spectrum around each harmonic of the sampling frequency is a 


copy of the unshaded spectrum. 


COS (2nnf, /F) 


COS (2nnf,, /F) 


COS (2nn(f,f, )/F) + COS (2nn(f,-f, )/F) 


H : а 
Fig 18.16—Mixing two sine waves is the same as multiplying them. For real-number 
signals, this results in two signals, the sum and difference of the input signals. 


+ 


І 
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# and – {1 
shifted 
by —f2 


f1 and —f; 
shifted 
by +12 


—fo-f —fotfy f2-f 2+ 


Fig 18.17—The mixing process can be 
thought of as shifting one signal’s 
frequency components up by the 
positive frequency of the other signal 
and down by the negative frequency of 
the other signal. 


Wrapped around 
(alias) 


Wrapped around 
(alias) 


Fig 18.18—If the frequency shift caused 
by mixing causes a component to 
exceed the F/2 boundary, the signal 
will wrap to the opposite end of the 
spectrum, as shown here. 


we learned through trigonometry that 
multiplying two sine waves produces sum 
and difference frequencies. That’s true 
here, too, but we'll look at it in a different, 
equally valid, way, shown in Fig 18.17. 
We will consider that the positive fre- 
quency component of one signal, f», shifts 
the other signal, f}—both its positive and 
negative frequency components—up in 
frequency by the frequency value of f». 
Similarly, the negative frequency compo- 
nent of fz shifts the components of fj down 
by the same amount. The result is four fre- 
quency components, two positive and two 
negative, as shown in Fig 18.17(b). We 
could have chosen f» as our shifted signal 
and f, as the amount to shift by and gotten 
the same resulting spectrum. 

Fig 18.18 shows the result if this pro- 
cess ends up shifting a signal beyond the 
F/2 limit, wrapping it around to the other 
side of the spectrum. Note that, in this 
case, the wrapped components appear at 
frequencies different from where they 
would be if we had done the mixing with 
analog electronics. This is because of 
aliasing, which occurs when a frequency 
component exceeds F/2. 

An example shows why analyzing the 
effect of a nonlinear operation in this way 
is important. We can simulate a half-wave 
rectifier by replacing all of the negative- 
amplitude samples of a signal with zeroes. 
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“SIN(2nf/F) |. (sU) 


9 


COS (2nf/F) -«—— Initial value = SIN (2nf/F) 


p» y (п) = COS (2nn f/F) 


-«—— Initial volue = COS (2m f/F ) 


> yo (n) = SIN (2nnf/F) 


Fig 18.19—A quadrature sine-wave oscillator provides two sine waves, with a 90° 


phase difference between them. 


We might be tempted to do that to, for 
example, demodulate an AM signal. But a 
look at the spectral result will show this to 
be a poor technique. Mathematically, half- 
wave rectification of a sine wave is like 
multiplying the input signal by a square 
wave that has the same frequency as the 
input signal and amplitude values of +1 
and 0. Spectrally, the square wave com- 
prises adc component and frequency com- 
ponents at the fundamental and all of the 
odd harmonics of the fundamental. So, the 
result of rectification is to create fre- 
quency-shifted copies of the input signal 
around 0 Hz and around the odd harmon- 
ics of the square wave. Some of these har- 
monics will show up at frequencies above 
F/2, no matter what F we choose, and these 
components will alias into the spectrum 
below F/2. The result will be nothing like 
what we get with a physical half-wave 
rectifier, and most likely nothing like what 
we wanted. The lesson is that we have to 
be very careful that our nonlinear opera- 
tions do not generate unwanted frequency 
components that show up as aliases. That 
doesn’t mean we can’t do nonlinear op- 
erations, just that we need to exercise cau- 
tion. 


COMPLEX AND ANALYTIC 
SIGNALS 


As we’ ve seen, multiplying two signals 
shifts the positive and negative compo- 
nents of one of the signals in two direc- 
tions, generating two sets of frequency 
components. In analog electronics, we 
deal with this reality by using filters to 
eliminate the unwanted second compo- 
nent, leaving only the desirable one. We 
can do that in DSP, too, but there is 
another way that is often better. 

In all of our preceding discussion, each 
positive frequency component was 
mirrored by a corresponding negative 
frequency component. This is a character- 
istic of any signal that is composed of 


amplitude values that are only real num- 
bers. But if we can create a signal that is 
composed of complex amplitude values, 
this need not be the case. In fact, a com- 
plex signal can have only positive-fre- 
quency components or only negative-fre- 
quency components. Such a signal is 
called an analytic signal. 

Consider the usefulness of such signals. 
If we multiply together two single-fre- 


quency signals that have only positive-fre- 
quency components, the resulting spec- 
trum is simply a frequency component at 
the sum of the frequencies of the two sig- 
nals; there are no negative frequencies 
present to get shifted into the positive fre- 
quency range. This gives us a pure fre- 


quency shift, rather than the sum-and-dif- 
ference result of multiplying two real- 
value signals. 

A sampled, single-frequency analytic 
signal has the form: 


x(n) = Acos(2mnf/F)+ j Asin(2nnf/F) 
(20) 


where A is the peak amplitude of the sine 
wave, f is the frequency of the signal and 
F is the sampling frequency. This signal 
has only positive frequencies. A signal of 
the form: 


x(n) = Acos(2mnf/F) - j Asin(2nnf/F) 
(21) 


has only negative frequencies. An analytic 
signal that comprises multiple positive- 
frequency components is made up of asum 
of components of the form of equation 20. 
That means that the imaginary part of the 
signal is equal to the real part, but shifted 
90° at all frequencies. 

In a computer, such as a DSP system, we 
handle complex numbers by operating on 
thereal and imaginary parts separately. We 
call the real part of the analytic signal the I 
(in-phase) component and the imaginary 


Hilbert 
Transformer 


Г 


Fig 18.20—Generating an analytic 
signal from a sampled input signal 
requires passing the input through a 
Hilbert transformer filter to generate 
the Q (quadrature) channel. The І (in- ~ 
phase) channel is created by passing 
the signal through a delay equal to the 
fixed delay of the Q channel. 


part the Q (quadrature) component. 
Complex arithmetic dictates that, when we 
add two complex values, we add the real 
parts together then we add the imaginary 
parts together; we still keep the real result 
separate from the imaginary result. Com- 
plex multiplication is a bit more involved. 
Wecan multiply two complex numbers like 


` $0: 


(a+ jb)(c+ jd) =(ac—bd)+ j (ad-+ bc) 
P (22) 


It is easy to generate a single-frequency 
analytic signal like that of equation 20. 
Referring to the section on Generating Sine 
Waves, we can use the phase-accumulator 
method to generate the I component of the 
signal, then subtract 90? from the current 
phase angle and compute the output value 
for that angle to get the Q component. 

There also is an oscillator structure, 
shown in Fig 18.19, we can use to gener- 


ate the I and Q components for a single-- 


frequency complex signal. 


HILBERT TRANSFORMERS 


But what if we want to create an ana- 
lytic signal from a sampled, real signal? 
We need to.shift all of the frequency com- 
ponents of the sampled signal by 90°. For- 
tunately, in DSP we have a straightforward 
way to do that: the Hilbert transformer. 
Recall that in the FIR Filters section we 


noted that an FIR filter with a symmetrical. 


impulse response exhibits a constant delay 
of (N-1)/2 sample periods. It turns out that 
an FIR filter with an antisymmetrical im- 
pulse response—that is, h(0) = -h(N — 1), 
h(1) = -h(N - 2), and so on—produces a 
delay of (N – 1)/2 and a shift of 90? at all 
frequencies. This is exactly the kind of 
filter we need to create the Q component 
of our analytic signal! ` 
` A system using a Hilbert transformer 
Чо create an analytic signal is shown in 
Fig 18.20. Since the Hilbert transformer 
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-SIN (2nnt/F) 


Fig 18.21—Frequency shifting a signal to produce a real-number result doesn’t 
require calculation of the imaginary part of the output, but the imaginary part of 
the analytic signal does play a part in finding the real part of the output. 


includes not only a 90° phase shift, but | 


also a fixed delay of (ЇЧ — 1)/2 sample 
periods, we need an (N — 1)/2 delay in the 


I channel so that the difference between - 


the two channels becomes solely the 90° 
phase shift. We also need to have the 
amplitudes of the two channels the same, 
so the I channel should have the same 
frequency response as the Hilbert 
transformer in the Q channel. A Hilbert 


transformer filter can be designed by most 


FIR filter-design programs. 

When you use analytic signals to 
perform frequency shifting, you may at 
some point end up with a signal you want 
to output to the D/A converter. The D/A, of 


- course, handles only real numbers. Feed- 


ing just the real part of the analytic signal 
into the D/A produces an output waveform 
that has both positive and negative com- 
ponents, but that’s what we expect of areal 
signal. So, once the processing of the 
analytic signal is complete, we simply 
discard the Q-channel signal and use the 
I-channel values for our output. This may 
allow us to skip computing the output 
Q-channel values altogether, as shown in 
Fig 18.21. Note; though, that we do need 
the Q channel to compute the real part 
of the frequency-shifted signal, because 
the multiplied real values includé terms 
from the imaginary part, as shown in 
equation 22. f 

A complex signal can also have positive 
and negative frequencies that are not 
mirror images of one another. One way 
of generating such a signal is shown in 
Fig 18.22. Here, a real input signal is 


formed into a complex signal and fre- 


quency shifted, both at the same time. 
(This is an example of a half-complex 
mixer. It takes in a real signal and pro- 


‘duces a complex signal.) With a complex 


signal such as this, we cannot simply 
output the real part and expect only the 
positive frequencies to generate mirror 


SIN (2nnf, /F) 


Fig 18.22—Generating a frequency- 
shifted complex signal from a real 
signal can be accomplished by 
multiplying the real signal by a single- 
frequency analytic signal, as shown at 
A. Note that the resulting spectrum, 


‚ shown at В, has both positive and 


negative frequency.components, but 
they are not mirror images of one 
another. 


images; the negative frequencies will 
have mirror images in the positive part of 
the spectrum, too. Still, such complex 
signals can be useful at intermediate steps 
in the processing, before a real signal is 
output. 
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Demodulating Signals 


One important application of DSP to 
Amateur Radio is in the demodulation of 
signals. Although DSP hardware isn’t 
quite yet up to the task of processing 
directly at amateur operating frequencies, 
it can demodulate signals at audio and 
low-IF. An application of audio-frequency 
demodulation is in the field of modems 
for digital communication. These devices 
modulate an audio signal to send digital 
data and demodulate the received signal 
to recover the digital data. We also are 
seeing DSP used more and more as the 
principal demodulation means in com- 
munication receivers, where the DSP 
operates at a low IF that is mixed from 
the operating frequency by analog 
electrunics. 

There are many algorithms you can use 
to demodulate each type of modulated 
signal. We present here a sample of some 
of the more commonly used techniques. 
We begin by generating quadrature 
signals at baseband (centered on 0 Hz). 
From these, we will detect the modulating 
waveform. The incoming signal consists 
of a carrier frequency that is modulated in 
some way. To generate our quadrature 
baseband signals, we multiply the in- 
coming signal by two signals that are each 
at the carrier frequency but 90? different 
in phase. This scheme, shown in Fig 18.23, 
is similar to the half-complex mixer 
described above. It shifts the signal so 


Low—Pass 
Filter 


COS (2f, /F) 


that it is centered at 0 Hz in both the I and 
Q channels. A low-pass filter removes 
the unwanted negative-frequency compo- 
nents, along with, possibly, filtering out 
signals that lie outside the bandwidth of 
the desired signal. The I and Q channel 
sequences can then be used to demodulate 
the signal. 


AM DEMODULATION 


One's first inclination is to demodulate 
an AM signal by rectification of the signal. 
But, as explained in the Nonlinear Pro- 
cesses section, that's a technique fraught 
with peril. A better way is to use the I and 
Q channels developed in Fig 18.23. These 
two signals together describe (mathemati- 
cally) the incoming signal as a rotating 
vector, with the I channel holding the x- 
axis (real) component of the vector and 
the Q channel holding the y-axis (imagi- 
nary) part. (See Fig 18.24.) All we need to 
do is to find the length of the vector for 
each sample of the signal; the vector length 
is the amplitude of the signal, which is 
what we want to detect. 

Finding the length of the vector can be 
done using the Pythagorean theorem: 


Qon? 
ly(m)|= ү[а)] +[о(а)] (23) 
For each sample, then, we calculate equa- 
tion 23, using the current I- and Q-channel 
sample values. We can filter y(n) to 
remove the dc component and feed the 
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Fig 18.23—Demodulation begins by generating baseband 1 and Q channels. The 
technique is shown at A, where an analytic signal at the carrier frequency, -f., 
multjplies the input signal, whose spectrum is shown at B. The result of this 
multiplication is the spectrum at C. This signal is low-pass filtered to remove the 
unwanted alias spectrum and, possibly, unwanted signals near the desired 
passband. After filtering, the spectrum at D results. 
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result to our output D/A converter to 
produce the detected audio. 

Since DSP chips, and computers in gen- 
eral, don’t usually provide a square-root 
function, the program to implement AM 
detection will have to calculate the square 
root. This is most speedily done using a 
look-up table, although a square-root al- 
gorithm can be used if desired. 


FM DEMODULATION 


FM detection is a bit trickier than AM 
detection. The method described here be- 
gins by detecting not the frequency, but 
the phase of the incoming signal. Since the 
I and Q channels describe the incoming 
signal as a vector, we can find the phase of 
the signal by finding the angle of the vec- 
tor described by the I and Q signals. This 
is done using trigonometry: 


n)= tan! Qn) 
yp(n)=t ЁЛ 


Once again, we will most likely use a look- 
up table to find the arc tangent. 

This scheme performs phase detection 
of the signal, not frequency detection. We 
can convert the output to a demodulated 
FM signal by passing the result of equa- 
tion 24 through a differentiator filter. FIR 
filter design programs can usually gener- 
ate a design for a differentiator filter. The 
resulting system is shown in Fig 18.25. 


(24) 


Fig 18.24—The I and Q channels 
together describe the signal as a 
rotating vector. From the | and Q 
sample values we can compute the 
instantaneous amplitude or phase of 
the signal. 


SSB DEMODULATION 


The technique we will use for SSB de- 
modulation has long been known in ana- 
log electronics. Called the phasing 
method, it is shown in Fig 18.26. The Q- 
channel signal is passed through a Hilbert 
transformer FIR filter to further shift it by 
90°. The I channel is delayed by an amount 
equal to the fixed delay of the Q-channel 
filter, (ЇЧ — 1)/2 samples. If an odd number 
of taps is used in the Q-channel filter, the 
needed delay of the I channel will be an 
integral number of samples. The delayed I 
channel and the transformed Q channel 
are then summed. a 

We originally generated our I and Q 
channels by mixing the incoming signal 
with a signal at the carrier frequency. That 
places the lower sidebands below 0 Hz and 
` the upper sidebands above 0 Hz. Summing 
the two channels causes the positive 
frequencies in the signal to sum to zero, 
while the negative frequencies add. Since 
the result of the summation is a real signal, 


these resulting frequencies are mirrored ` 


in the positive part of the spectrum. What 
we have done is eliminate the part of the 
signal above 0 Hz—the upper sideband 
. part—while preserving the part of the sig- 
nal below 0 Hz—the lower sideband part. 
If instead of adding the two channels we 
subtract them, we preserve the upper side- 
band part and eliminate the lower sideband 
part. 


Fig 18.25—FM demodulation is performed by phase detecting the signal via the 


arc tangent function, then passing the result through a differentiator. 


Fig 18.26—The phasing method of SSB demodulation, as implemented in DSP. 
The system is shown at A. The input signal (B) is mixed with an analytic signal at 
the carrier frequency, —f,, then the Q channel is phase-shifted via a Hilbert 
transform, while the | channel is band-pass filtered with a delay equal to that of 
the Q-channel filter, producing the spectrum at C. Summing the two channels 
gives the spectrum at D, which represents the lower sideband of the original 
signal. 2 | 


Decimation and Interpolation 


It is often useful to change the effective 
sampling rate of an existing sampled 
signal. For example, say you have a 
system sampling at a 21-kHz rate and 
you want to filter a 600-Hz signal with a 
100-Hz-wide band-pass filter. You could 
design a filter to do that directly, but it 


would likely be a very complex filter . 


requiring a lot of processor power to 
implement. The filter would be easier if 
the sampling rate were lower, say 7 kHz, 
since the normalized filter width would be 


. wider. (A 100-Hz-wide filter for a 21-kHz 


signal would have a normalized width of 
100/21000=0.0048, while if the sampling 
rate were 7000 Hz the normalized width 
would be 100/7000=0.014.) You may not 
be able to change the actual sampling 
rate—perhaps the available antialiasing 
filter won’t allow sampling at a lower 


rate—but you can change the effective 
sampling rate by processing. . 


DECIMATION 


The reduction of the sampling rate by 
processing is known as decimation. The 
procedure is simple: just throw away the 
unwanted samples. For example, to reduce 
the effective sampling rate from 21-kHz 
to 7 kHz, throw away 2 out of 3 of the 
incoming samples. This procedure allows 
you to divide the sampling rate by any 
integer value. 

‘Of course, throwing away samples 
changes the signal being processed. Fig 


18.27 shows the effect of decimating a sig- ` 


nal by a factor of 3 by keeping only every 
third sample. F, is the original sampling 
rate, and Е. is the new sampling rate, 1/3 
the original. The resulting signal is indis- 


tinguishable from a signal that was sampled 


at 1/3 the original sampling rate. This 
means that it contains alias components 
around the harmonics of Ез. More impor- 
tantly, it means that any signals present in 
the original sampled signal at frequencies 
above F,/2 may alias into the range 0 to 
F,/2, just as they would have if the signal 
had actually been sampled at F3. To elimi- 
nate this possibility, it is necessary to digi- 
tally filter out any such signals before per- 
forming the decimation. This can be done 
with a low-pass filter, at the original 
sampling rate, that cuts off at F,/2. This 
filter is called a decimation filter. 

It may seem like this is no improvement 
to our example system; now we have to 
have two filters: a decimation filter and 
our 600-Hz band-pass filter. But the com- 
bined processing of these two filters is less 
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5F2/2 3F2 


Fig 18.27—The signal at A is sampled at an F, rate. At B, the signal has been 
decimated by a factor of 3 by throwing away two out of three samples. The result is 
that alias components have been formed around harmonics of the new sampling 
rate, F,. Note that in the original spectrum, signal components existed at frequen- 
cies above F2. These components alias into the range 0 to F,/2 after decimation. 
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Fig 18.29—Dithering is accomplished by adding noise to an oversampled signal. 
The noise should fall outside the passband of the digital decimation filter. 


than the processing we would need for the 
single filter at the original sampling rate. 
Fig 18.28 shows why this is so. The deci- 
mation filter needs only to attenuate those 
signals that would alias into the 100-Hz 
passband of the final 600-Hz filter. Sig- 
nals that alias into the frequency range 
above that filter and below F25/2 will be 
removed by the band-pass filter. That 
means that the decimation filter need not 
have a particularly sharp cutoff, so it 
doesn't have to be a complex filter, costly 
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in terms of processing requirements. 


INTERPOLATION 


Just as we sometimes want to decimate 
a signal to reduce its effective sampling 
rate, we also sometimes want to interpo- 
late a signal to increase its rate. Referring 
to our example of decimation, we may 
want to output the filtered 600-Hz signal, 
sampled at 7 kHz, through a system that 
has areconstruction filter that cuts off well 
above 3500 Hz (half the sampling fre- 


Fig 18.28—In this example, the 
decimation low-pass filter has to pass 
the frequencies that will exist after the 
final filter, shown as a shaded area, 
while eliminating frequencies that 
might alias into the final filter. 


quency). We can do this by increasing the 
effective sampling rate to one that accom- 
modates our reconstruction filter. 

Just as decimation was performed by 
removing samples, interpolation is per- 
formed by inserting them. If we want to 
raise our 7-kHz sampling rate by a factor 
of 3, to 21 kHz, we need to have three times 
as many samples. Wecan do that by adding 
two new samples between each of the ex- 
isting samples. Usually, we add samples 
whose value is zero. While this increases 
the number of samples, it does not change 
the content of the signal. Specifically, the 
alias components that lie on either side of 
the old 7-kHz sampling frequency and its 
harmonics are still present. To make use of 
the new signal, we need to digitally filter 
out all of these components except those 
around 600 Hz. So, we need a low-pass 
filter, operating at the sampling frequency 
of 21 kHz, to eliminate these unwanted 
signals so they won't appear in the output. 

In this example, we know that, be- 
cause of our 100-Hz-wide filter, all of 
the signal appears in narrow bands 
centered on 600 Hz, 7000-600=6400 Hz, 
7000+600=7600 Hz, and so on. The high- 
est frequency we need to pass through our 
interpolation low-pass filter is 650 Hz. 
The lowest frequency we need to reject is 
6350 Hz. We can design our low-pass fil- 
ter accordingly. With this much difference 
between our passband and stopband fre- 
quencies, we'll find that the needed inter- 
polation filter is simple and won't take 
much processing. 


OVERSAMPLING 


One place where decimation and inter- 
polation are often used is to implement 
oversampling—sampling at a rate much 
higher than the sampling theorem de- 
mands. One reason to use oversampling 
was shown above: to relax the require- 


ments of the antialiasing and reconstruc- 
tion low-pass filters. Another advantage 
` of oversampling is in noise reduction. As 
explained above, if the quantization noise 
that arises from quantizing the input sig- 
nal is random in nature, it will be distrib- 
uted evenly throughout the spectrum. If 
we make use of oversampling, the noise of 
interest will be distributed evenly from 0 


Hz up to one half the sampling frequency. Р 
When we pass the digitized signal through : 
our decimation low-pass filter, much of _ 


this noise will be filtered out. This in- 


DSP Hardware and 


DSP relies on operations—addition, ` 


multiplication and shifting—that are com- 
mon computer operations. But the large 


number of such operations needed by any 


useful DSP algorithm, and the small 
amount of time available to do them—the 


interval between two incoming samples— ` 


means that general-purpose processors 
find it difficult to process signals even at 
audio frequencies. For that reason, most 
real-time DSP is PEHOImed by specialized 
processors. 


DSP CHIPS 


, Processors for DSP differ from general- ` 


purpose processors in important ways. The 
` most important differences exist to opti- 
„mize the repeated multiply- -add-shift op- 
eration of DSP algorithms. One of these 
optimizations is the use of the Harvard 
architecture. This scheme of computer 
organization has separate program 


memory and data memory. The program : 


instructions and constant values are stored 
in one memory, while the data to be pro- 
cessed is stored in another. This allows the 
processor to fetch a value from program 


memory and one from data memory at the . 


same time, in a single memory cycle. Con- 
sider the effect of this on the FIR filter 
algorithm. To implement each tap of the 
filter, the program must multiply a con- 
stant value (the filter coefficient).by a data 
vale (the stored sample value). The pro- 
cessor can fetch both values from memory 


simultaneously, saving one memory cycle. · 


When large filters are being implemented, 
the savings can quickly mount. And typi- 
cally, the processor can perform the 
needed multiplication, subsequent addi- 
tion of the product to an accumulator, and 
Shifting of the data value in the storage 
array in a single machine cycle. Contrast 


creases the effective signal-to-noise ratio, 
since the signal is unchanged but the total 
noise is reduced. This approach can allow 
use of a low-resolution, but fast, 
A/D converter to act as if ithad more reso- 
lution—more bits. 

We stress again that this technique : as- 
sumes randomness on the part of the quan- 


tization noise. That may not always be the ` 


case. In situations where that can't be as- 
sumed by the characteristics of the input 
signal, dithering is sometimes used. Dith- 


ering is the introduction of noise into the: 


Development Tools 


form the same operations in a general- 
purpose computer and you can see why 
specialized processors are so much more 
capable of processing sampled signals. 
DSP chips also often include other optimi- 


_ zations, such as pipelining of instructions. 


and specialized addressing modes to sup- 
port FFT operations. . 


Fixed Point vs Floating Point 


One of the things that makes general- . 
purpose computers so useful is their abil- . 


ity to perform floating-point calculations. 
Floating-point representation of numbers 
treats the stored value as a fraction (the 
mantissa) of magnitude less than 1 and an 
‘exponent (usually base 2). This approach 
allows the computer to handle a great 
range of numbers, from the very small to 
the very large. Some modern DSP chips 
support floating-point calculations, too. 
But this is not as great an advantage for 
signal processing as it is for general-pur- 
pose computing because the range of val- 
ues needed in DSP is fairly small. For this 
reason, fixed-point processors are com- 
mon for DSP. 
A fixed-point processor treats a stored 
value as just the mantissa part— there is no 


seem to 


input signal, before digitization. Usually, . 
the amplitude of this noise is equal to sev- 
eral quantization levels—several times 
the A/D LSB value. Adding noise may 
defeat the purpose of 
oversampling, but the trick is to add noise 
that is limited in frequency to a range that 


: will fall outside the passband of the deci- 


mation filter. That way, the noise doesn't 
contribute to the final signal-to-noise ra- 
tio but does force the quantization noise 
to become random. Such a scheme is 
shown in Fig 18.29. 


exponent. This does not mean that only 


fractional numbers can be handled. The 
radix point—the separation between the 
integer and fractional parts of a number— 
can be between any two bits of the stored. 
number. Indeed, the selection of a radix 
point is somewhat arbitrary. But having a 
fixed radix point does complicate things 
somewhat for the programmer. When mul- — 
tiplying two numbers, let's say they are 
16-bit values, the resulting number has 
twice as many bits—32, in this case. And 
where the radix point falls in those 32 bits 
depends on where it was in the original 
numbers. If the 16 bits were composed of 


. three bits of integer value, followed by 13 


bits of fractional value, the 32-bit product 
would have 6 bits of integer value and 26 
bits of fraction. That means that to store 
the upper part of the product as a 16-bit 
value, the product has to be shifted left. 
three bits. Because of this, fixed-point 
DSP chips often include special shift hard- 
ware that allows shifting of the data dur- 
ing load and store instructions. The pro- 
grammer must ensure that the proper shift 


, values are part of the instruction. Itis also , 


imperative that the product not overflow 
the three leàst-significant bits of integer 


Table 18.2 : 
Some Common DSP Chips : | 
Manufacturer DSP chip. Word size (bits) _ 
Fixed-point `` | | 
Analog Devices ADSP-2100 family . , 16 
Motorola DSP56000 family 32 
Texas Instruments TMS320 family 16 

` Floating Point. | 
Analog Devices ADSP-21020 32 

< Motorola DSP96002 32 
Texas Instruments. TMS320 family 32 


this with the many cycles needed to per- .. 
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value. Keeping all of this straight becomes 
a headache when programming a fixed- 
point processor. Still, because fixed-point 
processors are simpler—and thus less ex- 
pensive—they are common in low-cost 
DSP systems. Table 18.2 shows some 
common DSP chip families. 


DEVELOPMENT TOOLS 


Developing DSP systems for Amateur 
Radio requires the right development 
tools. Included in these are the hardware 
that includes a DSP chip, A/D and D/A 
converters, input and output low-pass fil- 
ters, and some means of communicating 
with a PC for loading and testing pro- 
grams. An assembler and/or a high-level 
language compiler are needed as well. 
Debugging software is desirable, too. 
While industrial-grade DSP development 
platforms abound, their cost is prohibitive 
for the amateur. Low-cost development 
tools are needed. Recently, such tools have 
become available. 


The Texas Instruments DSP 
Starter Kits 


Texas Instruments provides a DSP 
Starter Kit (DSK) for both its 
TMS320C25-series and TMS320C50 se- 
ries 16-bit, fixed-point processors. Each 
kit consists of a small PC board that con- 
tains the processor, with embedded ROM 
bootstrap firmware, an audio-frequency 
codec (integrated A/D, D/A and low-pass 
filters), and the needed power-supply cir- 
cuitry, except for the transformer. Also 
included are a simple assembler and a 
debugger. Kits are sold by all TI distri- 
butors. Call 800-336-5236 for one near 
you. 

The DSK, which costs about $100, does 
not use low-grade processors; these are 
prime, state-of-the art processors, capable 
of executing just about any audio-fre- 
quency algorithm amateurs are likely to 
want. The kits also include connector 
holes (but not the connectors) for attach- 
ing external peripheral devices to the pro- 
cessor bus. Although labeled a kit, this 
product requires no assembly. 


THE TAPR DSP-93 


Tucson Amateur Packet Radio, Inc, a 
not-for-profit organization devoted to 
the advancement of packet radio, has the 
DSP-93 kit available. This kit, which 
requires assembly, is based on the 
TMS320C25 processor and consists of 
stackable boards that include 32 kwords 
of program and data memory, with space 
for 64 kwords. The analog board in- 
cludes a codec capable of sampling at 
45 ksamples/s, an analog multiplexer to 
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select from up to 8 audio input sources and 
an interface for radio keying and 
frequency-control lines, as well as an 
RS-232 interface for computer communi- 
cation. The stackable feature permits later 
addition of other accessory boards, for use 
with different analog subsystems, faster 
interfaces to a PC, or specialized analog 
circuitry. A shareware assembler is avail- 
able to facilitate development. 


PC SOUND CARDS 


Perhaps one of the most enticing ways 
of putting DSP development tools in the 
hands of amateurs is the PC sound card. 
Recent additions to the market include 
sound cards with embedded DSP chips. 
For amateurs, finding the development 
tools for such boards is the challenge. 
Sound card manufacturers typically make 
development packages available, but not 
at low cost. One set of free tools, and a 
description of the Analog Devices Per- 
sonal Sound Architecture chip set used on 
some of these boards, is described in "Pro- 
gramming a DSP Sound Card for Amateur 
Radio," by Johan Forrer, KC7WW, QEX, 
August 1994. 
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power is rarely generated right 
where it will be used. A trans- 
mitter and the antenna it feeds 


are a good example. To radiate effectively, 
the antenna should be high above the 
ground and should be kept clear of trees, 
buildings and other objects that might ab- 
sorb energy. The transmitter, however, is 
most conveniently installed indoors, 
where it is out of the weather and is readily 
accessible. A transmission line is used to 
convey RF energy from the transmitter to 
the antenna. A transmission line should 
transport the RF from the source to its des- 
tination with as little loss as possible. This 
chapter was written by Dean Straw, 
N6BV. 

There are three main types of transmis- 
sion lines used by radio amateurs: coaxial 
lines, open-wire lines and waveguides. 
The most common type is the coaxial line, 
usually called coax. See Fig 19.1A. Coax 
is made up of a center conductor, which 
may be either stranded or solid wire, sur- 
rounded by a concentric outer conductor. 
The outer conductor may be braided shield 
wire or a metallic sheath. A flexible alu- 
minum foil is employed in some coaxes to 
improve shielding over that obtainable 
from a woven shield braid. If the outer 
conductor is made of solid aluminum or 
copper, the coax is referred to as Hardline. 

The second type of transmission line 
utilizes parallel conductors side by side, 
rather than the concentric ones used in 
coax. Typical examples of such open-wire 
lines аге 300-Q TV ribbon line and 450-Q 
ladder line. See Fig 19.1B. Although open- 
wire lines are enjoying a sort of renais- 


sance in recent years due to their inher- 
ently lower losses in simple multiband 
antenna systems, coaxial cables are far 
more prevalent, because they are much 
more convenient to use. 

The third major type of transmission 
line is the waveguide. While open-wire 
and coaxial lines are used from power-line 
frequencies to well into the microwave 


region, waveguides are used at microwave 
frequencies only. Waveguides will be cov- 
ered at the end of this chapter. 


TRANSMISSION LINE BASICS 


In either coaxial or open-wire line, cur- 
rents flowing in each of the two conduc- 
tors travel in opposite directions. If the 
physical spacing between the two parallel 


Fig 19.1—In A, coaxial cable transmission line connecting signal generator having 
source resistance R, to reactive load А, + /X,, where X, is either a capacitive (—) or 
inductive (+) reactance. Velocity factor (VF) and characteristic impedance (Zo) are 
properties of the line, as discussed in the text. B shows open-wire balanced 
transmission line. 
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conductors in an open-wire line is small in 
terms of wavelength, the phase difference 
between the currents will be very close to 
180°. If the two currents also have equal 
amplitudes, the field generated by each 
conductor will cancel that generated by the 
other, and the line will not radiate energy, 
even if it is many wavelengths long. 

The equality of amplitude and 180° 
phase difference of the currents in each 
conductor in an open-wire line determine 
the degree of radiation cancellation. If the 
currents are for some reason unequal, or if 
the phase difference is not 180°, the line 
will radiate energy. How such imbalances 
occur and to what degree they can cause 
problems will be covered in more detail 
later. 

In contrast to an open-wire line, the 
outer conductor in a coaxial line acts as a 
shield, confining RF energy within the 
line. Because of skin effect (see the Real 
World chapter in this Handbook), current 
flowing in the outer conductor of a coax 
does so mainly on the inner surface of 
the outer conductor. The fields generated 
by the currents flowing on the outer 
surface of the inner conductor and on the 
inner surface of the outer conductor cancel 
each other out, just as they do in open-wire 
line. 

In a real (non-ideal) transmission line, 
the energy actually travels somewhat 
slower than the speed of light (typically 
from 65 to 97% of light speed), depending 
primarily on the dielectric properties of 
the insulating materials used in the con- 
struction of the line. The fraction of the 
speed of propagation in a transmission line 
compared to the speed of light in free space 
is called the velocity factor (VF) of the 
line. The velocity factor causes the line’s 
electrical wavelength to be shorter than 
the wavelength in free space. Eq 1 de- 
scribes the physical length of an electrical 
wavelength of transmission line. 
p= 283.6 „ув (1) 

f 
where 

À = wavelength, in ft 

f = frequency in MHz 

VF = velocity factor. 


Each transmission line has a character- 
istic velocity factor, related to the specific 
properties of its insulating materials. The 
velocity factor must be taken into account 
when cutting a transmission line to a spe- 
cific electrical length. Table 19.1 shows 
various velocity factors for the transmis- 
sion lines commonly used by amateurs. 
For example, if RG-8A, which has a ve- 
locity factor of 0.66, were used to make a 
quarter-wavelength line at 3.5 MHz, the 
length would be (0.66 x 983.6/3.5)/4 = 
46.4 ft long, instead of the free-space 
length of 70.3 ft. Open-wire line has a 
velocity factor of 0.97, close to unity, be- 
cause it lacks a substantial amount of solid 
insulating material. Conversely, molded 
300-Q TV line has a velocity factor of 0.80 
to 0.82 because it does use solid insulation 
between the conductors. 

A perfectly lossless transmission line 
may be represented by a whole series of 
small inductors and capacitors connected 
in an infinitely long line, as shown in Fig 
19.2. (We first consider this special case 
because we need not consider how the line 
is terminated at its end, since there is no 
end.) 

Each inductor in Fig 19.2 represents the 
inductance of a very short section of one 
wire and each capacitor represents the ca- 
pacitance between two such short sec- 
tions. The inductance and capacitance 
values per unit of line depend on the size 
of the conductors and the spacing between 
them. The smaller the spacing between the 
two conductors and the greater their diam- 
eter, the higher the capacitance and the 
lower the inductance. Each series inductor 
acts to limit the rate at which current can 
charge the following shunt capacitor, and 
in so doing establishes a very important 
property of a transmission line: its surge 
impedance, more commonly known as its 
characteristic impedance. This is usually 
abbreviated as Zo, and is approximately 
equal to JL/C, where L and C are the 
inductance and capacitance per unit length 
of line. 

The characteristic impedance of an air- 
insulated parallel-conductor line, neglect- 
ing the effect of the insulating spacers, is 
given by 
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Fig 19.2—Equivalent of an infinitely long lossless transmission line using lumped 


circuit constants. 
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Zo = 276 logio 25 (2) 


where 
Zo = characteristic impedance 
S = center-to-center distance between 
conductors 
d = diameter of conductor (in same units 
as S). 
The characteristic impedance of an air- 
insulated coaxial line is given by 


Zo = 138 "0 (3) 


where 
Zo = characteristic impedance 
b = inside diameter of outer conductors 
a = outside diameter of inner conductor 
(in same units as b). 

It does not matter what units are used 
for S, d, a or b, so long as they are the same 
units. A line with closely spaced, large 
conductors will have a low characteristic 
impedance, while one with widely spaced, 
small conductors will have a relatively 
high characteristic impedance. Practical 
open-wire lines exhibit characteristic 
impedances ranging from about 200 to 
800 Q, while coax cables have Zo values 
between 25 to 100 О. 

All practical transmission lines exhibit 
some power loss. These losses occur in the 
resistance that is inherent in the conduc- 
tors that make up the line, and from leak- 
age currents flowing in the dielectric ma- 
terial between the conductors. We’ll next 
consider what happens when a real trans- 
mission line, which is not infinitely long, 
is terminated in real load impedances. 


Matched Lines 


Real transmission lines do not extend to 
infinity, but have a definite length. In use 
they are connected to, or terminate in, a 
load, as illustrated in Fig 19.3A. If the load 
is a pure resistance whose value equals the 
characteristic impedance of the line, the 
line is said to be matched. To current trav- 
eling along the line, such a load at the end 
of the line acts as though it were still more 
transmission line of the same characteris- 
tic impedance. In a matched transmission 
line, energy travels outward along the line 
from the source until it reaches the load, 
where it is completely absorbed. 


Mismatched Lines 


Assume now that the line in Fig 19.3B is 
terminated in an impedance Z, which is 
not equal to Zo of the transmission line. 
The line is now a mismatched line. RF 
energy reaching the end of a mismatched 
line will not be fully absorbed by the load 
impedance. Instead, part of the energy will 
be reflected back toward the source. The 


Table 19.1 
Characteristics of Commonly Used Transmission Lines 


pF Max 
Zo VF per Dielectric ^ Operating Volts Forward 
Type of Line Ohms % foot OD Material (RMS) * Wave 
RL=Z 
Coaxial Line Te 
RG-6 75.0 75 18.6 0.266 Foam PE — 
RG-8X 52.0 75 26.0 0.242 Foam PE — 
RG-8 - 52.0 66 29.5 0.405 PE 4000 (A) 
RG-8 foam** 50.0 80 25.4 0.405 Foam PE 1500 
RG-8A 52.0 66 29.5 0.405 PE 5000 Reflected 
RG-9 51.0 66 30.0 0.420 PE 4000 -— Wave 
RG-9A 51.0 66 30.0 0.420 PE 4000 
RG-9B 50.0 66 30.8 0.420 PE 5000 — мылы 
RG-11 75.0 66 20.6 0.405 PE 4000 zZ 
RG-11 foam** 75.0 80 16.9 0.405 Foam PE 1600 0 
RG-11A 75.0 66 20.6 0.405 PE 5000 
RG-12 75.0 66 20.6 0.475 PE 4000 
RG-12A 75.0 66 20.6 0.475 PE 5000 
RG-17 52.0 66 29.5 0.870 PE 11000 
RG-17A 52.0 66 29.5 0.870 PE 11000 
RG-55 53.5 66 29.5 0.216 PE 1900 
RG-55A 50.0 66 30.8 0.216 PE 1900 
RG-55B 53.5 66 29.5 0.216 PE 1900 
Bae foam** 39:3 66: 28:5- 0:1993 PE 1900 Fig 19.3—At A the coaxial transmission 
-58 foam 53.5 79 28.5 0.195 Foam PE 600 line i А h А 
RG-58A 53.5 66 28.5 0.195 PE 1900 ine is terminated with resistance equal 
RG-58B 53.5 66 28.5 0.195 PE 1900 to its Zo All power Is absorbed in the 
RG-58C 50.0 66 30.8 0.195 PE 1900 load. At B, coaxial line is shown 
RG-59 73.0 66 21.0 0.242 PE 2300 terminated in an impedance consisting 
RG-59 foam** 75.0 79 16.9 0.242 Foam PE 800 оѓа resistance and a capacitive X 
RG-59A 73.0 66 21.0 0.242 PE 2300 reactance. This is a mismatched line, 
RG-62 93.0 86 13.5 0.242 Air space PE 750 апаа reflected wave will be returned 
RG-62 foam** 95.0 79 13.4 0.242 Foam PE 700 back down the line toward the 
RG-62A 93.0 86 13.5 0.242 Air space PE 750 generator. The reflected wave reacts 
RG-62B 93.0 86 13.5 0.242 Air space PE 750 with the forward wave to produce a 
RG-133A 95.0 66 16.2 0.405 PE 4000 |J standing wave on the line. The amount 
RG-141 50.0 70 29.4 0.190 PTFE 1900 of reflection depends on the difference 
RG-141A 50.0 70 29.4 0.190 PTFE 1900 between the load impedance and the 
` RG-142 50.0 70 294 0.206 PTFE 1900 characteristic impedance of the 
RG-142A 50.0 70 29.4 0.206 PTFE 1900 transmission line. 
RG-142B 50.0 70 29.4 0.195 PTFE 1900 
RG-174 50.0 66 30.8 0.100 PE 1500 
RG-213 50.0 66 30.8 0.405 PE 5000 
RG-214* 50.0 66 30.8 0.425 PE 5000 
RG-215 50.0 66 308 0.475 PE 5000 amount of reflected versus absorbed en- 
И XX T ы. 5000 ergy depends on the degree of mismatch 
9913 (Belden)* 50.0 84 240 0.405 Airspace PE — between the characteristic impedance of 
9914 (Belden)* 50.0 78 26.0 0.405 Foam PE — . theline and the load impedance connected 


to its end. 


Aluminum Jacket, Foam Dielectric : 
The reason why energy is reflected at a 


1/2 inch 50.0 81 25.0 0.500 2500 


3/4 inch 50.0 81 25.0 0.750 . 4000 discontinuity of impedance on a transmis- 
7/8 inch 50.0 81 25.0 0.875 4500 sion line can best be understood by exam- 
1/2 inch 75.0 81 16.7 0.500 2500 ining some limiting cases. First, consider 
3/4 inch 75.0 81 16.7 0.750 3500 the rather extreme case where the line is 
GAMER 139 81 16.7 9:879 4000 Shorted at its end. Energy flowing to the 
Parallel Line load will encounter the short at the end, 
Open wire, #12 — 97 — — — — andthe voltage at that point will goto zero, 
75-Q transmitting twin lead while the current will rise to a maximum. 
300-2 twin lead Еи 85 pt ii 5 Е Since the current can’t develop any power 
300-Q tubular 300.0 80 4.6 i — ina ee it will all be reflected back 
{ КӨР toward the source generator. 

Open Wire; "Window Line If the short at the end of the line is re- 
1/2 inch 300.0 95 — а m — placed with an open circuit, the opposite 
1 inch 450.0 95 = x — — А n4 

will happen. Here the voltage will rise to 
Dielectric Type Name Temperature Limits — maximum, and the current will by defini- 
КЕ РЕ роуетуепе ini a to pees tion go to zero. The phase will reverse, 

oam oamed polyethylene ? to +80° i 

PTFE Pelytatrafiuoraethylene (Teflon) -250° to +250° C a a euh Ed yrs ei 
*Double shield sounds to you like what happens at the end 
**Operating voltage varies widely among manufacturers of a half-wave dipole antenna, you are 
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quite correct. However, in the case of an 
antenna, energy traveling along the an- 
tenna is lost by radiation on purpose, 
whereas a good transmission line will lose 
little energy to radiation because of field 
cancellation between the two conductors. 

For load impedances falling between the 
extremes of short- and open-circuit, the 
phase and amplitude of the reflected wave 
will vary. The amount of energy reflected 
and the amount of energy absorbed in the 
load will depend on the difference between 
the characteristic impedance of the line and 
the impedance of the load at its end. 

Now, what actually happens to the 
energy reflected back down the line? This 
energy will encounter another impedance 
discontinuity, this time at the generator. 
Reflected energy flows back and forth be- 
tween the mismatches at the source and 
load. After a few such journeys, the 
reflected wave diminishes to nothing, 
partly as a result of finite losses in the line, 
but mainly because of absorption at the 
load. In fact, if the load is an antenna, such 
absorption at the load is desirable, since the 
energy is actually radiated by the antenna. 

If a continuous RF voltage is applied to 
the terminals of a transmission line, the 
voltage at any point along the line will 
consist of a vector sum of voltages, the 
composite of waves traveling toward the 
load and waves traveling back toward the 
source generator. The sum of the waves 
traveling toward the load is called the for- 
ward or incident wave, while the sum of 
the waves traveling toward the generator 
is called the reflected wave. 


Reflection Coefficient and SWR 


In a mismatched transmission line, the 
ratio of the voltage in the reflected wave at 
any one point on the line to the voltage in 
the forward wave at that same point is 
defined as the voltage reflection coeffi- 
cient. This has the same value as the cur- 
rent reflection coefficient. The reflection 
coefficient is a complex quantity (that is, 
having both amplitude and phase) and is 
generally designated by the Greek fetter p 
(rho), or sometimes in the professional lit- 
erature as Г (Gamma). The relationship 
between R, (the load resistance), X, (the 
load reactance), Zp (the line characteristic 
impedance, whose real part is Rọ and 
whose reactive part is Xo) and the com- 
plex reflection coefficient p is 


_ 2-76 (RtjX.)- (Ro */Х) a 
Z,+Zy (R,tjX,)*(Ro £JX;) 
For most tratismission lines the charac- 
teristic impedance Zois almost completely 
resistive, meaning that Zo = Ry and X, z 0. 


19.4 Transmission Lines 


The magnitude of the complex reflection 
coefficient in Eq 4 then simplifies to: 


(5) 


For example, if the characteristic im- 
pedance of a coaxial line is 50 Q and the 
load impedance is 120 Q in series with a 
capacitive reactance of —90 Q, the magni- 
tude of the reflection coefficient is 


lp|= (120-50)? «(-90)* = 0.593 
(120+50)2+(-90)? —— 


Note that if R, in Eq 4 is equal to Rp and 
X, is 0, the reflection coefficient, p, is 0. 
This represents a matched condition, 
where all the energy in the incident wave 
is transferred to the load. On the other 
hand, if R, is 0, meaning that the load has 
no real resistive part, the reflection coeffi- 
cient is 1.0, regardless of the value of Ro. 
This means that all the forward power is 
reflected since the load is completely re- 
active. The concept of reflection is often 
shown in terms of the return loss, which is 
the reciprocal of the reflection coefficient, 
in dB. In the example above, the return 
loss is 4.5 dB. 

If there are no reflections from the load, 
the voltage distribution along the line is 
constant or flat. A line operating under 
these conditions is called either a matched 
or a flat line. If reflections do exist, a 
voltage standing-wave pattern will result 
from the interaction of the forward and 
reflected waves along the line. For a 
lossless transmission line, the ratio of 
the maximum peak voltage anywhere on 
the line to the minimum value anywhere 
on the line (which must be at least !/4 A) 
is defined as the voltage standing-wave 
ratio, or VSWR. Reflections from the 
load also produce a standing-wave pattern 
of currents flowing in the line. The ratio 
of maximum to minimum current, or 
ISWR, is identical to the VSWR in a 
given line. 

In amateur literature, the abbreviation 
SWR is commonly used for standing-wave 
ratio, as the results are identical when 
taken from proper measurements of either 
current or voltage. Since SWR is a ratio of 
maximum to minimum, it can never be less 
than one-to-one. In other words, a per- 
fectly flat line has an SWR of 1:1. The 
SWR is related to the magnitude of the 
complex reflection coefficient by 


SWR= 1+]р| (б) 


1-р 


and conversely the reflection coefficient 


magnitude may be defined from a mea- 
surement of SWR as 


| сы. 
SWR +1 


The definitions in Eq 6 and 7 are valid 
for any line length and for lines which are 
lossy, not just lossless lines longer than 
144%, at the frequency in use. Very often the 
load impedance is not exactly known, 
since an antenna usually terminates a 
transmission line, and the antenna imped- 
ance may be influenced by a host of fac- 
tors, including its height above ground, 
end effects from insulators, and the effects 
of nearby conductors. We may also ex- 
press the reflection coefficient in terms of 
forward and reflected power, quantities 
which can be easily measured using a di- 
rectional RF wattmeter. The reflection 
coefficient may be computed as 


(7) 


Р 

Pe (8) 
Р; 

where 


P, = power in the reflected wave 
Pr- power in the forward wave. 


If a line is not matched (SWR > 1:1) the 
difference between the forward and re- 
flected powers measured at any point on 
the line is the net power going toward the 
load from that point. The forward power 
measured with a directional wattmeter 
(often referred to as a reflected power 
meter or reflectometer) on a mismatched 
line will thus always appear greater than 
the forward power measured on a flat line 
with a 1:1 SWR. 


Losses in Transmission Lines 


A real transmission line exhibits a cer- 
tain amount of loss, caused by the resis- 
tance of the conductors used in the line 
and by dielectric losses in the line's insu- 
lators. The matched line loss for a particu- 
lar type and length of transmission line, 
operated at a particular frequency, is the 
loss when the line is terminated in a resis- 
tance equal to its characteristic imped- 
ance. The loss in a line is lowest when it is 
operated as a matched line. 

Line losses increase when SWR is 
greater than 1:1. Each time energy flows 
from the generator toward the load, or is 
reflected at the load and travels back 
toward the generator, a certain amount 
will be lost along the line. The net effect 
of standing waves on a transmission line 
is to increase the average value of cur- 
rent and voltage, compared to the matched 
line case. An increase in current raises 
PR (ohmic) losses in the conductors, 
and an increase in RF voltage increases 


E2/R losses in the dielectric. Line loss 
rises with frequency, since the conductor 
resistance is related to skin effect, and also 


because dielectric losses rise with fre- . 


quency. 

Matched line loss is stated in decibels 
per hundred feet at a particular frequency. 
Fig 19.4 shows the matched line loss per 
hundred feet versus frequency for a 
number of common types of lines, both 
coaxial and open-wire balanced types. For 
example, RG-213 coax cable has a 
matched line loss of 2.5 dB/100 ft at 
100 MHz. Thus, 45 ft of this cable feeding 
a 50-0 load at 100 MHz would have a loss 
of 


Matched line loss = 2:5.8B y 45 ft =1.13 dB 
100 ft 


If a line is not matched, standing waves 
will cause additional loss beyond the 
‘inherent matched line loss for that line. On 


lines which are inherently lossy, the total. 


line loss (the sum of matched line loss and 


additional loss due to SWR) can be sur- . 


prisingly high for high values of SWR. 


Total Matched Line Loss (dB) 

| B2-C2 | 
=10 log ——-—___. - 9 
BSC): . 55 2 


fd 
B-10* ? 


where 


c, RÀ 
S, +1 | 
1 = matched line loss, in dB 
Sj, = SWR measured at load. | 


Because of losses in a transmission line, 
the measured SWR at the input of the line 
is less than the SWR measured at the load 
end of the line. ` 


B+C 
B-C 


SWR at input =. (10) 


For example, RG-8A solid-dielectrié 


Cable Attenuation dB Per Hundred Feet 


coax cable exhibits a matched line loss 
per 100 ft at 28 MHz of 1.2 dB. A 250-ft 
length of this cable has a matched line loss 
of 3.0 dB. Assume that we measure the 
SWR at the load as 6:1. 


= 
B=10\ 10 /=1.972 


_6.0-1_ 
Cago 97H 


2 2 
Total Loss = 101g 272. —0.714^ . 5.4 dB . 
| 1.972(1- 0.714?) 


| _1.972+0.714 _ 

SWR 1.972 — 0.714 =e ү 
: The additional loss due to the 6:1 SWR 
at 28 MHz is 5.4 - 3.0 = 2.4 dB. The SWR 
at the input of the 250-ft line is only 2.1:1, 
because line loss has masked the true ex- 
tent of the SWR (6:1) at the load end of the 
line. 

The losses become larger if coax with a 
larger matched line loss is used under the 
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Fig 19.4—This graph displays the matched line attenuation in decibels per 100 ft for many popular transmission lines. The : 


vertical axis represents attenuation and the horizontal axis frequency 


properly matched transmission lines. 


. Note that these loss figures are only accurate for. 
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dramatically worse as the frequency 
increases into the VHF and UHF regions. 
At 146 MHz, the total loss in 250 ft of 
RG-58A with a 6:1 SWR at the load is 
16.5 dB, 10.8 dB for RG-8A, and 4.2 dB 
for 3/4-inch 50-Q Hardline. At VHF and 
UHF, a low SWR is essential to keep line 


Table 19.2 

Matched-Line Loss for 250 ft of Three Common Coaxial Cables 
Comparisons of line losses versus frequency for 250-ft lengths of three different coax 
cable types: small-diameter RG-58A, medium-diameter RG-8A, and ?/4-inch OD 50-0 
Hardline. At VHF, the losses for the small-diameter cable are very large, while they are 
moderate at 3.5 MHz. 


3.5 MHz 3.5 MHz 28 MHz 28 MHz 145 MHz 146 MHz à 
Matched- Loss, Matched- Loss, Matched- Loss losses low, even for the best coaxial cable. 
Xmsn Line Loss, 6:1 SWR, Line Loss, 6:1 SWR, Line Loss, 6:1 SWR, The length of transmission line must be 
Line dB dB dB dB dB dB kept as short as practical at these frequen- 
RG-58A 1.9 4.0 6.3 9.3 16.5 19.6 cies. 
RG-8A 0.9 2.2 3.0 5.4 7.8 10.8 The effect of SWR on line loss is shown 
*4" 50-Q graphically in Fig 19.5. The horizontal 
Hardline 0.2 0.5 0.7 1.8 2.1 4.2 axis is the attenuation, in decibels, of the 
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Caused By Standing Waves 
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Fig 19.5—Increase in line loss because 
of standing waves (SWR measured at 
the load). To determine the total loss in 
decibels in a line having an SWR 
greater than 1, first determine the 
matched line loss for the particular 
type of line, length and frequency, on 
the assumption that the line is 
perfectly matched (from Fig 19.4). For 
example, Belden 9913 has a matched 
line loss of 0.49 dB/100 ft at 14 MHz. 
Locate 0.49 dB on the horizontal axis. 
For an SWR of 5:1, move up to the 
curve corresponding to this SWR. The 
increase in loss due to SWR is 0.65 dB 
beyond the matched line loss. 


same conditions. For example, RG-58A 
coaxial cable is about one-half the diam- 
eter of RG-8A, and it has a matched line 
loss of 2.5 dB/100 ft at 28 MHz. A 250-ft 
length of RG-58A has a total matched line 
loss of 6.3 dB. Witha 6:1 SWR at the load, 
the additional loss due to SWR is 3.0 dB, 
for a total loss of 9.3 dB. The additional 
cable loss due to the mismatch reduces the 
SWR at the input of the line to 1.4:1. An 
unsuspecting operator measuring the 
SWR at his transmitter might well believe 
that everything is just fine, when in truth 
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only about 12% of the transmitter power is 
getting to the antenna! Be suspicious of 
very low SWR readings for an antenna fed 
with a long length of coaxial cable, espe- 
cially if the SWR remains low across a 
wide frequency range. Most antennas have 
narrow SWR bandwidths, and the SWR 
should change across a band. 

On the other hand, if expensive ?/4-іпсһ 
diameter 50-Q Hardline cable is used at 
28 MHz, the matched line loss is only 
0.28 dB/100 ft. For 250 ft of Hardline the 
matched line loss is 0.7 dB, and the addi- 
tional loss due to a 6:1 SWR is 1.1 dB. The 
total loss is 1.8 dB. See Table 19.2 for a 
summary of the losses for 250 ft of the 
three types of coax as a function of fre- 
quency for matched line and 6:1 SWR 
conditions. 

At the upper end of the HF spectrum, 
when the transmitter and antenna are sepa- 
rated by a long transmission line, the use 
of bargain coax may prove to be a very 
poor cost-saving strategy. A 7.5 dB linear 
amplifier, to offset the loss in RG-58A 
compared to Hardline, would cost a great 
deal more than higher-quality coax. Fur- 
thermore, no transmitter amplifier can 
boost receiver sensitivity—loss in the line 
has the same effect as putting an attenua- 
tor in front of the receiver. 

At the low end of the HF spectrum, say 
3.5 MHz, the amount of loss in common 
coax lines is less of a problem for the range 
of SWR values typical on this band. For 
example, consider an 80-m dipole cut for 
the middle of the band at 3.75 MHz. It 
exhibits an SWR of about 6:1 at the 3.5 
and 4.0 MHz ends of the band. At 3.5 MHz, 
250 ft of RG-58A small-diameter coax has 
an additional loss of 2.1 dB for this SWR, 
giving a total line loss of 4.0 dB. If larger- 
diameter RG-8A coax is used instead, the 
additional loss due to SWR is 1.3 dB, for 
atotal loss of 2.2 dB. This is an acceptable 
level of loss for most 80-m operators. 

However, the loss situation gets 


line when perfectly matched. The vertical 
axis gives the additional attenuation due 
to SWR. If long coaxial-cable transmis- 
sion lines are necessary, the matched loss 
of the coax used should be kept as low as 
possible, meaning that the highest-qual- 
ity, largest-diameter cable should be used. 


Coax Versus Open-Wire Transmission 
Lines, an Illustration 


It is no accident that coaxial cable be- 
came as popular as it has since it was first 
widely used during World War II. Coax is 
mechanically much easier to use than 
open-wire line. Because of the excellent 
shielding afforded by its outer shield, coax 
can be run up a metal tower leg, taped to- 
gether with numerous other cables, with 
virtually no interaction or crosstalk be- 
tween the cables. At the top of a tower, 
coax can be used with a rotatable Yagi or 
quad antenna without worrying about 
shorting or twisting the conductors, which 
might happen with an open-wire line. 
Coax can even be buried underground, 
especially if it is run in plastic piping so 
that ground water and soil chemicals can- 
not easily deteriorate the cable. 

Open-wire line must be carefully spaced 
away from nearby conductors, by at least 
several times the spacing between its con- 
ductors, to minimize possible electrical 
imbalances between the two parallel con- 
ductors. Such imbalances lead to line ra- 
diation and extra losses. One popular type 
of open-wire line is called ladder line be- 
cause the insulators used to separate the 
two parallel, uninsulated conductors of the 
line resemble the steps of a ladder. Long 
lengths of ladder line can twist together in 
the wind and short out if not properly sup- 
ported. 

Despite the mechanical difficulties as- 
sociated with open-wire line, there are 
some compelling reasons for its use, espe- 
cially in simple multiband antenna sys- 
tems. Every antenna system, no matter 
what its physical form, exhibits a definite 
value of impedance at the point where the 
transmission line is connected. Although 
the input impedance of an antenna system 


Table 19.3 


Modeled Data for a 100-ft Flat-Top Antenna 


100-ft long, 50-ft high, center-fed dipole over average ground, using coaxial or open-wire transmission lines. Antenna impedance 
computed using NEC2 computer program, with ground relative permittivity of 13, ground conductivity of 5 mS/m and Sommerfeld/ 
Norton ground model. Note the extremely reactive impedance levels at many frequencies, but especially at 1.8 MHz. If this antenna is 
fed directly with RG-8A coax; the losses are unacceptably large on 160 m, and undesirably high on most other bands also. The RF 
voltage at 3.8 MHz for high-power operation with open-wire line is extremely high also, and would probably result in arcing either on 
the line itself, or more likely in the Transmatch. Each transmission line is 100 ft long. 


Antenna SWR 

Frequency Impedance RG-8A | 
(MHz) (Ohms) Coax 

1.8 MHz 4.5 – ј 1673 1818:1 

3.8 MHz 38.9 — j 362 63:1 

7.1 MHz 481 + / 964 49:1 
10.1 MHz 2584 — j 3292 134:1 
14.1 MHz 85.3 -j 123.3 6.0:1 
18.1 MHz 2097 + j 1552 65:1 
21.1 MHz 345 – ј 1073 73:1 
24.9 MHz 202 + j 367 18:1 
28.4 MHz 2493 – ј 1375 65:1 


Loss Loss Max Volt. 
100 ft 100 ft RG-8A 
RG-8A Coax 450-2 Line 1500 W 
17.1 dB 6.6 dB 4283 
5.6 dB 0.8 dB 1181 
6.0 dB 0.4 dB 943 
10.5 dB 1.0 dB 936 
1.9 dB 0.4 dB 534 
9.0 dB 0.6 dB 746 
9.8 dB 0.8 dB 726 
5.2 dB 0.4 dB 630 
10.0 dB 0.7 dB 664 


Max Volt. 
450-Q Line 
1500 W 


14328 
3192 
1957 
2869 
1863 
2074 
2295 
1563 
2051 


is seldom known exactly, it is often pos- 
sible to make a close estimate of its value, 
especially since sophisticated computer- 
modeling programs have become avail- 
able to the radio amateur. As an example, 
Table 19.3 lists the computed character- 
istics versus frequency for a multiband, 
100-ft long center-fed dipole, placed 50 ft 
above average ground having a dielectric 
constant of 13 and a conductivity of 
10 mS/m. 

These values were computed using a 
complex program called NEC2 (Numeri- 
cal Electromagnetic Code), which in- 
corporates a sophisticated Sommerfeld/ 
Norton ground-modeling algorithm for 
antennas close to real earth. A nonresonant 
100-ft length was chosen as an illustration 
of a practical size that many radio: 
amateurs could fit into their backyards, 
although nothing in particular recom- 
mends this antenna over other forms. It is 
merely used as an example. 

Examine Table 19.3 carefully in the 
following discussion. Columns four and 
five show the SWR on a 50-0 RG-8A co- 
axial transmission line directly connected 
to the antenna, followed by the total loss 
in 100 ft of this cable. The impedance for 
this nonresonant, 100-ft long antenna 
varies over a very wide range for the nine 
operating frequencies. The SWR on a 
50-O coax connected directly to this 
antenna would be extremely high on some 
frequencies, particularly at 1.8 MHz, 
where the antenna is highly capacitive be- 
cause it is much short of resonance. The 
loss for an SWR of 1818:1 in 100 ft of RG- 
8A at 1.8 MHz is a staggering 17.1 dB. 

Contrast this to the loss in 100 ft of 
450-Q open-wire line. Here, the loss at 
1.8 MHz is 6.6 dB. While 6.6 dB of loss is 
not particularly desirable, it is almost 


12 dB better than the coax! Note that the 
RG-8A coax exhibits a good deal of loss 
on almost all the bands due to mismatch. 
Only on 14 MHz does the loss drop down 
to 1.9 dB, where the antenna is just past 
3/2-А resonance. From 3.8 to 28.4 MHz 
the open-wire line has a maximum loss of 
only 1.0 dB. 

Columns six and seven in Table 19.3 
list the maximum RMS voltage for 
1500 W of RF power on the 50-O coax and 
on the 450-Q open-wire line. The maxi- 
mum RMS voltage for 1500 W on the open- 
wire line is extremely high, at 14328 V at 
1.8 MHz. The voltage for a 100-W trans- 
mitter would be reduced by a ratio of 
41500 /100 = 3.87:1. This is 3702 V, still 
high enough to cause arcing in many 
Transmatches. 

In general, such a nonresonant antenna 
is a proven, practical multiband radiator 
when fed with 450-Q open-wire ladder 
line connected to a Transmatch, although 
a longer antenna would be preferable for 
more efficient 160-m operation, even with 
open-wire line. The Transmatch and the 
line itself must be capable of handling the 
high RF voltages and currents involved for 
high-power operation. On the other hand, 
if such a multiband antenna is fed directly 
with coaxial cable, the losses on most fre- 
quencies are prohibitive. Coax is most 
suitable for antennas whose resonant feed- 
point impedances are close to the charac- 
teristic impedance of the feed line. 


The Transmission Line as 
Impedance Transformer 


If the complex mechanics of reflections, 
SWR and line losses are put aside momen- 
tarily, a transmission line can very simply 
be considered as an impedance trans- 
former. A certain value of load imped- 


ance, consisting of a resistance and reac- 
tance, at the end of the line is transformed 
into another value of impedance at the 
input of the line. The amount of transfor- 
mation is determined by the electrical 
length of the line, its characteristic imped- 
ance, and by the losses inherent in the line. 
The input impedance of a real, lossy trans- 
mission lineis computed using the follow- 


` ing equation 


Z.x 7 cosh(n£) + Zo sinh(1)£) 


Zi. = 
С Z, sinh(1£)* Zg cosh(/) 
(11) 
where 
Zin = complex impedance at input of line 


= Rin t jXi, 

Z4 = complex load impedance at end of 

line = R4 € jX, 

Zo = characteristic impedance of line 

= Ro + jXp 
n = complex loss coefficient = a + jp 

a = matched line loss attenuation 
constant, in nepers/unit length 
(1 neper = 8.688 dB; most cables 
are rated in dB/100 ft) 

В = phase constant of line in radians/unit 
length (related to physical length of 
line by the fact that 2 radians 
= 1 wavelength, and by Eq 1) 

£ =electrical length of line in same units 
of length measurement as о or 
above. 


Solving this equation manually is te- 
dious, since it incorporates hyperbolic 
cosines and sines of the complex loss co- 
efficient, but it may be solved using a tra- 
ditional paper Smith Chart or a computer 
program. The ARRL Antenna Book has a 
chapter detailing the use of the Smith 
Chart. MicroSmith is a sophisticated 
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graphical Smith Chart program written for 
the IBM PC, and is available through the 
ARRL. TL (Transmission Line) is another 
ARRL program that performs this transfor- 
mation, but without Smith Chart graphics. 
TL.EXE is available from the ARRL BBS. 
See QST for the BBS telephone number. 


Lines as Stubs 
The impedance-transformation proper- 


Although most radio amateurs 
have seen the Smith Chart, it is often 
regarded with trepidation. It is 
supposed to be complicated and 
subtle. However, the chart is ex- 
tremely useful in circuit analysis, 
especially when transmission lines 
are involved. The Smith Chart is not 
limited to transmission-line and 
antenna problems. 

The basis for the chart is Eq 4 in 
the main text relating reflection 
coefficient to a terminating imped- 
ance. Eq 4 is repeated here: 


Z-Zo 
p= 
2+20 


where Zp is the characteristic 
impedance of the chart, and Z = R + 
jX is a complex terminating imped- 
ance. Z might be the feed-point 
impedance of an antenna connected 
to a Zo transmission line. 

It is useful to define a normalized 
impedance z = Z/Zg. The normalized 


Reflection Coefficient Graph 


(1) 


Feedpoint 


| 


"Shack" End 
of Feedline 


Fig A—Plot of polar reflection 
coefficient. Circles represent contours 
of constant P. The starting “feedpoint” 
value, 0.5 at +45°, represents an 
antenna impedance of 69.1 +j 65.1 Q 
with Z, = 50 О. The arc represents a 
15-ft section of 50-O, VF 0.66 
transmission line at 7 MHz, yielding a 
shack P of 0.5 at —71.3?. The shack z is 
calculated as 40.3 – j 50.9 Q. 
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ties of a transmission line are useful in a 
number of applications. If the terminating 
resistance is zero (that is, a short) at the 
end of a low-loss transmission line which 
is less than '/4A, the input impedance con- 
sists of a reactance, which is given by a 
simplification of Eq 11. 


Xj, Z Z9 tan? (12) 
Ifthe line termination is an open circuit, 


Reflections on the Smith Chart 


resistance and reactance become 
r = R/Zg and x = X/Zg. Inserting these 
into Eq 1 yields: 
2-1 
т 2 
2+1 (2) 
where р апа z аге both complex, each 
having a magnitude and a phase when 
expressed in polar coordinates, or a 
real and an imaginary part in XY 
coordinates. 
Eq 1 and 2 have some interesting 
and useful properties, characteristics 
that make them physically significant: 


* Even though the components of 2 
(and Z) may take on values that are 
very large, the reflection coefficient 
p, is restricted to always having a 
magnitude between zero and one if 
z has a real part, r, that is positive. 

* If all possible values for p are 
examined and plotted in polar 
coordinates, they will lie within a 


the input reactance is given by 


Xj, € Z9 cot? (13) 

The input of a short (less than '/4 А) 
length of line with a short circuit as a ter- 
minating load appears as an inductance, 
while an open-circuited line appears as a 
capacitance. This is a useful property of a 
transmission line, since it can be used as a 


circle with a radius of one. This is 
termed the unit circle. A plot is 
shown in Fig A. 

* An impedance that is perfectly 
matched to Zp, the characteristic 
value for the chart, will produce a p 
at the center of the unit circle. 

• Real Z values, ones that have no 
reactance, "map" onto a horizontal 
line that divides the top from the 
bottom of the unit circle. By conven- 
tion, a polar variable with an angle 
of zero is on the x axis, to the right 
of the origin. 

* Impedances with a reactive part 
produce p values away from the 
dividing line. Inductive impedances 
with the imaginary part greater than 
zero appear in the upper half of the 
chart, while capacitive impedances 
appear in the lower half. 

* Perhaps the most interesting and 
exciting property of the reflection 
coefficient is the way it describes 


Vel. Fac. = 0.6600 


Fig B—This plot shows a Smith Chart. The circles now represent contours of 
constant normalized resistance or reactance. Note the arc with the markers: 
This illustrates the same antenna and line used in the previous figure. The plot 
is the same on the two charts; only the scale details have changed. 


low-loss inductor or capacitor in match- 
ing networks. Such lines are often referred 
to as stubs. a 

-A line that is an electrical quarter wave- 


length is a special kind of a stub. When a- 
quarter-wave line is short circuited at 115° 


load end, it presents an open circuit at its 
input. Conversely,, a quarter-wave line 
' with an open circuit at its load end pre- 
sents a short circuit at its input. Such aline 


the impedance-transforming 
properties of a transmission line, 
presented in closed mathematical 
form in the main text as Eq 11. 
Neglecting loss effects, a trans- 
mission line of electrical length 6 
will transform a normalized 
impedance represented by p to 
another with the same magnitude 
and a new angle that differs from 
the original by —20. This rotation is 
clockwise. 


Clearly, the reflection coefficient is 
more, than an intermediate step in a 
mathematical development. It is a 
useful, altérnative description of 
complex impedance. However, our 
interest is still focused on imped- 
ance; we want to know, for example, 
what the final z is after transforma- 
tion with a transmission line. This is 
the problem that Phillip Smith solved 
in creating the Smith Chart. Smith 
observed that the unit circle, a graph 
of reflection coefficient, could be 
labeled with lines representing ' 

' notmalized impedance. A Smith 

` Chart is shown in Fig B. All of the 
lines on the chart are complete or 

" partial circles representing a line of 
constant normalized resistance and 
reactance. i 

How might we use the Smith 
Chart? A classic application relates 
antenna feed-point impedance to the 
impedance seen at the end of the : 
"shack" end of the line. Assume that 
the antenna impedance is known,. 
Za = Ra + j Xa. This complex value is 
converted to normalized impedance 
by dividing Ra and X4 by Zo to yield 
Га + j Xa and is plotted on the chart. 
A compass is then used to dráw an: 
arc of a circle centered at the origin 
of the chart. The arc starts at the 

. normalized antenna impedance and 


proceeds in a clockwise direction for ` 


20*, where 0 is the electrical de- 
grees, derived from the physical 
length and velocity factor of the 
transmission line. The end of the arc 
. represents the normalized imped- 
ance at the end of the line in the 


‘a quarter wavelength at 7.1 MHz, the im- 
pedance looking into the input of the cable 


inverts the sense of a short or an open cir- 


cuit at the frequency for which the line is 
a quarter-wave long. This is also true for 
frequencies that are odd multiples of the 
quarter-wave frequency. However, for fre- 
quencies where the length of the line is a 
half wavelength, or integer multiples 


thereof, the line will duplicate the termi- . 


nation at its end. : uw 
For example, if a shorted lineis cut to be 


shack; it is denormalized by multiply- 
ing the real and imaginary parts by Zo. 
Antenna feedpoint Z can also be 
inferred from an impedance measure- 
ment at the shack end of the line. A 
similar procedure is followed. The only 
difference is that rotation is now in a . 


` counterclockwise direction. The Smith 


Chart is müch more powerful than : 
depicted in this brief summary. A 
detailed treatment is given by Phillip 
H. Smith in his classic book: Elec- 
tronic Applications of the Smith Chart 


STANDING WAVE TRANS LOSS 


Fig C—The Smith Chart shown in Fig B was computer generated with MicroSmith. 
A much more detailed plot is presented here; this is the chart form used by 

Smith, suitable for graphic applications. Numbers are calculated by the computer 
in MicroSmith. This chart is used with the permission of Analog Instruments. 


' outstanding.paper: "The Smith Chart: 


. Microwave Journal. MicroSmith is 
available from ARRL for $39. The 


will be an open circuit. The line will have 
no effect if placed in parallel with a 
transmitter' s output terminal. However, at 


twice the frequency, 14.2 MHz; that same 


line is now a half wavelength, and the line 
looks like a short circuit. The line, often 
dubbed a quarter-wave stub in this appli- 
cation, will act as a trap for not only the 


E 


(McGraw-Hill, 1969). | also recom- 
mend his article "Transmission Line 
Calculator" in Jan 1939 Electronics. 
Joseph White presented a wonderful 
summary of the chart in a short but 
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impedance matching tutorial is 
included, or may be obtained by 
dialing 203-666-0578.— Wes 
Hayward, W7ZOI 
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second harmonic, but also for higher even- 
order harmonics, such as the fourth or 
sixth harmonics. 

Quarter-wave stubs made of good-qual- 
ity coax, such as RG-213, offer a conve- 
nient way to lower transmitter harmonic 
levels. Despite the fact that the exact 
amount of harmonic attenuation depends 
on the impedance (often unknown) into 
which they are working at the harmonic 
frequency, a quarter-wave stub will typi- 
cally yield 20 to 25 dB of attenuation of 
the second harmonic when placed directly 
at the output of a transmitter feeding com- 
mon amateur antennas. Because different 
manufacturing runs of coax will have 
slightly different velocity factors, a quar- 
ter-wave stub is usually cut a little longer 
than calculated, and then carefully pruned 
by snipping off short pieces, while moni- 
toring the response at the fundamental fre- 
quency, using a grid-dip meter or a re- 
ceiver noise bridge. Because the end of the 
coax is an open circuit while pieces are 
being snipped away, the input of a quarter- 
wave line will show a short circuit exactly 
at the fundamental frequency. Once the 
coax has been pruned to frequency, a short 
jumper is soldered across the end, and the 
response at the second harmonic fre- 
quency is measured. 

We will examine further applications of 
quarter-wave transmission lines later in 
the next section. 


Matching the Antenna to the Line 


When transmission lines are used witha 
transmitter, the most common load is an 
antenna. When a transmission line is con- 
nected between an antenna and a receiver, 
the receiver input circuit is the load, not 
the antenna, because the powertaken from 
a passing wave is delivered to the receiver. 

Whatever the application, the condi- 
tions existing at the load, and only the load, 
determine the reflection coefficient, and 
hence the standing-wave ratio, on the line. 
If the load is purely resistive and equal to 
the characteristic impedance of the line, 
there will be no standing waves. If the load 
is not purely resistive, oris notequal to the 
line Zo, there will be standing waves. No 
adjustments can be made at the input end 
of the line to change the SWR at the load. 
Neither is the SWR affected by changing 
the line length, except as previously de- 
scribed when the SWR at the input of a 
lossy line is masked by the attenuation of 
the line. 

Only in a few special cases is the an- 
tenna impedance the exact value needed 
to match a practical transmission line. In 
all other cases, it is necessary either to 
operate with a mismatch and accept the 
SWR that results, or else to bring about a 
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match between the line and the antenna. 

Technical literature sometimes uses the 
term conjugate match to describe the con- 
dition where the reactance seen looking 
toward the load from any point on the line 
is the complex conjugate of the impedance 
seen looking toward the source. A conju- 
gate match is necessary to achieve the 
maximum power gain possible from a 
small-signal amplifier. For example, if a 
small-signal amplifier at 14.2 MHz has 
an output impedance of 25.8 ~ j11.0 Q, 
then the maximum power possible will be 
generated from that amplifier when the 
output load is 25.8 + 11.0 Q. The ampli- 
fier and load system is resonant because 
the +11.0-Q reactances cancel. 

Now, assume that 100 ft of 50-Q 
RG-213 coax at 14.2 MHz just happens 
to be terminated in an impedance of 
115 - j25 Q. Eq 11 calculates that the 
impedance looking into the input of the 
line is 25.8 - j11.0 Q. If this transmission 
line is connected directly to the small- 
signal amplifier above, then a conjugate 
match is created, and the amplifier gener- 
ates the maximum possible amount of 
power it can generate. 

However, if the impedance at the output 
of the amplifier is not 25.8 — 11.0 Q, then 
amatching network is needed between the 
amplifier and its load for maximum power 
gain. For example, if 50 ft of RG-213 
is terminated in a 72 .- j34 Q antenna 
impedance, the impedance at the line in- 
put becomes 35.9 - j21.6 Q. A matching 
network is designed to transform 
35.9 321.6 Q to 25.8 + Ј11.0 Q, so that 
once again a conjugate match is created 
for the small-signal amplifier. 

Now, let us consider what happens with 
amplifiers where the power levelis higher 
than the milliwatt level of small-signal 
amplifiers. Most modern transmitters are 
designed to work into a 50-Q load. Most 
will reduce power automatically if the load 
is not 50 Q—this protects them against 
damage and ensures linear operation with- 
out distortion. 

Many amateurs use an antenna tuner 
between their transmitter and the trans- 
mission line feeding the antenna. The 
antenna tuner's function is to transform 
the impedance, whatever it is, at the 
shack-end of the transmission line into 
the 50 Q required by their transmitter. 
Note that the SWR on the transmission 
line between the antenna and the output 
of the antenna tuner is rarely exactly 
1:1, even though the SWR on the short 
length of line between the tuner and the 
transmitter is 1:1. 

Therefore, some loss is unavoidable: 
additional loss due to the SWR on the line, 
and loss in the antenna tuner itself. How- 


ever, most amateur antenna installations 
use antennas that are reasonably close to 
resonance, making these types of losses 
small enough to be acceptable. 

Despite the inconvenience, if the an- 
tenna tuner could be placed at the antenna 
rather than at the transmitter output, it can 
transform the 72 — j34 Q antenna imped- 
ance to a nonreactive 50 Q. Then the line 
SWR is 1:1. 

Impedance matching networks can take 
a variety of physical forms, depending on 
the circumstances. 


Matching the Antenna to the Line, at 
the Antenna 


This section describes methods by 
which a network can be installed at the 
antenna itself to provide matching to a 
transmission line. Having the matching 
system up at the antenna rather than down 
in the shack at the end of a long transmis- 
sion line does seem intuitively desirable, 
but it is not always very practical, espe- 
cially in multiband antennas. 

If ahighly reactive antenna can be tuned 
to resonance, even without special efforts 
to make the resistive portion equal to the 
line's characteristic impedance, the result- 
ing SWR is often low enough to minimize 
additional line loss due to SWR. For ex- 
ample, the multiband dipole in Table 19.3 
has an antenna impedance of 4.5 – /1673 Q 
at 1.8 MHz. Assume that the antenna reac- 
tance is tuned out with a network consist- 
ing of two symmetrical inductors whose 
reactance is +836.5 Q each, with a Q of 
200. The inductors are made up of 
73.95 uH coils in series with inherent loss 
resistors of 836.5/200 = 4.2 Q. The total 
series resistance is thus 4.5 + 2 x (4.2) = 
12.9 Q, and the antenna reactance and in- 
ductor reactance cancel out. See Fig 19.6. 

If this tuned system is fed with 50-Q 
coaxial cable, the SWR is 50/12.9 = 
3.88:1, and the loss in 100 ft of RG-8A 
cable would be 0.47 dB. The radiation ef- 
ficiency is 4.5/12.9 = 34.9%. Expressed 
another way, there is 4.57 dB of loss. 
Adding the 0.47 dB of loss in the line 
yields an overall system loss of 5.04 dB. 
Compare this to the loss of 17.1 dB if the 
RG-8A coax is used to feed the antenna 
directly, without any matching at the an- 
tenna. The use of a moderately high-Q 
resonator has yielded almost 12 dB of 
“gain” (that is, less loss) compared to the 
nonresonator case. The drawback of 
course if that the antenna is now resonated 
on only one frequency, but it certainly is a 
lot more efficient on that one frequency. 


The Quarter-Wave Transformer or “Q” 
Section 


The range of impedances presented to 


the transmission line is usually relatively 
small on a typical amateur antenna, such 
as a dipole or a Yagi when it is operated 
close to resonance. In such antenna sys- 
tems, the impedance transforming proper- 
ties of a quarter-wave section of transmis- 
sion line are often utilized to match the 
transmission line at the antenna. 

One example of this technique is an ar- 
ray of stacked Yagis on a single tower. 
Each antenna is resonant and is fed in par- 
allel with the other Yagis, using equal 
lengths of coax to each antenna. A stacked 
array is used to produce not only gain, but 
also a wide vertical elevation pattern, suit- 
able for coverage of a broad geographic 
area. (See The ARRL Antenna Book for 
details about Yagi stacking.) The feed- 
point impedance of two 50-Q Yagis fed 
with equal lengths of feed line connected 
in parallel is 25 О (50 0/2); three in par- 
allel yield 16.7 Q; four in parallel yield 
12.5 Q. The nominal SWR for a stack of 
four Yagis is 4:1 (50 Q/12.5 Q). This level 
of SWR does not cause excessive line loss, 
provided that low-loss coax feed line is 
used. However, many station designers 
want to be able to select, using relays, any 
individual antenna in the array, without 
having the load seen by the transmitter 
change. Perhaps they might wish to turn 
one antenna in the stack in a different di- 
rection and use it by itself. If the load 
changes, the amplifier must be retuned, an 
inconvenience at best. 

See Fig 19.7. If the antenna impedance 
and the characteristic impedance of a feed 
line to be matched are known, the charac- 
teristic impedance needed for a quarter- 
wave matching section of low-loss cable 
is expressed by another simplification of 
Eq 11. 

Z=4Z Zo (14) 
where 

Z =characteristic impedance needed for 

matching section 

2, = antenna impedance 

Zo characteristic impedance of the line 

to which it is to be matched. 


Example: To match a 50-Q line to a Yagi 
stack consisting of two antennas fed in 
parallel to produce a 25-Q load, the quar- 
ter-wave matching section would require 
a characteristic impedance of 


Z=~V50x25 =35.4Q 


A transmission line with a characteris- 
tic impedance of 35 О could be closely 
approximated by connecting two equal 
lengths of 75-Q cable (such as RG-11A) 
in parallel to yield the equivalent of a 
37.5- Q cable. Three Yagis fed in parallel 
would require a quarter-wave transformer 


Loss Q=200 
Resistance 73.95 ин 


Q=200 
73.95 uH 


Loss 
Resistance 


To Tuner 
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Fig 19.6—The efficiency of the dipole in Table 19.3 can be improved at 1.8 MHz 
with a pair of inductors inserted symmetrically at the feedpoint. Each inductor is 
assumed to have a Q of 200. By resonating the dipole in this fashion the system 
efficiency, when fed with RG-8A coax, is almost 20 dB better than using this same 
antenna without the resonator. The disadvantage is that the formerly multiband 
antenna can only be used on a single band. 


50 0 Feedline 


2-75 0 
In Poraltel 


Fig 19.7—Array of two stacked Yagis, illustrating use of quarter-wave matching 
sections. At the junction of the two equal lengths of 50-O feed line the impedance 
is 25 О. This is transformed back to 50 О by the two paralleled 75-Q, quarter-wave 
lines, which together make a net characteristic impedance of 37.5 Q. This is close 
to the 35.4 О value computed by the formula 55 х 50. 


made using a cable having a characteristic 
impedance of 


416.7 x50 =28.9 Q 


This is approximated by using a quar- 
ter-wave section of 50-Q cable in parallel 
with a quarter-wave section of 75-Q cable, 
yielding a net impedance of 30 Q, quite 
close enough to the desired 28.9 Q. Four 
Yagis fed in parallel would require a 
quarter-wave transformer made up using 
cable with a characteristic impedance of 
25 О, easily created by using two 50-Q 


cables in parallel. 


T- and Gamma-Match Sections 


Many types of antennas exhibit a feed- 
point impedance lower than the 50-O char- 
acteristic impedance of commonly avail- 
able coax cable. Both the so-called 
T-Match and the Gamma-Match are used 
extensively on Yagi and quad beam anten- 
nas to increase the antenna feed imped- 
ance to 50 О. 

The method of matching shown in 
Fig 19.8 is based on the fact that the im- 


Transmission Lines 19.11 


pedance between any two points equidis- 
tant from the center along a resonant an- 
tenna is resistive, and has a value that de- 
pends on the spacing between the two 
points. It is therefore possible to choose a 
pair of points between which the imped- 
ance will have the right value to match a 
transmission line. In practice, the line can- 
not be connected directly at these points 
because the distance between them is 
much greater than the conductor spacing 
of a practical transmission line. The T 
arrangement in Fig 19.8A overcomes this 
difficulty by using a second conductor 
paralleling the antenna to form a matching 
section to which the line may be con- 
nected. 

The T is particularly well suited to use 
with parallel-conductor feed line. The 
operation of this system is somewhat com- 
plex. Each T conductor (Y in the drawing) 
forms a short section of transmission line 
with the antenna conductor opposite it. 
Each of these transmission-line sections 
can be considered to be terminated in the 
impedance that exists at the point of con- 
nection to the antenna. Thus, the part of 
the antenna between the two points carries 
a transmission-line current in addition to 
the normal antenna current. The two trans- 
mission-line matching sections are in se- 
ries, as seen by the main transmission line. 

If the antenna by itself is resonant at the 
operating frequency, its impedance will be 
purely resistive. In this case the matching- 
section lines are terminated in a resistive 


Fig 19.8—The T match (A) and gamma 
match (B). 
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load. As transmission-line sections how- 
ever, these matching sections are termi- 
nated in a short, and are shorter than a 
quarter wavelength. Thus their input im- 
pedance, the impedance seen by the main 
transmission line looking into the match- 
ing-section terminals, will be inductive as 
well as resistive. The reactive component 
of the input impedance must be tuned out 
before a proper match can be obtained. 

One way to do this is to detune the an- 
tenna just enough, by shortening its length, 
to cause capacitive reactance to appear at 
the input terminals of the matching sec- 
tion, thus canceling the reactance intro- 
duced. Another method, which is consid- 
erably easier to adjust, is to insert a 
variable capacitor in series with each 
matching section where it connects to the 
transmission line, as shown in the chapter 
on Antennas. The capacitors must be pro- 
tected from the weather. 

When the series-capacitor method of 
reactance compensation is used, the an- 
tenna should be the proper length for reso- 
nance at the operating frequency. Trial 
positions of the matching-section taps are 
then taken, each time adjusting the capaci- 
tor for minimum SWR, until the lowest 
possible SWR has been achieved. The 
unbalanced (gamma) arrangement in 
Fig 19.8B is similar in principle to the T, 
but is adapted for use with single coax line. 
The method of adjustment is the same. 


The Hairpin Match 


In beam antennas such as Yagis or 
quads, which utilize parasitic directors and 


Electrically 
Neutral 
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Cable 


Fig 19.9—Hairpin match, sometimes 
called the Beta match. The "hairpin" is a 
shunt inductor, which together with the 
series capacitive reactance of an 
electrically short driven element, forms 


an L network. This L network transforms 
the antenna resistive component to 50 Q. 


reflectors to achieve directive gain, the 
mutual impedance between the parasitic 
and the driven elements lowers the re- 
sistive component of the driven-element 
impedance, typically to a value between 
10 and 30 О. If the driven element is 
purposely cut slightly shorter than its half- 
wave resonant length, it will exhibit a 
capacitive reactance at its feedpoint. A 
shunt inductor as shown in Fig 19.9 
placed across the feed-point center in- 
sulator can be used to transform the 
antenna resistance to match the character- 
istic impedance of the transmission line, 
while canceling out the capacitive reac- 
tance simultaneously. The antenna’s 
capacitive reactance and the hairpin shunt 
inductor form an L network. 

For mechanical convenience, the shunt 
inductor is often constructed using heavy- 
gauge aluminum wire bent in the shape of 
a hairpin. The center of the hairpin, the 
end farthest from the driven element, is 
grounded to the boom, since this point in 
a balanced feed system is equidistant from 
the antenna feed terminals. This gives 
some protection against static buildup and 
a certain measure of lightning protection. 
The disadvantage of the Hairpin match is 
that it does require that the driven element 
be split and insulated at its center. Since 
only the length of the driven element and 
the value of shunt inductance can be 
varied in the Hairpin, the SWR often can- 
not be brought down to exactly 1:1 at a 
desired frequency in the band, as it can be 
with the T or Gamma matches previously 
described. 


Matching the Line to the Transmitter 


So far we have been concerned mainly 
with the measures needed to achieve ac- 
ceptable amounts of loss and a low SWR 
when real coax lines are connected to real 
antennas. Not only is feed-line loss mini- 
mized when the SWR is kept within rea- 
sonable bounds, but also the transmitter is 
able to deliver its rated output power, at its 
rated level of distortion, when it sees the 
load resistance it was designed to feed. 

Most modern amateur transmitters use 
broadband, untuned solid-state final am- 
plifiers designed to work into а 50-0 load. 
Such a transmitter very often utilizes built- 
in protection circuitry, which automati- 
cally reduces output power if the SWR 
rises to more than about 2:1. Protective 
circuits are needed because many solid- 
state devices will willingly and almost 
instantly destroy themselves attempting to 
deliver power into low-impedance loads. 
Solid-state devices are a lot less forgiving 
than vacuum tube amplifiers, which can 
survive momentary overloads without be- 
ing destroyed instantly. Pi networks used 


in vacuum-tube amplifiers typically have 
the ability to match a surprisingly wide 
range of impedances on a transmission 
line. See the Amplifiers chapter in this 
Handbook. 

Besides the rather limited option of 
using only inherently low-SWR antennas 
to ensure that the transmitter sees the load 
for which it was designed, we radio 
amateurs have another alternative. We can 
use a Transmatch. This is a coined word, 
referring to a "Transmitter Matching" 
network. The function of a Transmatch is 
to transform the impedance at the input 
end of the transmission line, whatever it 
may be, to the 50 Q needed to keep the 
transmitter loaded properly. Do not for- 
get: A Transmatch does not alter the SWR 
on the transmission line going to the 
antenna; it only keeps the transmitter 
looking into the load for which it was 
designed. Indeed, some solid-state trans- 
mitters incorporate (usually at extra cost) 
automatically tuned antenna couplers 
(another name for Transmatch), so that 
they too can cope with practical antennas 
and transmission lines that are not 
perfectly flat. The range of impedances 
which can be matched is typically rather 
limited, however, especially at lower fre- 
quencies. 

Over the years, radio amateurs have 
derived a number of circuits for use as 
Transmatches. At one time, when open- 
wire transmission line was more widely 
used, link coupled tuned circuits were in 
vogue. See Fig 19.10. With the increasing 
popularity of coaxial cable used as feed 
lines, other circuits have become more 
prevalent. The most common form of 
Transmatch in recent years is some 
variation of a T configuration, as shown in 
Fig 19.11A. 

The T network can be visualized as be- 
ing two L networks back to front, where 
the common element has been conceptu- 
ally broken down into two inductors in 
parallel. See Fig 19.11B. The L network 
connected to the load transforms the out- 
put impedance R, + jX, into its parallel 


equivalent by means of the series output 
capacitor Cy. The first. L network then 
transforms the parallel equivalent back 
into the series equivalent and resonates the 
reactance with the input series capacitor 
Cı. 

Note that the equivalent parallel resis- 
tance R, across the shunt inductor can be 
a very large value for highly reactive 
loads, meaning that the voltage developed 
at this point can be very high. For example, 
assume that the load impedance at 
3.8 MHz presented to the Transmatch is 
Za = 20 – j1000. If C2 is 300 pF, then 
the equivalent parallel resistance across 
L1 is 66326 О. If 1500 W appears across 
this parallel resistance, a peak voltage of 
14106 V is produced, a very substantial 
level indeed. Highly reactive loads can 
produce very high voltages across com- 
ponents in a Transmatch. 


The ARRL computer program TL cal- 
culates and shows graphically the 
Transmatch values for operator selected 
antenna impedances transformed through 
lengths of various types of practical trans- 
mission lines. The Station Accessories 
chapter includes a Transmatch project, 
and The ARRL Antenna Book contains 
detailed information on Transmatch de- 
sign and construction. 


Myths About SWR 


This is a good point to stop and mention 
that there are some enduring and quite 
misleading myths in Amateur Radio con- 
cerning SWR. 

Despite some claims to the contrary, a 
high SWR does not by itself cause RFI, or 
TVI or telephone interference. While it is 
true that an antenna located close to such 
devices can cause overload and inter- 


Fig 19.10—Simple Transmatches for coupling a transmitter to a balanced line 
presenting a load different from the transmitter's design load impedance, usually 
50 О. A and B, respectively, are series and parallel tuned circuits using variable 
inductive coupling between coils. C and D are similar but use fixed inductive 
coupling and a variable series capacitor, C1. A series tuned circuit works well 
with a low-impedance load; the parallel circuit is better with high impedance 


loads (several hundred ohms or more). 


Balanced 
Load 


Fig 19.11-—Transmatch network in T configuration. This network has become popular because it has the capability of 
matching a wide range of impedances. At À, the balun transformer at the input of the Transmatch preserves balance when 
feeding a balanced transmission line. At B, the T configuration is shown as two L networks back to back. 
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ference, the SWR on the feed line to that 
antenna has nothing to do with it, provid- 
ing of course that the Transmatch, feed 
line or connectors are not arcing. The an- 
tenna is merely doing its job, which is to 
radiate. The transmission line is doing its 
job, which is to convey power from the 
transmitter to the radiator. 

A second myth, often stated in the same 
breath as the first one above, is that a high 
SWR will cause excessive radiation from 
a transmission line. SWR has nothing to 
do with excessive radiation from a line. 
Imbalances in open-wire lines cause 
radiation, but such imbalances are not 
related to SWR. This subject will be 
covered more in the section on baluns. 

A third and perhaps even more preva- 
lent myth is that you can’t “get out” if the 
SWR on your transmission line is higher 
than 1.5:1, or 2:1 or some other such 
arbitrary figure. On the HF bands, if you 
use reasonable lengths of good coaxial 
cable (or even better yet, open-wire line), 
the truth is that you need not be overly 
concerned if the SWR at the load is kept 
below about 6:1. This sounds pretty 
radical to some amateurs who have 
heard horror story after horror story about 
SWR. The fact is that if you can load up 
your transmitter without any arcing inside, 


\ Shorted 


Together 


(с) 


or if you use a Transmatch to make sure 
your transmitter is operating into its rated 
load resistance, you can enjoy a very ef- 
fective station, using antennas with feed 
lines having high values of SWR on them. 
For example, a 450-Q open-wire line con- 
nected to the multiband dipole shown in 
Table 19.3 would have a 19:1 SWR on it at 
3.8 MHz. Yet time and again this antenna 
has proven to be a great performer at many 
installations. 

Fortunately or unfortunately, SWR is 
one of the few antenna and transmission- 
line parameters easily measured by the 
average radio amateur. Ease of measure- 
ment does not mean that alow SWR should 
become an end in itself! The hours spent 
pruning an antenna so that the SWR is 
reduced from 1.5:1 down to 1.3:1 could be 
used in far more rewarding ways—mak- 
ing QSOs, for example, or studying trans- 
mission-line theory. 


Loads and Balancing Devices 


Center-fed dipoles and loops are bal- 
anced, meaning that they are electrically 
symmetrical with respect to the feedpoint. 
A balanced antenna should be fed by a 
balanced feeder system to preserve this 
electrical symmetry with respect to 
ground, thereby avoiding difficulties with 
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Fig 19.12—Quarter-wave baluns. Radiator with coaxial feed (A) and methods of 
preventing unbalanced currents from flowing on the outside of the transmission 
line (В and C). The ‘/2 -phasing section shown at D is used for coupling to an 
unbalanced circuit when a 4:1 impedance ratio is desired or can be accepted. 
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unbalanced currents on the line and unde- 
sirable radiation from the transmission 
line itself. Line radiation can be prevented 
by a number of devices which detune or 
decouple the line for currents radiated by 
the antenna back onto the line that feeds it, 
greatly reducing the amplitude of such 
antenna currents. 

Many amateurs use center-fed dipoles 
or Yagis, fed with unbalanced coaxial line. 
Some method should be used for connect- 
ing the line to the antenna without upset- 
ting the symmetry of the antenna itself. 
This requires a circuit that will isolate the 
balanced load from the unbalanced line, 
while still providing efficient power 
transfer. Devices for doing this are called 
baluns (a contraction for "balanced to un- 
balanced"). A balanced antenna fed with 
balanced line, such as two-wire ladder 
line, will maintain its inherent balance, so 
long as external causes of unbalance are 
avoided. However, even they will require 
some sort of balun at the transmitter, since 
modern transmitters have unbalanced 
(coax) outputs. 

If a balanced antenna is fed at the center 
through a coaxial line without a balun, as 
indicated in Fig 19.12A, the inherent sym- 
metry and balance is upset because one 
side of the radiator is connected to the 
shield while the other is connected to the 
inner conductor. On the side connected to 
the shield, current can be diverted from 
flowing into the antenna, and instead can 
flow down over the outside of the coaxial 
shield. The field thus set up cannot be 
canceled by the field from the inner con- 
ductor because the fields inside the cable 
cannot escape through the shielding of the 
outer conductor. Hence currents flowing 
on the outside of the line will be respon- 
sible for some radiation from the line. 

This is a good point to say that striving 
for perfect balance in a line and antenna 
system is not always absolutely manda- 
tory. For example, if a nonresonant center 
fed dipole is fed with open-wire line and a 
Transmatch for multiband operation, the 
most desirable radiation pattern for 
general-purpose communication is actu- 
ally an omnidirectional pattern. A certain 
amount of feed-line radiation might 
actually help fill in otherwise undesirable 
nulls in the azimuthal pattern of the an- 
tenna itself. Furthermore, the radiation 
pattern of a coaxial-fed dipole that is only 
a few tenths of a wavelength off the ground 
(50 ft high on the 80-m band, for example) 
is not very directional anyway, because of 
its severe interaction with the ground. 

Purists may cry out in dismay, but there 
are many thousands of coaxial-fed dipoles 
in daily use worldwide that perform very 
effectively without the benefit of a balun. 


However, some form of balun should be 
used to preserve the pattern of an antenna 
that is purposely designed to be highly di- 
rectional, such as a Yagi or a quad. 


Quarter-Wave Baluns 


Fig 19.12B shows a balun arrangement 
known as a bazooka, which uses a sleeve 
over the transmission line. The sleeve, 
together with the outside portion of the 
outer coax conductor, forms a shorted 
quarter-wave line section. The impedance 
looking into the open end of such a section 
is very high, so the end of the outer con- 
ductor of the coaxial line is effectively 
isolated from the part of the line below the 
sleeve. The length is an electrical quarter 
wave, and because of the velocity factor 
may be physically shorter if the insulation 
between the sleeve and the line is not air. 
The bazooka has no effect on antenna 
impedance at the frequency where the 
quarter-wave sleeve is resonant. However, 
the sleeve adds inductive shunt reactance 
at frequencies lower, and capacitive shunt 
reactance at frequencies higher than the 
quarter-wave-resonant frequency. The 
bazooka is mostly used at VHF, where its 
physical size does not present a major 
problem. On HF a quarter-wavelength 
rigid sleeve becomes considerably more 
challenging to construct, especially for a 
rotary antenna such as a Yagi. 

Another method that gives an equiva- 
lent effect is shown at Fig 19.12C. Since 
the voltages at the antenna terminals are 
equal and opposite (with reference to 
ground), equal and opposite currents flow 
on the surfaces of the line and second con- 
ductor. Beyond the shorting point, in the 
direction of the transmitter, these currents 
combine to cancel out. The balancing sec- 
tion acts like an open circuit to the antenna, 
since it is a quarter-wave parallel-conduc- 
tor line shorted at the far end, and thus has 
no effect on normal antenna operation. 
This is not essential to the line balancing 
function of the device, however, and bal- 
uns of this type are sometimes made 
shorter than a quarter wavelength to pro- 
vide a shunt inductive reactance required 
in certain matching systems (such as the 
Hairpin). 

Fig 19.12D shows a third balun, in 
which equal and opposite voltages, bal- 
anced to ground, are taken from the inner 
conductors of the main transmission line 
and half-wave phasing section. Since the 
voltages at the balanced end are in series 
while the voltages at the unbalanced end 
are in parallel, there is a 4:1 step down in 
impedance from the balanced to the un- 
balanced side. This arrangement is useful 
for coupling between a 300-9 balanced 
line and a 75-Q unbalanced coaxial line. 


Broadband Baluns 


At HF and even at VHF, broadband bal- 
uns are generally used nowadays. These 
can be divided into two distinct catego- 
ries: voltage baluns and choke (or current) 
baluns. Examples of the two types of bal- 
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uns are shown in Fig 19.13. 

The voltage baluns of Fig 19.13A and 
Fig 19.13B cause equal and opposite voit- 
ages to appear at the two output terminals, 
relative to the voltage at the "cold" (coax 
cable ground) side of the input. If the two 
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Fig 19.13—Broadband baluns. (A) 1:1 voltage balun; (В) 4:1 voltage balun; (C) 1:1 
current balun; and (D) 4:1 current transformer. (D) is wound on two cores, which 


are separated. 
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antenna halves are perfectly balanced in 
impedance with respect to ground, the 
balun will force the voltages to be equal, 
and the currents flowing from the balun's 
output terminals will be equal and op- 
posite. No antenna current will flow on 
the feed line, and the feed line will not 
radiate. If the load is balanced, the 1:1 
voltage balun of Fig 19.13A performs ex- 
actly the same function as the current 
balun of Fig 19.13C, as there is no net 
current in winding b. If the antenna isn't 
perfectly symmetrical, however, unequal 
currents will appear at the balun output, 
despite equal voltages, causing antenna 
current to flow on the line, an undesirable 
condition leading to line radiation. 

Another potential shortcoming of the 
1:1 voltage balun is that the windings ap- 
pear across the line. If the windings have 
insufficient inductive reactance (a com- 
mon problem, particularly near the lower- 
frequency end of its range), the system 
SWR will be degraded. The choke, or cur- 
rent balun, is generally recommended for 
use at the junction of the antenna and feed 
line. However, voltage baluns are still 
commonly used in this application and 
serve a useful function if the user is aware 
of their shortcomings. 

While voltage baluns cause equal and 
opposite voltages to appear at their out- 
puts, choke or current baluns force equal 
and opposite currents to flow. The result is 
that currents radiated back onto the trans- 
mission line by the antenna are effectively 
reduced, or “choked off," even if the an- 
tenna is not perfectly balanced. If winding 
inductive reactance becomes marginal at 
lower frequencies, the balun's ability to 
eliminate antenna currents is reduced, but 
(for the 1:1 balun) no winding impedance 
appears across the line. 

For either type of balun, if induced cur- 
rent on the line is a problem, perhaps be- 
cause the feed line must be run in parallel 
with the antenna for some portion of its 
length, additional baluns can be placed at 


approximately '/4-À intervals along the 
line. Current baluns are particularly use- 
ful for feeding asymmetrical antennas 
with balanced line. 


Broadband Balun Construction 


Either type of broadband balun can be 
constructed using a variety of techniques. 
Construction of choke (current) baluns is 
described here. The objective is to obtain 
a high impedance for currents that tend to 
flow on the line. Values from a few 
hundred to over a thousand ohms of induc- 
tive reactance are readily achieved. These 
baluns work best with antennas having 
resonant feed-point impedances less than 
100 Q or so (400 Q for 4:1 baluns). This is 
because the winding inductive reactance 
must be high relative to the antenna im- 
pedance for effective operation. A rule of 
thumb is that the inductive reactance 
should be four times higher than the an- 
tenna impedance. High impedances are 
difficult to achieve over a wide frequency 
range. Any sort of transformer which is 
operated at impedances for which it was 
not designed can fail, sometimes spectacu- 
larly. 

The simplest construction method for 
a 1:1 balun for coaxial line is simply to 
wind a portion of the line into a coil. See 
Fig 19.14. This type of choke balun is 
simple, cheap and effective. Currents on 
the outside of the line encounter the coil's 
impedance, while currents on the inside 
are unaffected. A flat coil (like a coil of 
rope) shows a broad resonance that easily 
covers three bands, making it reasonably 
effective over the entire HF range. If par- 
ticular problems are encountered on a 
single band, a coil that is resonant at that 
band may be added. The coils shown in 
Table 19.4 were constructed to have a high 
impedance at the indicated frequencies, as 
measured with an impedance meter. Many 
other geometries can also be effective. 
This construction technique is not effec- 
tive with open-wire or twin-lead line be- 
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Fig 19.15—4:1 air-core current balun. This balun is rarely encountered nowadays, 
having been supplanted at HF by more compact broadband balun transformers 


wound on toroidal cores. 
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cause of coupling between adjacent turns. 
An air-core 4:1 choke balun is shown in 
Fig 19.15. 

Ferrite-core baluns can provide a high 
impedance over the entire HF range. They 
may be wound either with two conductors 
in bifilar fashion, or with a single coaxial 
cable. Rod or toroidal cores may be used. 
Current through a choke balun winding is 
the “antenna current" on the line; if the 
balun is effective, this current is small. 


Fig 19.14—RF choke formed by coiling 
the feed line at the point of connection 
to the antenna. The inductance of the 
choke isolates the antenna from the 
remainder of the feed line. 


Table 19.4 
Effective Choke (Current Baluns) 


Wind the indicated length of coaxial feed 
line into a coil (like a coil of rope) and 
secure with electrical tape. The balun is 
most effective when the coil is near the 
antenna. Lengths are not critical. 


Single Band (Very Effective) 


Freg 
MHz RG-213, RG-8 RG-58 
3.5 22 ft, 8 turns 20 ft, 6-8 turns 
7 22 ft, 10 turns 15 ft, 6 turns 
10 12 ft, 10 turns 10 ft, 7 turns 
14 10 ft, 4 turns 8 ft, 8 turns 
21 8 ft, 6-8 turns 6 ft, 8 turns 
28 6 ft, 6-8 turns 4 ft, 6-8 turns 
Multiple Band 
Freq, MHz RG-8, 58, 59, 8X, 213 
3.5-30 10 ft, 7 turns 
3.5-10 18 ft, 9-10 turns 
14-30 8 ft, 6-7 turns 

E d E 


Fig 19.16—W2DU bead balun 
consisting of 50 FB-73-2401 ferrite 
beads over a length of RG-303 coax. 
See text for details. 


Baluns used for high-power operation 
should be tested by checking for tempera- 
ture rise before use. If the core overheats, 
add turns or use a larger or lower-loss core. 
It also would be wise to investigate the 
imbalance causing such high line antenna 
currents. 

Type 72, 73 or 77 ferrite gives the great- 
est impedance over the HF range. Type 43 
ferrite has lower loss, but somewhat less 
impedance. Core saturation is not a prob- 
lem with these ferrites at HF; since they 
overheat due to loss at flux lévels well 


below saturation. The loss occurs because’ ` 


there is insufficient inductive reactance at 
lower frequencies. Eight to ten turns on a 
toroidal core or 10 to 15 turns on a rod are 
typical for the HF range. Winding imped- 
ance increases approximately as the 
square of the number of turns. 

Another type of choke balun that is very 
effective was originated by M. Walter 
Maxwell, W2DU. A number of ferrite 
toroids are strung, like beads on a string, 
directly onto the coax where it is con- 
‘nected to the antenna. The “bead” balun 
in Fig 19.16 consists of 50 FB73-2401 
ferrite beads slipped over a 1-ft length of 
RG-303 coax. The beads fit nicely over 
the insulating jacket of the coax and oc- 
cupy a total length of 9'/2 inches. Twelve, 
FB-77-1024 or equivalent beads will come 
close to doing the same job using RG-8A 
or RG-213 coax. Type-73 material is rec- 


ommended for 1.8 to 30 MHz use, but ` 


type-77 material may be substituted; use 
type-43 material for 30 to 250 MHz. 

The cores present a high impedance to 
any RF current that would otherwise flow 
on the outside of the shield. The total 
impedance is in approximate proportion 
to the stacked length of the cores. The 
impedance stays fairly constant over 
a wide range of frequencies. Again, 
70-series ferrites are a good choice for the 
HF range; use type-43 if heating is a prob- 
lem. Type-43 or -61 is the best choice for 
the VHF range. Cores of various materials 
can be used in combination, permitting 
construction of baluns effective over.a 
very wide frequency range, such as from 
2 to 250 MHz. 


WAVEGUIDES 


A waveguide is a hollow, conducting 
tube, through which microwave energy is 
transmitted in the form of electromagnetic 
waves. The tube does not carry a current in 
the same sense that the wires of a two- 


conductor line do. Instead, it is а boundary, 


that confines the waves to the enclosed 
space. Skin effect on the inside walls of 
the waveguide confines electromagnetic 
energy inside the guide, in much the same 
manner that the shield of a coaxial cable 
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‚ Fig 19.17—At its cutoff frequency a rectangular waveguide can be analyzed as a 


parallel two-conductor transmission line supported from top and bottom by an 
infinite number of quarter-wavelength stubs. 


confines energy within the coax. Micro- 


wave energy is injected at one end (either _ 


through capacitive or inductive coupling 
or by radiation) and is received at the other 


end. The waveguide merely confines the’ 
energy of the fields, which are propagated . 


through it to the receiving end by means of 
reflections off its inrier walls. 


Evolution of a Waveguide 


Suppose an open-wire line is used to 
carry UHF energy from a generator to a 
load. If the line has any appreciable length, 


it must be well insulated from the supports | 


to avoid high losses. Since high-quality 
insulators are difficult to make for micro- 
wave frequencies, it is logical to support 
the transmission line with quarter-wave- 
length stubs, shorted at the far end. The 
open end of such a stub presents an infi- 
nite impedance to the transmission line, 
provided that the shorted stub is 
nonreactive. However, the shorting link 


has finite length and, thérefore, some in- 


ductance. This inductance can be nullified 


‚Бу making the RF current flow on the sur- 


face of a plate rather than through a thin 
wire. If the plate is large enough, it will 
prevent the magnetic lines of force from 
encircling the RF current. 

An infinite number of these quarter- 
wave stubs may be connected in parallel 
without affecting the standing waves of 
voltage and current. The transmission line 
may be supported from the top as well as 


the bottom, and when infinitely many: 
` supports are added, they form the walls of 


a waveguide at its cutoff frequency. 


-Fig 19.17 illustrates how a rectangular 


waveguide evolves from a two-wire paral- 
lel transmission line. This simplified 
analysis also shows why. the cutoff dimen- 
sion is a half wavelength. : 

While the operation of, waveguides is 


X. i 


4 RF Potential 
Along Guide 


Electric Field Intensity 


Magnetic Intensity 
Along Guide 


ГА 
Е 
== 
iti i) 
i3 


bcr | 


Fig 19.18—Field distribution in a 
rectangular waveguide. The TE, mode 


. of propagation is depicted. 
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Table 19.5 
Wavelength Formulas for Waveguide 


Rectangular Circular 


Cut-off wavelength 2X 3.41R 
Longest wavelength 1.6X 3.2R 
transmitted with little 
attenuation 
Shortest wavelength 1.1X 2.8R 


before next mode 
becomes possible 


usually described in terms of fields, cur- 
rent does flow on the inside walls, just as 
fields exist between the conductors of a 
two-wire transmission line. At the 
waveguide cutoff frequency, the current is 
concentrated in the center of the walls, and 
disperses toward the floor and ceiling as 
the frequency increases. 

Analysis of waveguide operation is 
based on the assumption that the guide 
material is a perfect conductor of electric- 
ity. Typical distributions of electric and 
magnetic fields in a rectangular guide are 
shown in Fig 19.18. The intensity of the 
electric field is greatest (as indicated by 
closer spacing of the lines of force in 
Fig 19.18B) at the center along the X di- 
mension and diminishes to zero at the end 
walls. Zero field intensity is a necessary 
condition at the end walls, since the exist- 
ence of any electric field parallel to any 
wall at the surface would cause an infinite 
current to flow in a perfect conductor, 
which is an impossible situation. 


Modes of Propagation 


Fig 19.18 represents a relatively simple 
distribution of the electric and magnetic 
fields. An infinite number of ways exist in 
which the fields can arrange themselves in 
a guide, as long as there is no upper limit 
to the frequency to be transmitted. Each 
field configuration is called a mode. All 
modes may be separated into two general 
groups. One group, designated TM (trans- 
verse magnetic), has the magnetic field 
entirely crosswise to the direction of 
propagation, but has a component of elec- 
tric field in the propagation direction. The 
other type, designated TE (transverse elec- 
tric) has the electric field entirely cross- 
wise to the direction of propagation, but 
has a component of magnetic field in the 
direction of propagation. TM waves are 
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Fig 19.19—Coupling to waveguide and 
resonators. The probe at A is an 
extension of the inner conductor of 
coax line. At B an extension of the coax 
inner conductor is grounded to the 
waveguide to form a coupling loop. 


sometimes called E waves, and TE waves 
are sometimes called H waves. The TM 
and TE designations are preferred, 
however. 

The particular mode of transmission is 
identified by the group letters followed by 
subscript numbers; for example TE, |, 
TM, , and so on. The number of possible 
modes increases with frequency for a 
given size of guide. There is only one pos- 
sible mode (called the dominant mode) for 
the lowest frequency that can be transmit- 
ted. The dominant mode is the one nor- 
mally used in practical work. 


Waveguide Dimensions 


Inrectangular guides the critical dimen- 
sion (shown as X in Fig 19.18C) must be 
more than one-half wavelength at the low- 
est frequency to be transmitted. In prac- 
tice, the Y dimension is usually made 
about equal to '/: X to avoid the possibility 
of operation at other than the dominant 
mode. Cross-sectional shapes other than 
rectangles can be used; the most important 
is the circular pipe. 

Table 19.5 gives dominant-mode wave- 


length formulas for rectangular and circu- 
lar guides. X is the width of a rectangular 
guide, and R is the radius of a circular 
guide. 


Coupling to Waveguides 


Energy may be introduced into or ex- 
tracted from a waveguide or resonator by 
means of either the electric or magnetic 
field. The energy transfer frequently takes 
place through a coaxial line. Two methods 
for coupling are shown in Fig 19.19. The 
probe at A is simply a short extension of 
the inner conductor of the feed coaxial 
line, oriented so that it is parallel to the 
electric lines of force. The loop shown at 
B is arranged to enclose some of the mag- 
netic lines of force. The point at which 
maximum coupling will be obtained de- 
pends on the particular mode of propaga- 
tion in the guide or cavity; the coupling 
will be maximum when the coupling de- 
vice is in the most intense field. 

Coupling can be varied by rotating the 
probe orloop through 90?. When the probe 
is perpendicular to the electric lines the 
coupling will be minimum; similarly, 
when the plane of the loop is parallel to the 
magnetic lines, the coupling will be mini- 
mum. See The ARRL Antenna Book for 
more information on waveguides. 
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ANTENNA BASICS 


very ham needs at least one an- 
E tenna, and most hams have built 

one. This chapter, by Chuck 
Hutchinson, K8CH, covers theory and 
construction of antennas for most radio 
amateurs. Here you'll find simple verti- 
cals and dipoles, as well as quad and Yagi 
projects and other antennas that you can 
build and use. 

The amount of available space should 
be high on the list of factors to consider 
when selecting an antenna. Those who live 
in urban areas often must accept a com- 
promise antenna for the HF bands because 
a city lot won't accommodate full-size 
wire dipoles, end-fed systems or high sup- 
porting structures. Other limitations are 
imposed by the amount of money avail- 
able for an antenna system (including sup- 
porting hardware), the number of amateur 
bands to be worked and local zoning 
ordinances. 

Operation objectives also come into 
play. Do you want to dedicate yourself to 
serious contesting and DXing? Are you 
looking for general-purpose operation that 
will yield short- and long-haul QSOs dur- 
ing periods of good propagation? Your 
answers should result in selecting an an- 
tenna that will meet your needs. You might 
want to erect the biggest and best collec- 
tion of antennas that space and finances 
will allow. If a modest system is the order 
of the day, then use whatever is practical 


and accept the performance that follows. 
Practically any radiator works well under 
some propagation conditions, assuming 
the radiator is able to accept power and 
radiate it at some useful angle. Any an- 
tenna is a good one if it meets your needs! 

In general, the height of the antenna 
above ground is the most critical factor at 
the higher end of the HF spectrum, that is 
from roughly 14 through 30 MHz. This is 
because the antenna should be clear of 
conductive objects such as power lines, 
phone wires, gutters and the like, plus high 
enough to have a low radiation angle. 
Lower frequency antennas, operating be- 
tween 2 and 10 MHz, should also be kept 
well away from conductive objects and as 
high above ground as possible if you want 
good performance. 


Antenna Polarization 


Most HF-band antennas are either ver- 
tically or horizontally polarized, although 
circular polarization is possible, just as it 
is at VHF and UHF. Polarization is deter- 
mined by the position of the radiating el- 
ement or wire with respect to the earth. 
Thus a radiator that is parallel to the earth 
radiates horizontally, while an antenna at 
aright angle to the earth (vertical) radiates 
a vertical wave. If a wire antenna is slanted 
above earth, it radiates waves that have 
both a vertical and a horizontal compo- 
nent. 

For best results in line-of-sight commu- 


nications, antennas at both ends of the cir- 
cuit should have the same polarity; cross 
polarization results in many decibels of 
signal reduction. It is not essential for both 
stations to use the same antenna polarity 
for ionospheric propagation (sky wave). 
This is because the radiated wave is bent 
and it tumbles considerably during its 
travel through the ionosphere. At the far 
end of the communications path the wave 
may be horizontal, vertical or somewhere 
in between at any given instant. On 
multihop transmissions, in which the sig- 
nal is refracted more than once from the 
ionosophere, and subsequently reflected 
from the Earth's surface during its travel, 
considerable polarization shift will occur. 
For that reason, the main consideration for 
a good DX antenna is a low angle of radia- 
tion rather than the polarization. 


Antenna Bandwidth 


The bandwidth of an antenna refers gen- 
erally to the range of frequencies over 
which the antenna can be used to obtain 
good performance. The bandwidth is of- 
ten referenced to some SWR value, such 
as, "The 2:1 SWR bandwidth is 3.5 to 
3.8 MHz." Popular amateur usage of the 
term “bandwidth” most often refers to the 
2:1 SWR bandwidth. Other specific band- 
width terms are also used, such as the gain 
bandwidth and the front-to-back ratio 
bandwidth. 

For the most part, the lower the operat- 
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ing frequency of a given antenna design, 
the narrower is the bandwidth. This fol- 
lows the rule that the bandwidth of a reso- 
nant circuit doubles as the frequency of 
operation is doubled, assuming the Q is 
the same for each case. Therefore, it is 
often difficult to cover all of the 160 or 
80-m band for a particular level of SWR 
with a dipole antenna. It is important to 
recognize that SWR bandwidth does not 
always relate directly to gain bandwidth. 
Depending on the amount of feed-line 
loss, an 80-m dipole with a relatively nar- 
row 2:1 SWR bandwidth can still radiate a 
good signal at each end of the band, pro- 
vided that an antenna tuner is used to 
allow the transmitter to load properly. 
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HEICHT OF HORIZONTAL HALF-WAVE IN WAVELENGTHS 


Fig 20.1—Curves showing the radiation 
resistance of vertical and horizontal 
half-wavelength dipoles at various 
heights above ground. The broken-line 
portion of the curve for a horizontal 
dipole shows the resistance over 
“average” real earth, the solid line for 
perfectly conducting ground. 
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RATIO OF HALF WAVELENGTH 
TO CONDUCTOR DIAMETER 


Fig 20.2—Effect of antenna diameter 
on length for half-wavelength 
resonance, shown as a multiplying 
factor, K, to be applied to the 
free-space, half-wavelength equation 
(Eq 1 in text). The effect of conductor 
diameter on the resistive component of 
the center feed-point impedance is 
shown here also. 
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Broadbanding techniques, such as fanning 
the far ends of a dipole to simulate a coni- 
cal type of dipole, can help broaden the 
SWR response curve. 


Current and Voltage Distribution 


When power is fed to an antenna, the 
current and voltage vary along its length. 
The current is nearly zero (a current node) 
at the ends. The current does not actually 
reach zero at the current nodes, because of 
capacitance at the antenna ends. Insula- 
tors, loops at the antenna ends, and sup- 
port wires all contribute to this capaci- 
tance, which is a!so called the “end effect.” 
In the case of a half-wave antenna there is 
a current maximum (a current loop) at the 
center. 

The opposite is true of the RF voltage. 
That is, there is a voltage loop at the ends, 
and in the case of a half-wave antenna 
there is a voltage minimum (node) at the 
center. The voltage is not zero at its node 
because of the resistance of the antenna, 
which consists of both the RF resistance 
of the wire (ohmic loss resistance) and the 
radiation resistance. The radiation resis- 
tance is the equivalent resistance that 
would dissipate the power the antenna ra- 
diates, with a current flowing in it equal to 
the antenna current at a current loop (maxi- 
mum). The loss resistance of a half-wave 
antenna is ordinarily small, compared with 
the radiation resistance, and can usually 
be neglected for practical purposes. 


Impedance 


The impedance at a given point in the 
antenna is determined by the ratio of the 
voltage to the current at that point. For 
example, if there were 100 V and 1.4 A of 
RF current at a specified point in an an- 
tenna and if they were in phase, the imped- 
ance would be approximately 71 Q. 

Antenna impedance may be either re- 
sistive or complex (that is, containing re- 
sistance and reactance). This will depend 
on whether or not the antenna is resonant 
at the operating frequency. You need to 
know the impedance in order to match the 
feeder to the feedpoint. Some operators 
mistakenly believe that a mismatch, how- 
ever small, is a serious matter. This is not 
true. The importance of a matched line is 
described in detail in the Transmission 
Lines chapter of this book. The signifi- 
cance of a perfect match becomes more 
pronounced only at VHF and higher, 
where feed-line losses are a major factor. 

Some antennas possess a theoretical input 
impedance at the feedpoint close to that of 
certain transmission lines. For example, a 
0.5-А (or half wave) center-fed dipole, 
placed at a correct height above ground, will 
have a feedpoint impedance of approxi- 


mately 75 €2. In such a case it is practical to 
use a 75-Q coaxial or balanced line to feed 
the antenna. But few amateur half-wave di- 
poles actually exhibit a 75-Q impedance. 
This is because at the lower end of the high- 
frequency spectrum the typical height above 
ground is rarely more than !/4 А. The 75-0 
feed-point impedance is most likely to be 
realized in a practical installation when the 
horizontal dipole is approximately '/2, */4 or 
1 wavelength above ground. Coax cable 
having a 50-Q characteristic impedance is 
the most common transmission line used in 
amateur work. 

Fig 20.1 showsthe difference between the 
effects of perfect ground and typical earth at 
low antenna heights. The effect of height on 
the radiation resistance of a horizontal half- 
wave antenna is not drastic so long as the 
height of the antenna is greater than 0.2 À. 
Below this height, while decreasing rapidly 
to zero over perfectly conducting ground, 
the resistance decreases less rapidly with 
height over actual ground. At lower heights 
the resistance stops decreasing at around 
0.15 A, and thereafter increases as height de- 
creases further. The reason for the increas- 
ing resistance is that more and more of the 
induction field of the antenna is absorbed by 
the earth as the height drops below 
Yar. 


Conductor Size 


The impedance of the antenna also de- 
pends on the diameter of the conductor in 
relation to the wavelength, as indicated in 
Fig 20.2. If the diameter of the conductor 
is increased, the capacitance per unit 
length increases and the inductance per 
unit length decreases. Since the radiation 
resistance is affected relatively little, the 
decreased L/C ratio causes the Q of the 
antenna to decrease so that the resonance 
curve becomes less sharp with change in 
frequency. This effect is greater as the 
diameter is increased, and is a property of 
some importance at the very high frequen- 
cies where the wavelength is small. 


Directivity and Gain 


All antennas, even the simplest types, 
exhibit directive effects in that the inten- 
sity of radiation is not the same in all di- 
rections from the antenna. This property 
of radiating more strongly in some direc- 
tions than in others is called the directivity 
of the antenna. 

The gain of an antenna is closely related 
to its directivity. Because directivity is 
based solely on the shape of the directive 
pattern, it does not take into account any 
power losses that may occur in an actual 
antenna system. Gain takes into account 
those losses. 

Gain is usually expressed in decibels, 


and is based on a comparison with a “stan- Table 20.1 


dard” antenna—usually a dipole огап іѕо- Optimum Elevation Angles to Europe 
tropic radiator. An isotropic radiator is a | 
Upper Lower West 


theoretical antenna that would, if placed Band Northeast Southeast Midwest Midwest Coast 


in the center of an imaginary sphere, 40m Бо 3^ ‚одо 7° 3° 
evenly illuminate that sphere with radia- 42m 5° — 6° B 4? 6? 5° 
tion. The isotropic radiator is an unam- 15m 5? ‚7° 8° 5° 6° 
biguous standard, and sois frequently used 17 m 4. E XE a uy e 5° 5° 
as the comparison for gain measurements. 20m 11 9 8° 5° 6° 
: : В : 30m 11? ў 11° 11 . 9 | 8 
- When the standard is the isotropic radiator 49. 15° 15° 14° 14° ^ 12° 
in free space, gain is expressed in dBi. 75m 20° 15° 15° 11° 11° 


When the standard is a dipole, also located г | 
in free space, gain is expressed in dBd. - 
The more the directive pattern is com- Table 20.2 1 

pressed—or focused—the greater the ç 
power gain of the antenna. This is a result 
of power being concentrated in some di- : B 

i | | 5 апа 
rections at the expense of others. The di- 
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rective pattern, and therefore the gain, of He т y | e: | “ 1 Е 
an antenna at a given frequency is deter- 415 m 7° 10° 10° 10° ‚8° 
mined by the size and shape ofthe antenna, 17m 7° 109 . go 10? 5? 
andonits position andorientationrelative . 20m 4° . 10° 9? 10? 9° 
to the Earth. ` 30m 7° 13° 11° 12° g° 
40m 11? 12? 12? 12° 13° 

Elevation Angle 75m 12° 14° 14° 12° 15° 


For HF communication, the vertical(el-  - 
evation) angle of maximum radiationisof ^ Table 20.3 
considerable importance. You will want 
to erect your antenna so that it radiates at 
desirable angles. Tables 20.1, 20.2 and 
20.3 show optimum elevation angles from 


Optimum Elevation Angles to South America 


4 Upper Lower West i 
Band Northeast Southeast Midwest Midwest Coast 


locations in the continental US. These fig- i m в 2 ра A ; os 
ures are based on statistical averages over ү д 5° 5° 7° 4° 8° 
all portions of the solar sunspot cycle. 17m 4° 5° Bo > 3° 7° 
Since low angles usually are most effec- · 20 m 8° 8° 8° 6° 8° 
tive, this generally means that horizontal 30 т 8° 119. 9° ‚9° 9° 
antennas should be high—higher is usually 40m : 10° He 9 XE 10* 
75m: 15? 15? : 13? 14? 14? 


better. Experience shows that satisfactory - 
results can be attained on the bands above 

` 14 MHz with antenna heights between 40 
and 70 ft. Fig 20.3 shows this effect at work 
in horizontal dipole antennas. 


Seawater ` Average Ground 


Imperfect Ground 


Earth conducts, but is far from being a 
perfect conductor. This influences the ra- 


diation pattern of the antennas that we use. 7 CN N \ 
The effect is most pronounced at high ver- Le А EN (X 

tical angles (the ones that we're least in- YEE i YEA D 
terested in for long-distance communica- Elevation Elevation 


tions) for horizontal antennas. The | 0 ap=7.10 asi 7.100 MHz 0 dB=6.05 dBi . 7.100 MHz 


consequences for vertical antennas are 
greatest at low angles, and are quite dra- 
matic as can be clearly seen in Fig 20.4, 


Fig 20.3—Elevation patterns for two 40- Fig 20.4—Elevation patterns for a 


А т dipoles over average ground vertical dipole over sea water 
where the elevation pattern for а 40-m (conductivity of 5 mS/m and dielectric compared to average ground. In each 
vertical half-wave dipole located over constant of 13) at 1/4 А (33 ft) апа 1/2 à case the center of the dipole is just 
average groundiscomparedtoonelocated (66 ft) heights. The higher dipole has a over 1/4 à high. The low-angle response 
over saltwater. At 10? elevation, the salt- peak gain of 7.1 dBi at an elevation is greatly degraded over average 
water antenna has about 7 dB more gain angle of about 26^, while the lower ground compared to sea water, which 
dipole has more response at high is virtually a perfect ground. 


than its landlocked counterpart. 

A vertical antenna may work well at HF 
for a ham living in the area between 
Dallas, Texas and Lincoln, Nebraska. This 
area is pastoral, has low hills, and rich soil. tivity. By contrast a ham living in New poor conductor, may not be satisfied with 
Ground of this type has very good conduc- Hampshire, where the soil is rocky and a the performance of a vertical HF antenna. 


: elevation angles. 
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Dipoles and the Half-Wave Antenna 


A fundamental form of antenna is a wire 
whose length is half the transmitting 
wavelength. Itis the unit from which many 
more complex forms of antennas are con- 
structed and is known as a dipole antenna. 
The length of a half-wave in free space is 


492 
f(MHz) (1) 


The actual length of a resonant '/2-A an- 
tenna will not be exactly equal to the half 
wavelength in space, but depends on the 
thickness of the conductor in relation to 
the wavelength. The relationship is shown 
in Fig 20.2, where K is a factor that must 
be multiplied by the half wavelength in 
free space to obtain the resonant antenna 
length. An additional shortening effect 
occurs with wire antennas supported by 
insulators at the ends because of the ca- 
pacitance added to the system by the insu- 
lators (end effect). The following formula 
is sufficiently accurate for wire antennas 
for frequencies up to 30 MHz. 


Length (ft) = 


Length of half-wave antenna (ft) 


_ 492 x0.95 468 
f(MHz) f(MHz) (2) 

Example: A half-wave antenna for 
7150 kHz (7.15 MHz) is 468/7.15 = 65.45 
ft, or 65 ft 5 inches. 

Above 30 MHz use the following for- 
mulas, particularly for antennas con- 
structed from rod or tubing. K is taken 
from Fig 20.2. 
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Fig 20.5—Response of a dipole antenna 
in free space, where the conductor is 
along 90? to 270? axis, solid line. If the 
currents in the halves of the dipole are 
not in phase, slight distortion of the 
pattern will occur, broken line. This 
illustrates case where balun is not 
used on a balanced antenna fed with 
unbalanced line. 
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Length of half-wave antenna (ft) 


_ 492 х К 
f(MHz) (3) 
: K 
length (in.) = ME (4) 


Example: Find the length of a half-wave 
antenna at 50.1 MHz, if the antenna is 
made of '/2-inch-diameter tubing. At 
50.1 MHz, a half wavelength in space is 
492 


—— = 9.82 ft 
50.1 
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Fig 20.6—At A, elevation response 
pattern of a dipole antenna placed '/; 2 
above a perfectly conducting ground. At 
B, the pattern for the same antenna when 
raised to one wavelength. For both A and 
B, the conductor is coming out of the 
paper at right angle. C shows the 
azimuth patterns of the dipole for the 
two heights at the most-favored 
elevation angle, the solid-line plot for the 
12-2. height at an elevation angle of 30°, 
and the broken-line plot for the 1-4 
height at an elevation angle of 15°. The 
conductor in C lies along 90? to 270? 
axis. 


From equation 1 the ratio of half wave- 
length to conductor diameter (changing 
wavelength to inches) is 


(9.82 x12) 
0.5 inch 


From Fig 20.2, K = 0.965 for this ratio. 
The length of the antenna, from equation 3 is 


= 235.7 


492 x 0.965 
50.1 

or 9 ft 53/4 inches. The answer is ob- 

tained directly in inches by substitution 

in equation 4 


5904 x 0.965 
50.1 

The length of a half-wave antenna is also 
affected by the proximity of the dipole ends 
to nearby conductive and semiconductive 
objects. In practice, it is often necessary to 
do some experimental “pruning” of the wire 
after cutting the antenna to the computed 
length, lengthening or shortening it in incre- 
ments to obtain a low SWR. When the low- 
est SWR is obtained for the desired part of 
an amateur band, the antenna is resonant at 
that frequency. The value of the SWR indi- 
cates the quality of the match between the 
antenna and the feed line. If the lowest SWR 
obtainable is too high for use with solid-state 
rigs, a Transmatch or line-input matching 
network may be used, as described in the 
Transmission Lines and Station Setup 
chapters. 


= 9.48 ft 


= 113.7 inches 


Radiation Characteristics 


The radiation pattern of a dipole antenna 
in free space is strongest at right angles to 
the wire (Fig 20.5). This figure-8 pattern 
appears in the real world if the dipole is 
1/2 À or greater above earth and is not de- 
graded by nearby conductive objects. This 
assumption is based also on a symmetrical 
feed system. In practice, a coaxial feed line 
may distort this pattern slightly, as shown 
in Fig 20.5. Minimum horizontal radiation 
occurs off the ends of the dipole if the 
antenna is parallel to the earth. 

As an antenna is brought closer to 
ground, the elevation pattern peaks at a 
higher elevation angle as shown in 
Fig 20.3. Fig 20.6 illustrates what hap- 
pens to the directional pattern as antenna 
height changes. Fig 20.6C shows that 
there is significant radiation off the ends 
of a low horizontal dipole. For the '/2- 
height (solid line), the radiation off the 
ends is only 7.6 dB lower than that in the 
broadside direction. 


Feed Methods 
Most amateurs use either coax or open- 


wire transmission line. Coax is the com- 
mon choice because it is readily available, 
its characteristic impedance is close to that 
of the antenna and it may be easily routed 
through or along walls and among other 
cables. The disadvantages of coax are in- 
creased RF loss and low working voltage 
(compared to that of open-wire line). Both 
disadvantages make coax a poor choice for 
high-SWR systems. 

Take care when choosing coax. Use 
1/4-inch foam-dielectric cables only for 
low power (25 W or less) HF transmis- 
sions. Solid-dielectric '/4-inch cables are 
okay for 300 W if the SWR is low. For 
high-power installations, use '/2-inch or 
larger cables. 

The most common two-wire transmis- 
sion lines are ladder line and twin lead. 
Since the conductors are not shielded, two- 
wire lines are affected by their environ- 
ment. Use standoffs and insulators to keep 
the line several inches from structures or 
other conductors. Ladder line has very low 
loss (twin lead has a little more), and it can 
stand very high voltages (SWR) as long as 
the insulators are clean. 

Two-wire lines are usually used in bal- 
anced systems, so they should have a balun 
at the transition to an unbalanced trans- 
mitter or coax. A Transmatch will be 
needed to match the line input impedance 
to the transmitter. 


Baluns 


A balun is a device for feeding a bal- 
anced load with an unbalanced line, or vice 
versa (see the Transmission Lines chap- 
ter of this book). Because dipoles are bal- 
anced (electrically symmetrical about 
their feed-points), a balun should be used 
at the feed-point when a dipole is fed with 
coax. When coax feeds a dipole directly 
(as in Fig 20.7), current flows on the out- 
side of the cable shield. The shield can 
conduct RF onto the transmitter chassis 
and induce RF onto metal objects near the 
system. Shield currents can impair the 
function of instruments connected to the 
line (such as SWR meters and SWR-pro- 
tection circuits in the transmitter). The 
shield current also produces some 
feed-line radiation, which changes the 
antenna radiation pattern, and allows ob- 
jects near the cable to affect the antenna- 
system performance. 

The consequences may be negligible: A 
slight skewing of the antenna pattern usu- 
ally goes unnoticed. Or, they may be sig- 
nificant: False SWR readings may cause 
the transmitter to shut down or destroy the 
output transistors; radiating coax near a 
TV feed line may cause strong local inter- 
ference. Therefore, it is better to eliminate 
feed-line radiation whenever possible, and 


a balun should be used at any transition 
between balanced and unbalanced sys- 
tems. (The Transmission Lines chapter 
thoroughly describes baluns and their con- 
struction.) Even so, balanced or unbal- 
anced systems without a balun often oper- 
ate with no apparent problems. For 
temporary or emergency stations, do not 
let the lack of a balun deter you from 
operating. 


Practical Dipolé Antennas 


A classic dipole antenna is !/?-À long and 
fed at the center. The feed-point imped- 
ance is low at the resonant frequency, fo, 
and odd harmonics thereof. The imped- 
ance is high near even harmonics. When 
fed with coax, a classic dipole provides a 
reasonably low SWR at fọ and its odd 
harmonics. 

When fed with ladder line (see 
Fig 20.8A) and a Transmatch, the classic 
dipole should be usable near fọ and all 
harmonic frequencies. (With a wide-range 
Transmatch, it may work on all frequen- 
cies.) If there are problems (such as ex- 
tremely high SWR or evidence of RF on 
objects at the operating position), change 
the feed-line length by adding or subtract- 
ing '/s À at the problem frequency. A few 
such adjustments should yield a workable 
solution. Such a system is sometimes 
called a "center-fed Zepp." A true “Zepp” 
antenna is an end-fed dipole that is 
matched by '/s А of open-wire feed line 
(see Fig 20.8B). The antenna was origi- 
nally used on zeppelins, with the dipole 
trailing from the feeder, which hung from 
the airship cabin. It is intended for use on 
a single band, but should be usable near 
odd harmonics of fọ. 

Most dipoles require a little pruning to 
reach tbe desired resonant frequency. 
Here's a technique to speed the adjust- 
ment. 

How much to prune: When assembling 
the antenna, cut the wire 2 to 396 longer 
than the calculated length and record the 
length. When the antenna is complete, 
raise it to the working height and check 
the SWR at several frequencies. Multiply 
the frequency of the SWR minimum by 
the antenna length and divide the result by 
the desired fg. The result is the finished 
length; trim both ends equally to reach that 
length and you're done. 

Loose ends: Here's another trick, if you 
use nonconductive end support lines. 
When assembling the antenna, mount the 
end insulators in about 5% from the ends. 
Raise the antenna and let the ends hang 
free. Figure how much to prune and cut it 
from the hanging ends. If the pruned ends 
are very long, wrap them around the insu- 
lated line for support. 


- -HALF WAVELENGTH 


SOLDER 


NO. 12 OR 
14 WIRE 


INSULATOR 


INSULATING 
BLOCK 


CLAMP 


75-11 LINE 


Fig 20.7—Method of affixing feed line 
to the center of a dipole antenna. A 
plastic block is used as a center 
insulator. The coax is held in place by 
a clamp. A balun is often used to feed 
dipoles or other balanced antennas to 


' ensure that the radiation pattern is not 


distorted. See text for explanation. 
HALF WAVELENGTH 
P FROM FORMULA 


TS OPEN- WIRE 
FEEDER 


(A) 


HALF WAVELENGTH 
LT FORMULA 


OPEN-WIRE —»- 
FEEDER 


(8) 


Fig 20.8—Center-fed multiband “Zepp” 
antenna (A) and an end-fed Zepp at (B). 


Dipole Orientation 


Dipole antennas need not be installed in 
a horizontal straight line. They are gener- 
ally tolerant of bending, sloping or droop- 
ing as required by the antenna site. Re- 
member, however, that dipole antennas 
are RF conductors. For safety's sake, 
mount all antennas away from conductors 
(especially power lines), combustibles and 
well beyond the reach of passersby. 

A sloping dipole is shown in Fig 20.9. 
This antenna is often used to favor one 
direction (the "forward direction" in the 
figure). With a nonconducting support and 
poor earth, signals off the back are weaker 
than those off the front. With a noncon- 
ducting mast and good earth, the response 
is omnidirectional. There is no gain in any 
direction with a nonconducting mast. 

A conductive support such as a tower 
acts as a parasitic element. (So does the 
coax shield, unless it is routed at 90? from 
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the antenna.) The parasitic effects vary 
with earth quality, support height and 
other conductors on the support (such as a 


“Forward 
Direction" 


Fig 20.9—Example of a sloping '/2-А. 
dipole, or “full sloper.” On the lower HF 
bands, maximum radiation over poor to 
average earth is off the sides and in the 
“forward direction” as indicated, if a 
nonconductive support is used. A 
metal support will alter this pattern by 
acting as a parasitic element. How it 
alters the pattern is a complex issue 
depending on the electrical height of 
the mast, what other antennas are 
located on the mast, and on the 
configuration of guy wires. 


TO 
ANCHOR 


BENT DIPOLE 


TO ANCHOR TO ANCHOR 


BENT OROOPING DIPOLE 
(С) 


Fig 20.11—When limited space is 
available for a dipole antenna, the ends 
can be bent downward as shown at A, 
or back on the radiator as shown at B. 
The inverted V at C can be erected with 
the ends bent parallel with the ground 
when the available supporting 
structure is not high enough. 
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beam at the top). With such variables, 
performance is very difficult to predict. 
Losses increase as the antenna ends 


Wooden Mast 
(or Tree Limb) 


Insulator 


Open- Wire 
Feeder 
(300-600 Q) 


9" to Transmatch 


Multiband "inverted V" 


(A) 


to 
Feed Line 


150 pF | 150 pF 


Transmatch 


(8) 


Fig 20.10—At A, details for an inverted 
V fed with open-wire line for multiband 
HF operation. A Transmatch is shown 
at B, suitable for matching the antenna 
to the transmitter over a wide 
frequency range. The included angle 
between the two legs should be greater 
than 90° for best performance. 


approach the support or the ground. To 
prevent feed-line radiation, route the coax 
away from the feed-point at 90° from the 
antenna, and continue on that line as far as 
possible. 

An Inverted V antenna appears in 
Fig 20.10. While “V” accurately describes 
the shape of this antenna, this antenna 
should not be confused with long-wire V 
antennas, which are highly directive. The 
radiation pattern and dipole impedance 
depend on the apex angle, and it is very 
important that the ends do not come too 
close to lossy ground. 

Bent dipoles may be used where antenna 
space is at a premium. Fig 20.11 shows 
several possibilities; there are many more. 
Bending distorts the radiation pattern 
somewhat and may affect the impedance 
as well, but compromises are acceptable 
when the situation demands them. When 
an antenna bends back on itself (as in 
Fig 20.11B) some of the signal is can- 
celed; avoid this if possible. 

Remember that current produces the 
radiated signal, and current is maximum 
at the dipole center. Therefore, perfor- 
mance is best when the central area of the 
antenna is straight, high and clear of 
nearby objects. Be safe! Keep any bends, 
sags or hanging ends well clear of conduc- 
tors (especially power lines) and combus- 
tibles, and beyond the reach of persons. 


Multiband Dipoles 


There are several ways to construct 
coax-fed multiband dipole systems. These 
techniques apply to dipoles of all orienta- 
tions. Each method requires a little more 
work than a single dipole, but the materi- 
als don’t cost much. 


Coaxial Transmission Line 
(Any Length) 


Fig 20.12—Multiband antenna using paralleled dipoles, all connected to a 
common 50 or 75-Q coax line. The half-wave dimensions may be either for the 
centers of the various bands or selected for favorite frequencies in each band. 
The length of a half wave in feet Is 468/frequency in MHz, but because of 
interaction among the various elements, some pruning for resonance may be 


needed on each band. See text. 


` Parallel dipoles are a simple and conve- 


nient answer. See Fig 20.12. Center-fed 


dipoles present low-impedances near fo, 
or its odd harmonics, and high impedances 


elsewhere. This lets us construct simple - 


multiband systems that automatically se- 
lect the appropriate antenna. Consider a 
50-0 resistor connected in parallel with a 
5-kQ resistor. A generator connected 


across the two resistors will see 49.5 Q,. ' 
and 99% of the current will flow through . 


the. 50-Q resistor. When resonant and 
nonresonant antennas are parallel con- 
nected, the nonresonant antenna takes 
little power and has little effect on the to- 
tal feed-point impedance. Thus, we can 
connect several antennas together at the 
feed-point, and power naturally flows to 
the resonant antenna. 

There are some limits, however. Wires 
in close proximity tend to couple and pro- 


duce mutual inductance. In parallel di- : 


poles, this means that the resonant length 
of the shorter dipoles lengthens a few per- 
cent. Shorter antennas don't affect longer 
. ones much, so adjust for resonance in or- 
der from longest.to shortest. Mutual in- 
ductance also reduces the bandwidth of 
shorter dipoles, so a Transmatch may be 
needed to achieve an acceptable SWR 
across all bands covered. These effects can 
be reduced by spreading the ends of the 
dipoles. ` 

Also, the power-distribution mecha- 
nism requires that only one of the parallel 
dipoles is near resonance on any amateur 


band. Separate dipoles for 80 and 30 т. 


should not be parallel connected because 
the higher band is near an odd harmonic of 
' thelower band (80/3 « 30) and center-fed 
dipoles have low impedance near odd har- 
monics. (The 40 and 15-m bands have a 
similar relationship.) This means that you 


must either accept the lower performance . 


of the low-band antenna operating on a 
harmonic or erect a separate aritenna for 
- those odd-harmonic bands. For example, 
four parallel-connected dipoles cut for 


`80, 40, 20 and 10 m (fed by a single. 


Transmatch and coaxial cable) work 


reasonably on all HF bands from 80 . 


through 10 m. 

Trap dipoles provide multiband opera- 
tion from a coax-fed single-wire dipole. 
Fig 20.13 shows atwo-band trap antenna. 
_ A trap is a parallel-resonant circuit that 
effectively disconnects wire beyond the 
trap at the resonant frequency. Traps may 
be constructed from coiled sections of 
coax or from discrete LC.components. 

Choose capacitors (Cl in the figure) that 
are rated for high current and voltage. 
Mica transmitting capacitors are good. 


Ceramic transmitting capacitors may 
work, but their values may change with 


Fig 20.13—Example of a trap dipole antenna. L1 and C1 can be tuned to the 
desired frequency by means of a dip meter before they are installed in the 


antenna. 


The Trusty Slingshot 


Trees make excellent supports for wire antennas, but how do you get a 
rope over tail branches? Some hams use bows and arrows with good ` 
success, but many prefer a slingshot. Use a short section of leader (2 to 4 ft 
is adequate) between the weight and the line. The leader should be strong: 
enough to withstand the shock of launching the weight, but must be rated at 
less tensile strength than the main line. Then, if the weight wraps around a 
limb or otherwise becomes stuck, pulling on the line will break the leader and 
free the main line. (Often, the weight breaks free and drops to the ground.) 
This arrangement works better than using one continuous piece of line and 
getting the whole mess hopelessly stuck in the tree. 

Use a “Wrist Rocket" or equivalent, with 20 to 25-Ib monofilament line (the 
main line) laid out neatly on the ground. Use an 8 to 12-16 monofilament line 
as the leader, with a 2 to 3-oz teardrop fishing weight. This combination is a 
low-cost method to shoot lines accurately over 100 to 125-ft fir trees. With a 
little patience, a 2 to 3-02 weight is sufficient to drop the line to ground level 
for attachment to support ropes, and so on.—K7FL 


temperature. Use large wire for the induc- 
tors to reduce loss. Any reactance (X, and 
Xc) above 100 Q (at fo) will work, but 
bandwidth increases with reactance (up to 
several thousand ohms). ; 

Check trap resonance before installa- 
tion. This can be done with a dip meter and 
areceiver. To constructa trap antenna, cut 
a dipole forthe highest frequency and con- 
nect the pretuned traps to its ends. It is 
fairly complicated to calculate the addi- 


tional wire needed for each band, so just `` 


add enough wire to make the antenna '/; À 
and prune it as necessary. Because the in- 
ductance in each trap reduces the physical 


-length needed for resonance, the finished 


antenna will be shorter than a simple 1/2-А 
dipole. е 
Shortened Dipoles 


Inductive loading increases the electri- 
cal length of a conductor without increas- 


` ing its physical length. Therefore, we can 


build physically short dipole antennas by 
placing inductors in the antenna. These are 


called “loaded antennas;” and The ARRL : 


Antenna Book shows how to desigri them. 
There are some trade-offs involved: In- 
ductively loaded antennas are less effi- 
cient and have narrower bandwidths than 
full-size antennas. Generally they should 
not be shortened more than 50%. 


à 


Building Dipole Antennas 
.: The purpose of this section is to offer 


` 


information on the actual physical con- 
struction of wire antennas. Because the 
dipole, in one of its configurations, is 
probably the most common amateur wire 
antenna, it is used in the following ex- 
amples. The techniques described here, 
however,. enhance the reliability and 
safety of all wire antennas. 


Wire "- 
. Choosing the right type of wire for the 
project at hand is the key to a successful 
antenna—the kind that works well and - 
stays up through.a winter ice storm or a 
gusty spring wind storm. What gauge of 
wire to use is the first question to settle, 
and the answer depends on strength, ease 
of handling, cost, availability and visibil- 
ity. Generally, antennas that are expected 
to support their own weight, plus the 
weight of the feed line should be made 
from $12 wire. Horizontal dipoles, Zepps, 
some long wires and the like fall into this 
category. Antennas supported in the cen- 
ter, such as inverted-V dipoles and delta | 
loops, may be made from lighter material, 
such as £14 wire—the minimum size 
called for in the National Electrical Code. 
The type of wire to be used is the next 
important decision. Table 30.33 details 
popular wire styles and sizes. The stron- 
gest wire suitable for antenna service is 
copperclad steel, also known as 
copperweld. The copper coating is neces- 
sary for RF service because steel is a rela- 
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tively poor conductor. Practically all of 
the RF current is confined to the copper 
coating because of skin effect. Copper- 
clad steel is outstanding for permanent in- 
stallations, but it can be difficult to work 
with. Kinking, which severely weakens 
the wire, is a constant threat when han- 
dling any solid conductor. Solid-copper 
wire, either hard drawn or soft drawn, is 
another popular material. Easier to handle 
than copper-clad steel, solid copper is 
available in a wide range of sizes. It is 
generally more expensive however, be- 
cause it is all copper. Soft drawn tends to 


Fig 20.14—Some ideas for homemade 
antenna insulators. 


Fig 20.15—Some homemade dipole center insulators. The one is the center 
includes a built-in SO-239 connector. Others are designed for direct connection to 
the feed line. (See the Transmission Lines chapter for details on baluns.) 


Plexiglas “T” 
Antenna Wire 


Antenna Wire 


(Loop through holes) Secure to Plexiglas with 


Electrica! Tape 


450-ohm Ladder Line 


To Antenna Tuner 


Fig 20.16—A piece of cut Plexiglas can be used as a center insulator and to 
support a ladder-line feeder. The Plexiglas acts to reduce the flexing of the wires 
where they connect to the antenna. 
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stretch under tension, so periodic pruning 
of the antenna may be necessary in some 
cases. Enamel-coated magnet-wire is a 
good choice for experimental antennas 
because it is easy to manage, and the coat- 
ing protects the wire from the weather. 
Although it stretches under tension, the 
wire may be prestretched before final in- 
stallation and adjustment. A local electric 
motor rebuilder might be a good source 
for magnet wire. 

Hook-up wire, speaker wire or even ac 
lamp cord are suitable for temporary in- 
stallations. Almost any copper wire may 
be used, as long as it is strong enough for 
the demands of the installation. Steel wire 
is a poor conductor at RF; avoid it. 

It matters not (in the HF region at least) 
whether the wire chosen is insulated or 
bare. If insulated wire is used, a 3 to 5% 
shortening beyond the standard 468/f 
length will be required to obtain resonance 
at the desired frequency, because of the 
increased distributed capacitance result- 
ing from the dielectric constant of the plas- 
tic insulating material. The actual length 
for resonance must be determined experi- 
mentally by pruning and measuring be- 
cause the dielectric constant of the insu- 
lating material varies from wire to wire. 
Wires that might come into contact with 
humans or animals should be insulated to 
reduce the chance of shock or burns. 


Insulators 


Wire antennas must be insulated at the 
ends. Commercially available insulators are 
made from ceramic, glass or plastic. Insula- 
tors are available from many Amateur Radio 
dealers. Radio Shack and local hardware 
stores are other possible sources. 

Acceptable homemade insulators may 
be fashioned from a variety of material 
including (but not limited to) acrylic sheet 
or rod, PVC tubing, wood, fiberglass rod 
or even stiff plastic from a discarded con- 
tainer. Fig 20.14 shows some homemade 
insulators. Ceramic or glass insulators will 
usually outlast the wire, so they are highly 
recommended for a safe, reliable, perma- 
nent installation. Other materials may tear 
under stress or break down in the presence 
of sunlight. Many types of plastic do not 
weather well. 

Many wire antennas require an insula- 
tor at the feedpoint. Although there are 
many ways to connect the feed line, there 
are a few things to keep in mind. If you 
feed your antenna with coaxial cable, you 
have two choices. You can install an 
SO-239 connector on the center insulator 
and use a PL-259 on the end of your coax, 
or you can separate the center conductor 
from the braid and connect the feed line 
directly to the antenna wire. Although it 
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be sealed to keep 
moisture out of coax. 
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Fig 20.17—Details of dipole antenna construction. The end insulator connection is shown at A, while B illustrates the 
completed antenna. This is a balanced antenna and is often fed with a balun. 


costs less to connect direct, the use of con- 
nectors offers several advantages. 

Coaxial cable braid soaks up water like a 
sponge. If you do not adequately seal the 
antenna end of the feed line, water will find 
its way into the braid. Water in the feed line 
will lead to contamination, rendering the 
coax useless long before its normal lifetime 
is up. It is not uncommon for water to drip 
from the end of the coax inside the shack 
after a year or so of service if the antenna 
connection is not properly waterproofed. 
Use of a PL-259/SO-239 combination (or 
connector of your choice) makes the task of 
waterproofing connections much easier. 
Another advantage to using the PL-259/SO- 
239 combination is that feed line replace- 
mentis much easier, should that become nec- 
essary. 

Whether you use coaxial cable, ladder 
line, or twin lead to feed your antenna, an 
often-overlooked consideration is the 
mechanical strength of the connection. 
Wire antennas and feed lines tend to move 
a lot in the breeze, and unless the feed line 
is attached securely, the connection will 
weaken with time. The resulting failure 
can range from a frustrating intermittent 
electrical connection to a complete sepa- 
ration of feed line and antenna. Fig 20.15 
illustrates several different ways of attach- 
ing the feed line to the antenna. An idea 
for supporting ladder line is shown in 
Fig 20.16. 


Putting It Together 


Fig 20.17 shows details of antenna con- 
struction. Although a dipole is used for the 
examples, the techniques illustrated here 
apply to any type of wire antenna. 
Table 20.5 shows dipole lengths for the 
amateur HF bands. 

How well you put the pieces together is 
second only to the ultimate strength of the 
materials used in determining how well 
your antenna will work over the long term. 
Even the smallest details, such as how you 
connect the wire to the insulators 
(Fig 20.17A), contribute significantly to 
antenna longevity. By using plenty of wire 
at the insulator and wrapping it tightly, you 
will decrease the possibility of the wire 
pulling loose in the wind. There is no need 
to solder the wire once it is wrapped. There 
is no electrical connection here, only me- 
chanical. The high heat needed for solder- 
ing can anneal the wire, significantly 
weakening it at the solder point. 

Similarly, the feed-line connection at 
the center insulator should be made to the 
antenna wires after they have been secured 
to the insulator (Fig 20.17B). This way, 
you will be assured of a good electrical 
connection between the antenna and feed 
line without compromising the mechani- 
cal strength. Do a good job of soldering 
the antenna and feed-line connections. 
Use a heavy iron or a torch, and be sure to 


Table 20.5 


Dipole Dimensions for Amateur 
Bands 


Freq Overall Leg 
MHz Length Length 
28.44 16' 6" 8' 3" 
211 22 2" 11' 1" 
18.1 25' 10" 12' 11" 


141 33' 2" 16° 7" 
10.1 46' 4" 23' 2" 
65' 10" 32' 11" 
130' 0" 65' 0" 


clean the materials thoroughly before 
starting the job. Proper planning should 
allow you to solder indoors at a work- 
bench, where the best possible joints may 
be made. Poorly soldered or unsoldered 
connections will become headaches as the 
wire oxidizes and the electrical integrity 
degrades with time. Besides degrading 
your antenna performance, poorly made 
joints can even be a cause of ТУ] because 
of rectification. Spray paint the connec- 
tions with acrylic for waterproofing. 

If made from the right materials, the 
dipole should give a builder years of main- 
tenance-free service—unless of course a 
tree falls on it. As you build your antenna, 
keep in mind that if you get it right the first 
time, you won’t have to do it again for a 
long time. 
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А 135-ЕТ MULTIBAND CENTER-FED DIPOLE 


An 80-m dipole fed with ladder line is a 
versatile antenna. If you add a wide-range 
matching network, you have a low-cost 
antenna system that works well across the 
entire HF spectrum. Countless hams have 
used one of these in single-antenna sta- 
tions and for Field Day operations. 

For best results place the antenna as 
high as you can, and keep the antenna and 
ladder line clear of metal and other con- 
ductive objects. Despite significant SWR 
on some bands, system losses are low. (See 
the Transmission Lines chapter.) You 
can make the dipole horizontal, or you can 


20° Elevation 


0 dB=0.57 dBi 3.800 MHz 


Elevation 


0 dB=6.62 dBi 3.800 MHz 


(8) 


= = = = Inv. V Configuration 
Flottop Configuration 


Fig 20.18—Patterns on 80 m for 135-ft, 
center-fed dipole erected as a 
horizontal dipole at 50 ft, and as an 
inverted V with the center at 50 ft and 
the ends at 10 ft. The azimuth pattern is 
shown at A, where conductor lies in 0° 
to 180° plane. The elevation pattern is 
shown at B, where conductor comes 
out of paper at right angle. At the 
fundamental frequency the patterns are 
not markedly different. 
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install in as an inverted V. ARRL staff 
analyzed a 135-ft dipole at 50 ft above 
typical ground and compared that to an 
inverted V with the center at 50 ft, and the 
ends at 10 ft. The results show that on the 
80-m band, it won’t make much difference 
which configuration you choose. (See 
Fig 20.18.) The inverted V exhibits addi- 
tional losses because of its proximity to 
ground. 

Fig 20.19 shows a comparison between 


10° Elevation 


0 dB=6.95 dBi 14.100 MHz 


AS d 


At Azimuths for Max. Gain 
О dB=9.40 dBi 


SS 


14.100 MHz 
(в) 


= - = - №2 Dipole at 50' 
135' Flattop at 50’ 


Fig 20.19—Patterns on 20 m comparing 
a standard '/- dipole and a multiband 
135-ft dipole. Both are mounted 
horizontally at 50 ft. The azimuth 
pattern is shown at A, where 
conductors lie in 0? to 180? plane. The 
elevation pattern is shown at B. The 
longer antenna has four azimuthal 
lobes, centered at 35°, 145°, 215°, and 
325°. Each is about 2 dB stronger than 
the main lobes of the '/- dipole. The 
elevation pattern of the 135-ft dipole is 
for one of the four maximum-gain 
azimuth lobes, while the elevation 
pattern for the ‘/2-A dipole is for the 0° 
azimuthal point. 


a 20-m flat-top dipole and the 135-ft flat- 
top dipole when both are placed at 50 ft 
above ground. At a 10? elevation angle, 
the 135-ft dipole has a gain advantage. 
This advantage comes at the cost of two 
deep, but narrow, nulls that are broadside 
to the wire. 

Fig 20.20 compares the 135-ft dipole to 
the inverted-V configuration of the same 
antenna on 14.1 MHz. Notice that the in- 
verted-V pattern is essentially omnidirec- 


10° Elevation 


О dB=6.95 dBi 14.100 MHz 


Elevation 
At Azimuths for Max. Gain 


0 dB=9.40 dBi 14.100 MHz 
(8) 


== = — Inv. V Configuration 
Flattop Configuration 


Fig 20.20—Patterns on 20 m for two 
135-ft dipoles. One is mounted 
horizontally as a flat-top and the other 
as an inverted V with 120° included 
angle between the two legs. The 
azimuth pattern is shown at A, and the 
elevation pattern is shown at B. The 
inverted V has about 6 dB less gain at 
the peak azimuths, but has a more 
uniform, almost omnidirectional, 
azimuthal pattern. In the elevation 
plane, the inverted V has a fat lobe 
overhead, making it a somewhat better 
antenna for local communication, but 
not quite so good for DX contacts at 
low elevation angles. 


tional. That comes at the cost of gain, 
which is less than that for a horizontal] flat- 
top dipole. | 
As expected, patterns become more 
complicated at 28.4 MHz. As you can see 
in Fig 20.21, the inverted V has the advan- 
tage of a pattern with slight nulls, but with 
reduced gain compared to the flat-top con- 


DOUBLET ANTENNAS 


and the element diameter. 


certain size. . ; 


COMPUTER-AIDED DESIGN OF 


By Richard Ellers, K8JLK, 426 Central Pkwy, SE, 


0 I’ve devised a BASIC program! you can use to design shortened doublet 
(dipole) antennas, using loading coils of known inductance.’The program 
uses common BASIC commands and should run as-is on any IBM PC- 
compatible or Apple Il personal computer. This program is an offshoot and ' 
adaptation of previously published charts, a formula and a BASIC program.: 
The charts and formula, published in QST,2 and the original BASIC program, . 
published in CQ,3 were devised to calculate the inductances required to . 
resonate a short doublet, given the overall antenna length, the coil spacing 


. The development of my program began when | decided to. build a 2- | 
element phased array of short doublets, using four surplus mobile coils l'a . 
bought at a hamfest. Checking through my ham magazines, | found Dick EN fer 
(K5QY) Sander’s ingenious BASIC version of Jerry Hall’s (then K1PLP; now .-|.- 
K1TD) comprehensive work on the design of off-center-loaded antennas. 
However, | was in the opposite position:./ had the inductance values in hand 
and needed instead to figure where to place the coils in an antenna of a . 


| Not being very adept at higher math, | didn't even attempt to rewrite. 
Jerry's formula or K5QY's program. Instead, | revised K5QY's program by 
| adding a computer routine known as a binary search. Although more often 
used to seek data in large files, my program uses a binary search.as a form 
of computerized empirical determination (more commonly known as cut-and- , 
try). The search is accurate—and rapid. In just seconds, the routine finds : 
the coil spacing that matches the desired antenna to the existing inductance. 
| wrote the program to find the coil spacing for a single antenna (and for a 
series of 10 antennas) between two specified lengths. Incidentally, because 
, the program actually calculates the center-to-coil distance (as did K5QY’s 
version), it can be used to design short vertical antennas, but you must.enter 
: twice the desired overall length. As with KSQY’s program, mine handles 
antenna elements of wire or tubing, the diameters being entered in decimal 
| fractions of an inch where necessary. To keep the program short and simple, 
| omitted K5QY's optional wire table. (You can find such a wire table in 
Chapter 24, Component Data, or use the following as a guide: 22-gauge 
wire has a diameter of 0.025 inch; 10-gauge wire's diameter is 0.101 inch.) · | 
Program error traps catch (and explain) parameter combinations that don't ^ 
match the given. inductor.,One trap catches dimensions that would normally 
put the program in an endless loop. l've tested my program for many . 
configurations and frequencies using inductances first determined by 
K5QY’s program: The results matched every time. . 


'The disk that accompanies this book contains ASCII QBASIC files for ` 
IBM-compatible computers in file ELLERS.EXE. — . | 

?J. Hall, “Off-Center-Loaded Antennas,” QST, Sep 1974, pp 28-34 and 58... | 

3D. Sander, “A Computer Designed Loaded Dipole Antenna,” CQ, Dec 1981, p 44. .' 


figuration. - 

Installed horizontally, or as an inverted 
V, the 135-ft center-fed dipole is a simple 
antenna that works’ well from 3.5 to 
30 MHz. Bandswitching is handled by a 


: Transmatch that is located near your oper- 


ating position. 


LOADED SHORT- 


Warren, OH 44483-6213 


5° Elevation | 
О dB=8.01 dBi 


0 
f Elevation 
At, Azimuths for Max. Gain 


0 dB=10.50 dBi ' 28.400 MHz 


Fig 20.21—Patterns on 10 m for 135-ft - 
dipole mounted horizontally and as an 


inverted V, as in Fig 20.20. The azimuth 


pattern is shown at A, and the elevation 
pattern is shown at B. Once again, the 
inverted-V configuration yields a more 
omnidirectional pattern, but at the 
expense of almost 8 dB less gain than 
the flat-top configuration at its 


strongest lobes. 
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AN EXTENDED DOUBLE ZEPP FOR 12 M 


This antenna was first described in 
December 1987 and December 1988 QST. 
The author is John J. Reh, K7KGP. 

Zepp—short for Zeppelin—is a term 
applied to just about any resonant antenna 
end-fed by ladder line. Double, in this 
case, means a center-fed antenna. The 
extended version of this antenna, although 
an old-fashion design, provides 3-dB gain 
over a dipole—quite suitable for modern 
amateur needs. The extended double Zepp 
(EDZ) consists of two collinear 0.64-A 
elements fed in phase. Fig 20.22 shows 
current distribution in an EDZ antenna, 


Fig 20.22—The extended double Zepp 
(EDZ) antenna consists of two 0.64-). 
elements fed in phase. 


NO. 14 STRANDED 
COPPER WIRE 


450-0 
OPEN- WIRE LINE 


and Fig 20.23 shows its directivity pattern 
in free space. 

Fig 20.24 shows the configuration of 
the 12-m version, cut for 24.950 MHz. 
Each element is 25 ft, 3 inches long, and 
consists of #14 stranded copper wire. The 
antenna elements are center fed by a short 
matching section made of a 5-ft, 5-inch 


Fig 20.23—Horizontal directivity pattern 
for an extended double Zepp antenna 
in free space. Relative to a '/-À dipole, 
it exhibits a gain of approximately 3 
dB. The antenna elements lie along the 
90? to 270? axis. 


52- 0 COAX, 
ANY LENGTH 


Fig 20.24—The extended double Zepp used at K7KGP, cut for 24.950 MHz. The 
450-Q matching section transforms the calculated input impedance (142 — /555 О) 
to 55 Q (measured) for connection to 52-Q coaxial cable by means of a 1:1 balun. 
The electrical length of the matching section is 52°; the linear dimension shown In 
the drawing assumes 450-0 line with a velocity factor of 0.95. 
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length of 450-Q ladder line. Connection to 
а 50-0 coaxial feel line is made by means 
of a 1:1 balun transformer. 


Matching Section 


The ladder-line matching section is 52 
electrical degrees long (0.145 А). The 
matching section transforms the EDZ's 
input impedance to about 55 О, as mea- 
sured with a noise bridge. The matching- 
section dimension given in Fig 20.24 as- 
sumes a velocity factor of 0.95 for the 
450-Q ladder line. 

Trimming the matching section to size 
is the only adjustment necessary with the 
EDZ. Make the transformer a little long to 
begin with, and shorten it an inch or two at 
a time to bring the system into resonance. 
You can check resonance with a noise 
bridge or by monitoring the SWR. 


Building an EDZ for Other Bands 


You can scale the antenna dimensions 
given in Fig 20.24 in order to use this de- 
sign on other bands. The length of each 
leg, or side, of the antenna (in ft) can be 
derived by dividing 630 by the frequency 
in MHz. The matching section (in ft) is 
approximately 135 divided by the fre- 
quency in MHz. Table 20.6 gives dimen- 
sions for several amateur bands. 


Table 20.6 


EDZ Dimensions for Amateur 
Bands 


Freq Leg Matching 
MHz Length Section 
28.44  22' 2" 4 9 
21.1  29' 10" 6' 5" 
18.1  34' 10" 7T 6" 
14.1 44' 8" 9 7 
10.1 62' 5" 13 5" 
7.1 88' 8" 19' 

3.6 175 37 7' 


———— 


A TRAP DIPOLE FOR 40, 80 AND 160 M 


This antenna was designed for amateurs 
with limited space who also wanted to 
operate the low bands. It was first de- 
scribed in July 1992 QST by A. C. Buxton, 
WS8NX, and features innovative coaxial- 
cable traps. 

Fig 20.25 shows the antenna layout; 
it is resonant at 1.865, 3.825, and 
7.225 MHz. The antenna is made of #14 
stranded wire and two pairs of coaxial 
traps. Construction is conventional in 
most respects, except for the high induc- 
tance-to-capacitance (L/C) ratio that re- 
sults from the unique trap construction. 

The traps use two series-connected coil 
layers, wound in the same direction using 
RG-58 coaxial cable's center conductor, 
together with the insulation over the cen- 
ter conductor. The black outer jacket from 
the cable is stripped and discarded. The 
shield braid is also removed from the cable 
(pushing is easier than pulling the shield 
off). No doubt you will want to save the 


11 Feet 


18.3 Feet 


3.8-MHz 
Trap 


7—MHz 
Trap 


braid for use in other projects. RG-58 with 
a stranded center conductor is best for this 
project. Fig 20.26 shows the traps. The 
3.8-MHz trap is shown with the weather- 
proofing cover of electrical tape removed 
to show construction details. 


Precautions and Trap Specifications 


With this trap-winding configuration, 
there are two thicknesses of coax dielec- 
tric material between adjacent turns, 
which doubles the breakdown voltage of 
the traps. The transformer action of the 
two windings gives a second doubling of 
the trap-voltage rating, bringing it to 
5.6 kV. 

The 7-MHz traps have 33 uH of induc- 
tance and 15 pF of capacitance, and the 
3.8-MHz traps have 74 uH of inductance 
and 24 pF of capacitance. The trap Qs are 
over 170 at their design frequencies. 

These traps are suitable for high-power 
operation. Do not use RG-8X or any other 


1:1 Balun or 


Center Insulator 
32.2 Feet 


Feed Line 
to Radio 


foam-dielectric cable for making the traps. 
Breakdown voltage is less for foam dielec- 
tric, and the center conductor tends to 
migrate through the foam when there is a 
short turn radius. 

Loading caused by the traps causes a 
reduced bandwidth for any trap dipole 
compared to a half-wave dipole. This an- 
tenna covers 65 kHz of 160 m, 75 kHz of 
80 m, and the entire 40-m band with less 
2:1 SWR. 


Construction 


Although these traps are similar in many 
ways to other coaxial-cable traps, the 
shield winding of the common coax-cable 
trap has been replaced by a top winding 
that fits snugly into the grooves formed by 
the bottom layer. Capacitance is reduced 
to 7.1 pF per ft, compared to 28.5 pF per ft 
with conventional coax traps made from 
RG-58. Trap reactance can be up to four 
times greater than that provided by con- 


11 Feet 18.3 Feet 


7~MHz 
Trap 


3.8—-MHz 
Trap 


Fig 20.25—The W8NX trap dipole resonates in the SSB portions of the 40, 80 and 160-m bands. The antenna is 124 ft long. 


(A) 


(B) 


Fig 20.26—The W8NX coaxial-cable 
traps use two layered windings in 
series to provide an unusually high 
inductance-to-capacitance ratio, higher 
Q, and twice the breakdown voltage of 
single-layer traps. At A is shown an 
inside view of a W8NX two-layer trap, 
showing how the windings enter and 
exit the form. Two holes at each end of 
the PVC form pass the windings in and 
out of the form. At B, an outside view 
of a partially assembled W8NX trap. 
The bottom winding starts at hole “1” 
and reenters the form just below the 
"EXIT" hole. The wire then comes back 
through the inside of the form to hole 
*2," where it comes back out to make 
the second winding in the same 
direction, on top of the first. It reenters 
the form at the "EXIT" hole. The black 
electrical tape holds the bottom 
winding in place from spreading as you 
wind the top layer over it. Other holes 
drilled in the ends of the form provide 
convenient points for the antenna 
wires to connect mechanically to the 
traps. 
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ventional coax-cable traps. 

The coil forms are cut from PVC pipe. 
The 7-MHz trap form is made from 2-inch- 
ID pipe with an outer diameter of 
2.375 inches. The 3.8-MHz trap form is 
made from 3-inch pipe with an outer di- 
ameter of 3.5 inches. The 7-MHz trap uses 
a 12.3-turn bottom winding and an 11.4- 
turn top winding. The 3.8-MHz trap uses a 
14.3-turn bottom winding and a 13.4-turn 
top winding. All turns are close wound. 
The 40-m trap frequency is 7.17 MHz and 
the 80-m trap frequency is 3.85 MHz. 


Use a #30 (0.128-inch) diameter drill 
for the feed-through holes in the PVC coil 
forms. The start and end holes of the 
7-MHz traps are spaced 1.44 inches cen- 
ter to center, measured parallel to the trap 
center line. The holes in the 3.8- MHz traps 
are 1.66 inches apart. Wind the traps with 
a single length of coax center conductor. 
The lengths are 17.55 ft for the 7-MHz 
traps and 28.45 ft for the 3.8- MHz traps. 
These lengths include the trap pigtails and 
a few inches for fine tuning. 

Use electrical tape to keep the turns of 


the inner-layer winding closely spaced 
during the winding process. This counter- 
acts the tendency of the tension in the 
outer-layer winding to spread the bottom- 
layer turns. Stick the tape strips directly to 
the coil form before winding and then 
tightly loop them over and around the bot- 
tom layer before winding the outer layer. 
Use six or more tape strips for each trap. 
Other smaller holes may be drilled in the 
ends of the traps to provide a place for the 
antenna wires to make secure mechanical 
connections to the traps. 


80-M BROADBAND DIPOLE WITH COAXIAL RESONATOR MATCH 


This material has been condensed from 
an article by Frank Witt, AHH, that ap- 
peared in April 1989 QST. A full technical 
description appears in The ARRL Antenna 
Compendium, Volume 2. 

Fig 20.27 shows the detailed dimen- 
sions of the 3.5-MHz coaxial resonator 
match broadband dipole. Notice that the 
coax is an electrical quarter wavelength, 
has a short at one end, an open at the other 
end, a strategically placed crossover, and 
is fed at a tee junction. (The crossover is 
made by connecting the shield of one coax 
segment to the center conductor of the 
adjacent segment and by connecting the 
remaining center conductor and shield in a 
similar way.) At AI1H, the antenna is con- 
structed as an inverted-V dipole with a 
110? included angle and an apex at 60-ft. 
The measured SWR vs frequency is shown 
in Fig 20.28. Also in Fig 20.28 is the SWR 
characteristic for an uncompensated in- 
verted-V dipole made from the same 
materials and positioned exactly as was 
the broadband version. 

The antenna is made from RG-8 coaxial 
cable and #14 AWG wire, and is fed with 
50-Q coax. The coax should be cut so that 
the stub lengths of Fig 20.27 are within 
1/2 inch of the specified values. PVC plas- 
tic pipe couplings and SO-239 UHF chas- 
sis connectors can be used to make the T 
and crossover connections, as shown in 
Fig 20.29 at A and B. Alternatively, a stan- 
dard UHF T connector and coupler can be 
used for the T, and the crossover may be a 
soldered connection (Fig 20.29C). Witt 
used RG-8 because of its ready availabil- 
ity, physical strength, power handling ca- 
pability and moderate loss. 

Cut the wire ends of the dipole about 
three ft longer than the lengths given in 
Fig 20.27. If there is a tilt in the 
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Fig 20.27—Coaxial-resonator-match broadband dipole for 3.5 MHz. The coax 
segment lengths total 1/4 à. The overall length is the same as that of a 


conventional inverted-V dipole. 


3.7 


3.8 


FREQUENCY (MHz) 


Fig 20.28—The measured SWR performance of the antenna of Fig 20.27, curve A. 
Also shown for comparison is the SWR of the same dipole without compensation, 


curve B. 
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y DIPOLE (CD) 
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Fig 20.29—T and crossover construction. At A, a 2-inch 
PVC pipe coupling can be used for the T, and at B, a 1-inch 
coupling for the crossover. These sizes are the nominal 
inside diameters of the PVC pipe which is normally used 
with the couplings. The T could be made from standard 
UHF hardware (an M-358 T and a PL-258 coupler). An 
alternative construction for the crossover is shown at C, 
where a direct solder connection is made. 


CROSSOVER 


z^ i- 


Xie 


(b) 


Fig 20.31—Evolution of the coaxial-resonator-match 
broadband dipole. At A, the resonant transformer is used to 
match the feed line to the off-center-fed dipole. The match 
and dipole are made collinear at B. At C, the balanced 
transmission-line resonator/transformer of A and B is 


Fig 20.30—Dipole matching methods. At A, the T replaced by a coaxial version. Because the shield of the 
match; at B, the gamma match; at C, the coaxial coax can serve as a part of the dipole radiator, the wire 
resonator match. adjacent to the coax match may be eliminated, D. 
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SWR-frequency curve when the antenna 
is first built, it may be “flattened” to look 
like the shape given in Fig 20.28 by in- 
creasing or decreasing the wire length. 
Each end should be lengthened or short- 
ened by the same amount. 

A word of caution: If the coaxial cable 
chosen is not RG-8 or equivalent, the di- 
mensions will need to be modified. The 
following cable types have about the same 
characteristic impedance, loss and veloc- 
ity factor as RG-8 and could be substi- 
tuted: RG-8A, RG-10, RG-10A, RG-213 
and RG-215. If the Q of the dipole is par- 
ticularly high or the radiation resistance is 
unusually low because of different ground 
characteristics, antenna height, surround- 
ing objects and so on, then different seg- 
ment lengths will be required. In fact, if 
the dipole Q is too high, broadbanding is 
possible, but an SWR under 2:1 over the 
whole band cannot be achieved. 

What is the performance of this broad- 
band antenna relative to that of a conven- 
tional inverted-V dipole? Apart from the 
slight loss (about 1 dB at band edges, less 
elsewhere) because of the nonideal match- 
ing network, the broadband version will 
behave essentially the same as a dipole cut 
for the frequency of interest. That is, the 
radiation patterns for the two cases will be 
virtually the same. In reality, the dipole 
itself is not “broadband,” but the coaxial 
resonator match provides a broadband 
match between the transmission line and 
the dipole antenna. This match is a remark- 
ably simple way to broaden the SWR re- 
sponse of a dipole. 


The Coaxial Resonator Match 


The coaxial resonator match performs 
the same function as the T match and the 
gamma match; that is, matching a trans- 
mission line to a resonant dipole. These 
familiar matching devices as well as the 
coaxial resonator match are shown in 
Fig 20.30. The coaxial resonator match 
has some similarity to the gamma match in 
that it allows connection of the shield of 
the coaxial feed line to the center of the 
dipole, and it feeds the dipole off center. 
The coaxial resonator match has a further 
advantage: It can be used to broadband the 
antenna system while it is providing an 
impedance match. 

The coaxial resonator match is a reso- 
nant transformer made from a quarter- 
wave long piece of coaxial cable. It is 
based on a technique used at VHF and 
UHF to realize a low-loss impedance 
transformation. 


The Coaxial Resonator Match 
Broadband Dipole 


Fig 20.31 shows the evolution of the 
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broadband dipole. Now it becomes clear 
why coaxial cable is used for the quarter- 
wave resonator/transformer; interaction 
between the dipole and the matching net- 
work is minimized. The effective dipole 
feedpoint is located at the crossover. In 
effect, the match is physically located “in- 
side” the dipole. Currents flowing on the 
inside of the shield of the coax are associ- 
ated with the resonator; currents flowing 
on the outside of the shield of the coax are 
the usual dipole currents. Skin effect pro- 
vides a degree of isolation and allows the 
coax to perform its dual function. The wire 
extensions at each end make up the re- 
mainder of the dipole, making the overall 
length equal to one half-wave. 

A useful feature of an antenna using the 


coaxial resonator match is that the entire 
antenna is at the same dc potential as the 
feed line, thereby avoiding charge buildup 
on the antenna. Hence, noise and the po- 
tential of lightning damage are reduced. 


A Model for DXers 


The design of Fig 20.27 may be modi- 
fied to yield a “3.5-MHz DX Special." In 
this case the band extends from 3.5 MHz 
to 3.85 MHz. Over that band the SWR is 
better than 1.6:1 and the matching network 
loss is less than 0.75 dB. See Fig 20.32 for 
measured performance of a 3.5-MHz DX 
Special built and used by Ed Parsons, 
KITR. Design dimensions for the DX Spe- 
cial are given in Fig 20.33. 
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Fig 20.32—Measured SWR performance of the 3.5-MHz DX Special, curve A. Note 
the substantial broadbanding relative to a conventional uncompensated dipole, 


curve B. 


Fig 20.33—Dimensions for the 3.5-MHz DX Special, an antenna optimized for the 
phone and CW DX portions of the 3.5-MHz band. 


A 40-M AND 15-M DUAL-BAND DIPOLE 


Two popular ham bands, especially for 
Novice and Technician class operators, 
are those at 7 and 21 MHz. As mentioned 
earlier, dipoles have harmonic resonances 
at odd multiples of their fundamental reso- 
nances. Because 21 MHz is the third har- 
monic of 7 MHz, 7-MHz dipoles are har- 
monically resonant in the popular ham 
band at 21 MHz. This is attractive because 
it allows you to install a 40-m dipole, feed 
it with coax, and use it without an antenna 
tuner on both 40 and 15 m. 

But there’s a catch: The third harmonic 
of the Novice 40-m allocation (7100- 
7150 kHz) begins at 21,300 kHz; yet the 
Novice segment of 15m is 21,100- 
21,200 kHz. As a result of this and other 
effects, a 40-m dipole does not provide a 
low SWR in the 40 and 15-m Novice seg- 
ments without a tuner. 

An easy fix for this, as shown in 
Fig 20.34, is to capacitively load the 


antenna about a quarter wavelength (at 
21.1 MHz) away from the feedpoint in 
both wires. Known as capacitance hats, 
the simple loading wires shown lower the 
antenna’s resonant frequency on 15 m 
without substantially affecting resonance 
on 40 m. 

To put this scheme to use, first measure, 
cut and adjust the dipole to resonance at 
the desired 40-m frequency. Then, cut two 
2-ft-long pieces of stiff wire (such as #12 
or #14 house wire) and solder the ends of 
each one together to form two loops. Twist 
the loops in the middle to form figure-8s, 
and strip and solder the wires where they 
cross. Install these capacitance hats on the 
dipole by stripping the antenna wire (if 
necessary) and soldering the hats to the 
dipole about a third of the way out from 
the feedpoint (placement isn’t critical) on 
each wire. To resonate the antenna on 
15 m, adjust the loop shapes (not while 


A RESONANT FEED-LINE DIPOLE 


This antenna, first described by James 
Taylor, W2OZH in August 1991 QST, uses 
a section of the feed line as part of the 
antenna. Taylor's design takes advantage 
of the fact that separate currents can flow 
on the inside and outside of the shield of a 
coaxial cable. Current flows from the feed- 
point back along the outside of the coax’s 
shield. At '/s А from the feedpoint, an RF 
choke effectively stops current flow, and 
thus the dipole is formed. 

The antenna, also known as an RFD, is 


1/2 RG-8 or Mini-8 
Coaxial Cable 
(approx. 118') 


to 
Station 


shown in Fig 20.35. Dipole dimensions 
can be taken from Table 20.5. Length of 
coax and number of turns for the choke are 
given in Table 20.7. 

The RFD has the advantage of being end 
fed. That means no feed line supported by 
the antenna. This makes it easy to erect, 
and makes the RFD particularly handy for 
portable operation. Like any dipole, the 
RFD should be installed as high, and in the 
clear, as possible. 


T Choke 
Coaxial Cable 
Coiled on Coil Form 
13 Turns, 6" Diam 


you're transmitting!) until the SWR is 
acceptable in the desired segment of the 
15-m band. 


1/2 — Wavelength 
40 —M Dipole 


F— 


Capacitance Hats 
(2 places) 
(see text) 
1/4 Wavelength 
ot 21.1 MHz 


Fig 20.34—Figure-8-shaped 
capacitance hats made and placed as 
described in the text, can make your 
40-m dipole resonate anywhere you like 
in the 15-m band. 


Table 20.7 
Choke Dimensions for RFD Antenna 
Freq RG-213, RG-8 RG-58 
3.5 22 ft, 8 turns 20 ft, 6-8 turns 
7 22 ft, 10 turns 15 ft, 6 turns 
10 12 ft, 10 turns 10 ft, 7 turns 
14 10 ft, 4 turns 8 ft, 8 turns 
21 8 ft, 6-8 turns 6 ft, 8 turns 


28 6 ft, 6-8 turns 4 ft, 6-8 turns 
Wind the indicated length of coaxial feed 
line into a coil (like a coil of rope) and 
secure with electrical tape. Lengths are 
not highly critical. 


Antenna Wire 


(No. 12 Stranded or Copperweld) 


1/4 (approx. 59’) a= ee 1/4 (approx. 59‘) EN 


Center of Dipole 


Distance Adjusted 
for Resonance 
(approx. 25" ) 


(potted in Epoxy) 


Fig 20.35—The RFD (resonant feed-line dipole) antenna for 80 m. Be sure to weatherproof the feedpoint. 


Antennas & Projects 20.17 


Long-Wire Antennas 


An antenna will be resonant so long as 
an integral number of standing waves of 
current and voltage can exist along its 
length; in other words, so long as its length 
is some integral multiple of a half wave- 
length. When an antenna is more than one 
wavelength long it usually is called a long- 
wire antenna, or a harmonic antenna. 


CURRENT (1) 


VOLTAGE (E) 


FUNDAMENTAL (HALF-WAVE) 


3RD HARMONIC (3/2-WAVE) 


І 


4TH HARMONIC (2-WAVE) 


Fig 20.36—Standing-wave current and 
voltage distribution along an antenna 
when it is operated at various 
harmonics of its fundamental resonant 
frequency. 
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Fig 20.37—Curve A shows the variation 
in radiation resistance with antenna 
length when the antenna is fed ata 
current maximum. Curve B shows 
power in the lobes of maximum 
radiation for long-wire antennas as a 
ratio to the maximum radiation for a 
half-wave antenna. 
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Current and Voltage Distribution 


Fig 20.36 shows the current and volt- 
age distribution along a wire operating at 
its fundamental frequency (where its 
length is equalto a half wavelength) and at 
its second, third and fourth harmonics. For 
example, if the fundamental frequency of 
the antenna is 7 MHz, the current and volt- 
age distribution will be as shown at A. The 
same antenna excited at 14 MHz would 
have current and voltage distribution as 
shown at B. At 21 MHz, the third har- 
monic of 7 MHz, the current and voltage 
distribution would be as in C; and at 
28 MHz, the fourth harmonic, as in D. The 
number of the harmonic is the number of 
half waves contained in the antenna at the 
particular operating frequency. 

The polarity of current or voltage in 
each standing wave is opposite to that in 
the adjacent standing waves. This is shown 
in the figure by drawing the current and 
voltage curves successively above and 
below the antenna (taken as a zero refer- 
ence line), to indicate that the polarity re- 
verses when the current or voltage goes 
through zero. Currents flowing in the same 
direction are in phase; in opposite direc- 
tions, out of phase. 

It is evident that one antenna may be 
used for harmonically related frequencies, 
such as the various amateur bands. The 
long-wire or harmonic antenna is the basis 
of multiband operation with one antenna. 


Physical Length 
The length of a long-wire antenna is not 
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Fig 20.38—Horizontal patterns of 
radiation from a full-wave antenna. The 
solid line shows the pattern for a 
vertical angle of 15°; broken lines show 
deviation from the 15° pattern at 9° and 
30°. All three patterns are drawn to the 
same relative scale; actual amplitudes 
will depend on the height of the 
antenna. 


an exact multiple of that of a half-wave 
antenna because the end effects operate 
only on the end sections of the antenna; in 
other parts of the wire these effects are 
absent, and the wire length is approxi- 
mately that of an equivalent portion of the 
wave in space. The formula for the length 
of a long-wire antenna, therefore is 


492 (N - 0.05) 
f (MHz) 


where N is the number of half waves on 
the antenna. 

Example: An antenna 4-half-waves 
long at 14.2 MHz would be 


492 (4 — 0.05) T 492 (3.95) 
14.2 TU 443 
= 136.9 ft, or 136 ft 10 inches. 


It is apparent that an antenna cut as a 
half-wave for a given frequency will be 
slightly off resonance at exactly twice that 
frequency (the second harmonic), because 
of the decreased influence of the end ef- 
fects when the antenna is more than one- 
half wavelength long. The effect is not 
important, except for a possible unbalance 
inthe feeder system and consequent radia- 
tion from the feed line. If the antenna is 
fed in the exact center, no unbalance will 
occur at any frequency, but end-fed sys- 
tems will show an unbalance on all but one 
frequency in each harmonic range. 


Length (ft) = (5) 


Impedance and Power Gain 


The radiation resistance as measured at 
a current loop becomes higher as the 
antenna length is increased. Also, a long- 
wire antenna radiates more power in its 
most favorable direction than does a half- 
wave antenna in its most favorable direc- 
tion. This power gain is obtained at the 
expense of radiation in other directions. 
Fig 20.37 shows how the radiation resis- 
tance and the power in the lobe of maxi- 
mum radiation vary with the antenna 
length. 


Directional Characteristics 


As the wire is made longer in terms of 
the number of half wavelengths, the direc- 
tional effects change. Instead of the 
doughnut pattern of the half-wave an- 
tenna, the directional characteristic splits 
up into lobes that make various angles with 
the wire. In general, as the length of the 
wire is increased the direction in which 
maximum radiation occurs tends to ap- 
proach the line of the antenna itself. Di- 
rectional characteristics for antennas 1 A, 
1.25 А, and 2 А are given in Fig 20.38, 
Fig 20.39 and Fig 20.40 for three vertical 
angles of radiation. Note that, as the wire 


length increases, the radiation along the 
line of the antenna becomes more pro- 


nounced, (The antenna is aligned from 90° · 


to 270° in the plots.) Still longer antennas 
can be considered to have practically end- 
on directional characteristics even at the 
lower radiation angles. 


When a long-wire antenna is fed at one. 


end or at the current loop closest to that 
end, the radiation is most pronounced from 
the long section. This "unidirectional" 
pattern can be accentuated by terminating 
the far end in a load resistance to ground. 
The load resistor will dissipate energy that 
would ordinarily be reflected back toward 
the feedpoint. Depending on the pattern 
symmetry of the unterminated antenna, 
this resistor may have to handle up to half 
the power delivered to the feedpoint. The 
exact resistance must be determined em- 
pirically, but the voltage-to-current ratio 
at a current node is a good starting value. 
A quarter-wavelength wire beyond the 
resistor can serve as a pseudo ground for 
the system. 


Methods of Feeding 


In a long-wire antenna, the currents in 
adjacent half-wave sections will be out of 
phase, as shown in Fig 20.36. The feeder 
System must not upset this phase relation- 
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Fig 20.39—Horizontal patterns from an 
antenna three half-waves long. The 
solid line shows the pattern for a 


. vertical angle of 15°; broken lines show 


deviation from the 15? pattern at 9° and 
30*. Minor lobes coincide for all three 
angles. 


| ship. This is satisfied by feeding the an- 
' tenna at either end or at any current loop. 


A two-wire feeder cannot be inserted at a 


.current node, however, because this in- 


variably brings the currents in two adja- 
cent half-wave sections in phase. A long- 
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Fig 20.40—Horizontal patterns from an 


antenna 2 A long. The solid line shows 
the pattern for a vertical angle of 15°; 
broken lines show deviation from the 
15° pattern at 9? and 30°. Minor lobes 
nearly coincide for all three angles. 


wire antenna is usually made a half wave- 
length at the lowest frequency and fed at 
the end. Further information on these an- 
tennas can be found in The ARRL Antenna 
Book. | 
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Vertical Antennas 


One of the more popular amateur anten- 
nas is the vertical. Although amateurs of- 
ten use the term “vertical” somewhat 
loosely, it usually refers to a single radiat- 
ing element placed vertically over the 
ground. A vertical is usually '/4-À long 
electrically and constructed out of wire or 
tubing. Many amateurs live on city lots 
with zoning restrictions preventing them 
from putting up tall towers with large Yagi 
arrays. Amateurs are also creative and in- 
genious—a vertical disguised to look like 
a flagpole can be both patriotic and a good 
radiator of RF! 

Vertical antennas are omnidirectional 
radiators. This can be beneficial or detri- 
mental, depending on the exact situation. 
On transmission there are no nulls in any 
direction, unlike most horizontal anten- 
nas. However, QRM on receive can't be 
nulled out from the directions that are not 
of interest, unless multiple verticals are 
used in an array. 

When compared to horizontal antennas, 
verticals also suffer more acutely from two 
main types of losses—ground return 
losses for currents in the near field, and 
far-field ground losses. Ground losses in 
the near field can be minimized by using 
many ground radials. This is covered in 
detail in the following section. 

Far-field losses are highly dependent on 
the conductivity and dielectric constant of 
the earth around the antenna, extending 
out as far as 100 А from the base of the 
antenaa. There is very little that someone 
can do to change the character of the 
ground that far away—other than moving 
to a small island surrounded by saltwater! 
Far-field losses greatly affect low-angle 


Perfect Ground 
Average Ground 


Elevation 
0 dB=5.10 dBi 7.150 MHz 
Fig 20.41—-Elevation patterns for two 
quarter-wave vertical antennas over 
different ground. One vertical is placed 
over "perfect" ground, and the other is 
placed over average ground. The far- 
field response at low elevation angles 
is greatly affected by the quality of the 
ground—as far as 100 X away from the 
vertical antenna. 
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radiation, causing the radiation patterns of 
practical vertical antennas to fall far short 
of theoretical patterns over "perfect 
ground," often seen in classical texts. 
Fig 20.41 shows the elevation pattern re- 
sponse for two different 40-m quarter- 
wave verticals. One is placed over a theo- 
retical infinitely large, infinitely 
conducting ground. The second is placed 
over an extensive radial system over aver- 
age soil, having a conductivity of 5 mS/m 
and a dielectric constant of 13. This sort of 
soil is typical of heavy clay found in pas- 
toral regions of the US mid-Atlantic states. 
At a 10° elevation angle, the real antenna 
losses are almost 6 dB compared to the 
theoretical one; at 20° the difference is 
about 3 dB. See The ARRL Antenna Book 
chapter on the effects of the earth for fur- 
ther details. 

While real verticals over real ground are 
not a magic method to achieve low-angle 
radiation, cost versus performance and 
ease of installation are incentives that in- 
spire many antenna builders. For use on 
the lower frequency amateur bands—no- 
tably 160 and 80 m—it is not always prac- 
tical to erect a full-size vertical. At 
1.8 MHz, a full-sized quarter-wave verti- 
cal is 130 ft high. In such instances it is 
often necessary to accept a shorter radiat- 
ing element and use some form of loading. 

Fig 20.42 provides curves forthe physi- 
cal height of verticals in wavelength ver- 
sus radiation resistance and reactance. 
Although the plots are based on perfectly 
conducting ground, they show general 
trends for installations where many radi- 
als have been laid out to make a ground 
screen. As the radiator is made shorter, the 
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Fig 20.42—Radiation resistance (solid 
curve) and reactance (dotted curve) of 
vertical antennas as a function of 
physical height. 


radiation resistance decreases—with 6 О 
being typical for a0.1-A high antenna. The 
lower the radiation resistance, the more 
the antenna efficiency depends on ground 
conductivity and the effectiveness of the 
ground screen. Also, the bandwidth de- 
creases markedly as the length is reduced 
toward the left of the scale in Fig 20.42. It 
can be difficult to develop suitable match- 
ing networks when radiation resistance is 
very low. 


Ground Systems 


The importance of an effective ground 
system for vertical antennas cannot be 
emphasized too strongly. However, it is 
not always possible to install a radial net- 
work that approaches the ideal. The AM 
broadcast industry uses 120 buried radials 
as a standard radial ground system for their 
antennas. This is rarely practical for most 
amateurs, and a compromise ground is 
certainly better than no ground at all. The 
amateur should experiment with whatever 
is physically possible when working with 
vertical antennas. Even modest radial sys- 
tems can produce contacts, even if they 
don't consistently crack big pileups! 

Although the matter of less-than-opti- 
mum ground systems could be debated 
almost endlessly, some practical rules of 
thumb are in order for those wishing to 
erect vertical antennas. Generally a large 
number of shorter radials offers a better 
ground system than a few longer ones. For 
example, 8 radials of !/s À are preferred 
over 4 radials of '/s À. If the physical height 
of the vertical is an !/s A, the radial wires 
should be of the same length and dispersed 
uniformly from the base. 

The conductor size of the radials is not 
especially significant. Wire gauges from 
#4 to #20 have been used successfully by 
amateurs. Copper wire is preferred, but 
where soil is low in acid (alkali), alumi- 
num wire can be used. The wires may be 
bare or insulated, and they can be laid on 
the earth’s surface or buried a few inches 
below ground. Insulated wires will have 
greater longevity by virtue of reduced cor- 
rosion and dissolution from soil chemi- 
cals. The amateur should bury as much 
ground wire as time and budget permit. 
Some operators have literally miles of 
wire buried radially beneath their vertical 
antennas. 

When property dimensions do not al- 
low a classic installation of equally spaced 
radial wires, they can be placed on the 
ground as space permits. They may run 
away from the antenna in only one or two 
compass directions. They may be bent to 
fit on your property. 


A single ground rod, or group of them 
bonded together, is seldom as effective as 
acollection of random-length radial wires. 
In some instances a group of short radial 


"wires can be used in combination with - 
ground rods driven into the soil near the  , 


base of the antenna. Bear in mind, though, 
that RF currents at MF and HF seldom 
penetrate the earth more than several 


inches. If a metal fence skirts the property. | 


itcan be used as part of the ground system. 
Rolls of galvanized "chicken wire" fenc- 
“ing fanned out from the base of the verti- 
cal make good ground systems, especially 
when used in conjunction with longer wire 
radials. Six 30-ft long by 3-ft wide rolls of 
chicken wire make a good ground screen 
for a 160-m vertical, backed up with. 6 or 
more 130-ft long radials. A good rule is to 
_ use anything that will serve as a ground 
when developing a radial ground system. 
All radial wires should be connected: 
together at the base of the vertical antenna. 


The electrical bond needs to be of low re- ' 


sistance. Best results will be obtained 
when the wires (and chicken-wire screen, 
if used) are soldered together at the junc- 
tion point. When a grounded vertical is 
used, the ground wires should be affixed 
securely to the base of the driven element. 
A lawn edging tool is excellent for cutting 
slits in grass sod or in soil when laying 
' radial wires. | . 

Ground return losses are lower when 
vertical antennas and their radials are el- 
evated above ground, a point that is well- 


known by those using ground plane anten- | 


nas on their roofs. Even on 160 or 80 m, 
effective vertical antenna systems can be 
made with as few as four quarter-wave 
long radials elevated 10 to 20 ft off the 
ground. | 


Full-Size Vertical Antennas 


When it is practical to erect a full-size 
уа À vertical antenna, the forms shown in 
Fig 20.43 are worthy of consideration. 
‘The example at A is the well-known ver- ` 
tical ground plane. The ground system 
consists of four above-ground radial 
wires. The length of the. radials and the 
driven element is derived from the stan- 
dard equation. 


234 
f(MHz) (6) 


With four equidistant radial wires 
drooped at approximately 45° 
"(Fig 20.43A), the feed-point impedance is 
roughly 50 О. When the radials are at right 
angles to the radiator (Fig 20.43B) the 
impedance approaches 36 Q. Besides 
minimizing ground return losses, another 
major advantage in this type of vertical 
antenna over a ground-mounted type is 
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Fig 20.43—Various types of vertical antennas. 


thatthe system can be elevated well above 
nearby conductive objects (power lines, 


` trees, buildings and so on). When droop- 


ing radials are used, they can also serve as 
guy wires for the mast that supports the _ 
antenna. The coax shield braid is con- 
nected to the radials, and the center con- 
ductor to the driven element. 

The Marconi vertical antenna shown in 
Fig 20.43C is the classic form taken by a 
ground-mounted vertical. It can be 
grounded at the base and shunt fed, or it 
can be isolated from ground, as shown, 
and series fed. As always, this vertical 
antenna depends on an effective ground - 
system for efficient performance. If a per- 
fect ground were located below the an- 
tenna, the feed impedance would be near 
36 Q. In a practical case, owing to imper- 
fect ground, the impedance is more apt to 
be in the vicinity of 50 to 75 Q. 

A gamma feed system for a grounded 
‘/4-X vertical is presented in Fig 20.43D. 
Some rules of thumb for arriving at work- 
able gamma-arm and capacitor dimen- 
sions àre to make the rod length 0.04 to 
0.05 À, its diameter '/3 to !/ that of the 
driven element and the center-to-center 
spacing between the gamma arm and the 
driven element roughly 0.007 А. The ca- 
pacitance of C1 at a 50-0 matched condi- 
tion will be about 7 pF per meter of wave- 
length. The absolute value of C1 will 


- depend on whether the vertical is resonant 


and on the precise value of the radiation 
resistance. For best results, make the ra-, 
diator approximately 396 shorter than the 
resonant length. 
Amateur antenna towers lend them- 
selves to use as shunt-fed verticals, even 
though an HF-band beam antenna is usu- 


ally mounted on the tower. The overall 
system should be close to resonance at the 
desired operating frequency if a gamma 
feed is used. The HF-band beam will con- 
tribute somewhat to top loading of the 
tower. The natural resonance of such a 
system can be checked by dropping a #12 
or #14 wire from the top of the tower (mak- 
ing it common to the tower top) to form a 
folded unipole (Fig 20.43E). A four- or 
five-turn link can be inserted between the 
lower end of the drop wire and the ground 
system. A dip meter is then inserted in the 
link to determine the resonant frequency. 
If the tower is equipped with guy wires, 
they should be broken up with strain insu- 
lators to prevent unwanted loading of the 
vertical. In such cases where the tower and 
beam antennas аге not able to provide !/4-А 
resonance, portions of the top guy wires 
can be used as top-loading capacitance. 
Experiment with the guy-wire lengths (us- 
ing the dip-meter technique) while deter- 
mining the proper dimensions. 

A folded-unipole is depicted at E of 
Fig 20.43. This system has the advantage 
of increased feed-point impedance. Fur- 
thermore, a Transmatch can be connected 
between the bottom of the drop wire and 
the ground system to permit operation on 
more than one band. For example, if the 
tower is resonant on 80 m, it can be used 


'as shown on 160 and 40 m with reasonable 


results, even though it is not electrically 
long enough on 160. The drop wire need 
not be a specific distance from the tower, 


" but you mighttry spacings between 12 and 


30 inches. : 
The method of feed shown at Fig 20.43F 
is commonly referred to as “slant-wire 


feed." The guy wires and the tower Com- 
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TRI-WIRE UNIPOLE 
(E) 


Fig 20.44—Vertical antennas that are 
less than one-quarter wavelength in 


bine to provide quarter-wave resonance. 
A matching network is placed between the 
lower end of one guy wire and ground and 
adjusted for an SWR of 1:1. It does not 
matter at which level on the tower the guy 
wires are connected, assuming that the 
Transmatch is capable of effecting a match 
to 50 О. 


Physically Short Verticais 


A group of short vertical radiators is 
presented in Fig 20.44. Illustrations A and 
B are for top and center loading. A capaci- 
tance hat is shown in each example. The 
hat should be as large as practical to in- 
crease the radiation resistance of the an- 
tenna and improve the bandwidth. The 
wire in the loading coil is chosen for the 
largest gauge consistent with ease of wind- 
ing and coil-form size. The larger wire 
diameters will reduce the resistive (I2R) 
losses in the system. The coil-form mate- 
rial should have a medium or high dielec- 
tric constant. Phenolic or fiberglass tub- 
ing is entirely adequate. 

A base-loaded vertical is shown at C of 
Fig 20.44. The primary limitation is that 
the high current portion of the vertical 
exists in the coil rather than the driven 
element. With center loading, the portion 
of the antenna below the coil carries high 
current, and in the top-loaded version the 
entire vertical element carries high cur- 
rent. Since the high-current part of the 
antenna is responsible for most of the ra- 
diating, base loading is the least effective 
of the three methods. The radiation resis- 
tance of the coil-loaded antennas shown is 
usually less than 16 Q. 

A method for using guy wires to top load 


a short vertical is illustrated in Fig 20.44D. 
This system works well with gamma feed. 
The loading wires are trimmed to provide 
an electrical quarter wavelength for the 
overall system. This method of loading 
will result in a higher radiation resistance 
and greater bandwidth than the systems 
shown at A through C. If an HF-band or 
VHF array is at the top the tower, it will 
simply contribute to the top loading. 

A three-wire unipole is shown at E. Two 
#8 drop wires are connected to the top of 
the tower and brought to ground level. The 
wires can be spaced any convenient dis- 
tance from the tower—normally 12 to 
30 inches from one side. C1 is adjusted for 
best SWR. This type of vertical has a fairly 
narrow bandwidth, but because C1 can be 
motor driven and controlled from the op- 
erating position, frequency changes can be 
accomplished easily. This technique will 
not be suitable for matching to 50-2 line 
unless the tower is less than an electrical 
quarter wavelength high. 

A different method for top loading is 
shown at F. Barry Boothe, W9UCW, de- 
scribed this method in December 1974 
QST. Anextension is used at the top of the 
tower to effect an electrical quarter-wave- 
length vertical. L1 is a loading coil with 
sufficient inductance to provide antenna 
resonance. This type of antenna lends it- 
self nicely to operation on 160 m. 

A method for constructing the top-load- 
ing shown in Fig 20.44F is illustrated in 
Fig 20.45. Pipe section D is mated with 
the mast above the HF-band beam antenna. 
A loading coil is wound on solid Plexiglas 
rod or phenolic rod (item C), then clamped 
inside the collet (B). An aluminum slug 
(part A) is clamped inside item B. The top 
part of A is bored and tapped for a 3/8 x 24 
stud. This permits a standard 8-ft stain- 
less-steel mobile whip to be threaded into 
item A above the loading coil. The capaci- 
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tance hat (Fig 20.45B) can be made from 
а !/4-inch-thick brass or aluminum plate. It 
may be round or square. Lengths of 
V/s-inch brazing rod can be threaded and 
screwed into the edge of the aluminum 
plate. The plate contains a row of holes 
along its perimeter, each having been 
tapped for a 6-32 thread. The capacitance 
hat is affixed to item A by means of the 
8-ft whip antenna. The whip will increase 
the effective height ofthe vertical antenna. 
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Cables and Control Wires on Towers 


INCHES X 25.4: тт 
FEET X 0.3048*m 


TOP:HAT Most vertical antennas of the type 


(8) shown in Fig 20.43 consist of towers, usu- 
ally with HF or VHF beam antennas at the 
top. The rotator control wires and the co- 
axial feeders to the top of the tower will 
not affect antenna performance adversely. 
In fact, they become a part of the compos- 


Fig 20.45—At A are the details for the tubing section of the loading assembly. 
Illustration B shows the top hat and its spokes. The longer the spokes, the better. 
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ite antenna. To prevent unwanted RF cur- 
rents from following the wires into the 
shack, simply dress them close to the 
tower legs and bring them to ground level. 


This decouples the wires at RF. The wires , 


should then be routed along the earth sur- 
face (or buried underground) to the oper- 
ating position. It is not necessary to use 
bypass capacitors or RF chokes in the rota- 
tor control leads if this is done, even when 
maximum legal power is employed. ` 


Trap Verticals 


The 2-band trap vertical antenna of 
Fig 20.46 operates in much the same man- 
ner as a trap dipole.or trap. Yagi. The no- 
table difference is that the vertical is one 
half of 4 dipole. The radial system (in- 
ground or above-ground) functions as a 
ground plane for the antenna, and repre- 
sents the missing half of the dipole. Once 
again, the more effective the ground sys- 

- tem, the better will be the antenna рео 
тапсе. 

Trap verticals usually are adjusted as 
!/4-À radiators. The portion of the antenna 
below the trap is adjusted as a '/s-A radia- 
tor at the higher proposed operating fre- 
quency. That is, a 20/15-m trap vertical 
would be a resonant quarter wavelength at 


15 m from the feedpoint to the bottom of | 


the trap. The trap and that portion of the 
antenna above the trap (plus the 15-m sec- 
tion below the trap) constitute the com- 
plete antenna during 20-m operation. But 
because the trap is in the circuit, the over- 
all physical length of the vertical antenna 


` will be slightly less than that of a single- 


band, full-size 20-m vertical. 


Traps 


Thé trap functions as hen name implies: 
It traps the 15-m energy and confines it to, 
the part of the antenna below the trap. 


During 20-m operation it allows the RF 
energy to reach all of the antenna. The trap 
in this example is tuned as a parallel reso- 
nant circuit to 21 MHz. At this frequency 
it divorces the top section of the vertical 
from the lower section because it presents 
a high impedance (barrier) at 21 MHz. 
Generally, the trap inductor and capacitor 
have a reactance of 100 to 300 Q. Within 
that range it is not critical. 

The trap is built and adjusted separately 
from the antenna. It should be resonated at 
the center of the portion of the band to be 
operated. Thus, if one's favorite part of 
the 15-m' band is between 21.0 and 
21.1 MHz, the trap should be tuned to 
21.05 MHz. . E 

Resonance is checked by using-a dip 
meter and detecting the dipper signal in a 
calibrated receiver. Once the trap,is ad- 
justed it can be installed in the antenna, 
and no further adjustment will be required. 
It is easy, however, to be misled after the 
system is assembled: Attempts to check 


the trap with a dip meter will suggest that ' 


the trap has moved much lower in fre- 
quency (approximately 5 MHz lower in a 
20/15-m vertical). This is because the trap 
is part of the overall antenna, and the re- 
sultant resonance is that of the total an- 


tenna. Measure the trap separate {тот the . 


rest of the antenna. 
Multiband operation is quite а 


-by using the appropriate number of traps 


and tubing sections. The construction and 
adjustment procedure is the same, regard- 
less of the number.of bands covered. The 


highest frequency trap is always closest to’ 


the feed end of the antenna, and the next to 
lowest frequency trap is always the far- 
thest from the feedpoint. As the operating 
frequency is progressively lowered, more 


traps and more tubing sections become a. 


functional part of the antenna. 


ELECTRICAL 


A/4 ON LOWER 


UENCY 
FREQUEN A/4 ON HIGHER 


FREQUENCY 


Fig 20.46—A two-band trap vertical 
antenna. The trap should be resonated 


by itself as a parallel resonant circuit at 


the center of the operating range for 
the higher frequency band. The 
reactance of either.the inductor or the 
capacitor range from 100 to 300 ©. At 
the lower frequency the trap will act as 
a loading inductor, adding electrical 
length to the total antenna. 


Traps should be weatherproofed to pre- ` 
vent moisture from detuning them. Sev- 
eral coatings of high dielectric compound, 


-such as Polystyrene Q Dope, are effective. 


Alternatively, a protective sleeve of heat- 
shrink tubing can be applied to the coil 
after completion. The coil form for the trap 
should be of high dielectric quality and be 
rugged enough to sustain stress during 
periods of wind. 


TIPS ON INSTALLING AND CONNECTING TO GROUND RODS 


9 Driving a ground rod 8 feet into the ground with a 
sledgehammer batters the rod end into an ugly flare. - 
Some types of ground clamps can't. open far enough to 
slip over the enlarged rod. Of course, you can file, grind 
or saw off the flared end, but doing all of these things at 
ground level can be difficult. 

Alternatively, you could slip the clamp over r the rod . 
before driving it into the ground; or use a clamp that 
opens far enough to pass over the flare. In the case of 
'fe-inch ground rods, however, clamps wide enough to 
pass the flare may not tighten adequately. 

After considering these problems, | attached my shack 
ground wire to a '/2-inch ground rod as follows. І drilled a 
tap-size hole, about 3/4 inch deep, into the rod top. I 
tapped this hole for a ‘/s-inch, standard thread. Driving in 
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a hex-head bolt permitted firm attachment of the wire to 
the rod end. 

Although | did this by drilling only one hole, drilling a 
pilot hole—say, about '/s inch in diameter—before driving 
in the rod would assist. Doing so would allow you to put 
the rod in a vise for stability and accurate drilling. Your 
sledgehammer may obliterate this hole, but you should 
be able to relocate it by probing with a center punch. 

In any such drilling and thread cutting, use a sharp 
drill and lubricate it and your tap often while cutting. 
One more tip: If you have a welder friend, consider 
having him or her weld а '/4-inch bolt to the ground- 
rod top—after you've driven it in—to provide a stud 
for connections.—A. W. Edwards, K5CN, Corpus 
Christi, Texas 
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DUAL-BAND VERTICALS FOR 17/40 OR 12/30 M 


Thanks to the harmonic relationships 
between the HF ham bands, many anten- 
nas can be made to do “double duty.” The 
simple verticals described here cover two 
bands at once. Here’s how to turn a 30-m 
'/4-A vertical into а 0.625-A vertical for the 
12-m band, and a 40-m '/s-A vertical into a 
0.625-A vertical for the 17-m band. These 
verticals were designed and constructed 


VERTICAL 
RADIATOR 


50-Й COAX 
TO SHACK 


‚че соп. 


(SEE TEXT) 


ee 


У RADIALS 
(SEE TEXT) 


Fig 20.47—Dual-band vertical. Use a 
switch or relay to remove the loading 
coll from the circuit for lower 
frequency operation. Adjust the coil tap 
for best SWR on the higher-frequency 
band. The radial system should be as 
extensive as possible. See The ARRL 
Antenna Book for more information on 
ground systems for vertical antennas. 


Table 20.8 


Specifications for Dual-Band 
Verticals 


Required Matching 
Bands Height Inductance (uH) 
12m&30m 23' 5" 0.99 
17m&40m 32'3" 1.36 


TRANSMISSION LINES 


system radials. 
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0 A vertical antenna can induce current on the shield of 
its coax feeder. The antenna induces current on the shield 
in the same manner that it induces current in the ground- 


Since the shield is connected to station ground, RF 
current flowing on the feeder shield also flows on the outer 
surfaces of the equipment when the transmitter operates. 
This current can induce undesirable voltages in intercon- 
necting cables, causing erratic operation of computer 
keyboards and power supplies. RF feedback also can occur 


by John J. Reh, K7KGP. The write-up first 
appeared in April 1989 QST. 


Construction Details 


For the 30 and 12-m vertical, an old alu- 
minum multiband vertical was cut to a 
length of 25 ft, 3 inches. This corresponds 
to a design frequency of 24.95 MHz. The 
length-to-diameter ratio is approximately 
460. The input impedance of a vertical that 
is substantially longer than a '/4-A (in this 
case 0.625 A) is particularly sensitive to 
the A/D ratio of the radiating element. If 
this antenna is duplicated with materials 
having a significantly different A/D ratio, 
the results may be different. 

After installing a good ground system, 
the input impedance was measured and 
found to have a resistance of about 50 О, 
and a capacitance of about -155 Q (at 
24.95 MHz). At 10.125 MHz, the input 
impedance was just under 50 Q, and 
purely resistive. To tune out the reactance 
at 24.95 MHz, a series inductor is installed 
(see Fig 20.47) and tapped to resonance at 
the design frequency. The easiest way to 
find resonance is by measuring the antenna 
SWR. Use a good-quality coil for the se- 
ries inductor. The recommended coil has a 
diameter of 2'/2 inches, and has 6 turns per 
inch (B&W stock no. 3029). Resonance 
on 12 m was established with 3'/4 turns. 
The SWR on 12 mis 1.1:1, and on 30 m, 
1:1. To change bands from 12 to 30 m, 
move the coil tap to the end of the coil 
closest to the vertical element. Alterna- 
tively, a single-pole switch or remotely 
operated relay can be installed at the base 
of the vertical for bandswitching. 


The Ground System 


Maximum RF current density—and 
therefore maximum ground losses—for 
1/4-À verticals occurs in the immediate area 
of the base of the antenna. Maximum re- 
turn current ground loss for a 0.625-A ver- 
tical occurs about '/2 A away from the base 
of the antenna. It’s important to have the 


lowest possible losses in the immediate 
area for both types of verticals. In addition 
to a ground radial system, 6x6-ft alumi- 
num ground screen is used at the base of 
the antenna. The screen makes a good tie 
point for the radials and conducts ground 
currents efficiently. Seventeen wire radi- 
als, each about 33 ft long, are spaced 
evenly around the antenna. More radials 
would probably work better. Each radial 
is bolted to the screen using corrosion-re- 
sistant #10-24 hardware. (Do not attempt 
to connect copper directly to aluminum. 
The electrical connection between the two 
metals will quickly deteriorate.) The radi- 
als can be made of bare or insulated wire. 
Make sure the ground screen is bolted to 
the ground side of the antenna with heavy- 
gauge wire. Current flow is fairly heavy at 
this point. 

Table 20.8 gives specifications for the 
dual-band vertical. If your existing 40-m 
vertical is a few inches longer than 32 ft, 
3 inches, try using it anyway—a few 
inches isn’t too critical to performance on 
17 m. 


Automatic Bandswitching 


In October 1989 QST, James Johnson, 
WSEUI, presented this scheme for auto- 
matic bandswitching of the 40/17-m verti- 
cal. Johnson shortened his 40-m vertical 
approximately 12 inches and found an in- 
ductance that gave him 40 and 17-m band 
operation with an SWR of less than 1.4:1 
across each band. He used an inductor 
made from B&W air-wound coil stock (no. 
3033). This coil is 3 inches in diameter, 
and has 3'/s turns of #12 wire wound at 6 
turns per inch, providing an inductance of 
about 2.8 ИН. Johnson experimentally de- 
termined the correct tap position. 

For the 30/12-m version, start with the 
vertical radiator 9 inches shorter than the 
value given in the table. In both cases, 
radiator height and inductance should be 
adjusted for optimum match on the two 
bands covered. 


FERRITE SHIELD-CURRENT CHOKES CURE STRAY RF ON VERTICAL-ANTENNA 


through the transmitter microphone circuit. 
These problems occurred when ! operated my kilowatt 
power amplifier and Kenwood TS-9408 transceiver. (RF 


feedback in the TS-940 microphone preamplifier has been 


recognized by others and can be solved with bypass 
capacitors and RF chokes.) A better solution—one that will 
address all station problems caused by coax-shield RF 
currents—is to prevent the RF from getting into the station 
from the coax shield. Gary Peterson, KOCX, suggested that | 
do this by putting a ferrite-bead shield-current choke in my 


A TREE-MOUNTED HF GROUNDPLANE ANTENNA 


A tree-mounted, vertically polarized 
antenna may sound silly. But is it, really? 
Perhaps engineering references do not rec- 
ommend it, but such an antenna does not 
cost much, is inconspicuous, and it works. 
This idea was described by Chuck 
Hutchinson, K8CH, in QST for September 
1984. 

The antenna itself is simple, as shown 
in Fig 20.48. A piece of RG-58 cable runs 
to the feedpoint of the antenna, and is at- 
tached to a porcelain insulator. Two radial 
wires are soldered to the coax-line braid at 
this point. Another piece of wire forms the 
radiator. The top of the radiator section is 
suspended from a tree limb or other con- 


Fig 20.48—The feedpoint of the tree- 
mounted groundplane antenna. The 
opposite ends of the two radial wires 
may be connected to stakes or other 
convenient anchor points. Make sure 
that the radials are high enough so that 
people cannot come in contact with 
them. 


them as The Wireman's W2DU Balun kit. 


To assemble the choke, install one connector on the 
cable. Because the UG-536B/U connector is made for 
RG-58 (which has a larger diameter than RG-303), you 
must heat-shrink a piece of 1-inch-long, 3/:e-inch-diameter 
plastic tubing on the end of the coax before you install the 
connector. This will make the connector fit the cable tightly. 


antenna feed line where it enters my station. 
A good source of the required components is The 
Wireman, Inc (see Address List in References). The 
required components are a package of 50 type FB73-2401 
ferrite beads (Wireman part #912B), 15 inches of RG-303 
coax, and two coax connectors (UHF connectors [PL-259s; 
the Wireman's #702] with inserts [UG-175s; the Wireman's 
3704] for installation on RG-58 coax, or N connectors 
intended for installation on RG-58 [UG-536B/Us, available 
as the Wireman's #737). Although the Wireman sells these 
parts bundled as part of a W2DU Balun kit [£833], the coax 
in the kit is too short to accommodate the connectors, so | 
recommend ordering the parts individually instead of buying 


venient support, and in turn supports the 
rest of the antenna. 

The dimensions for the antenna are 
given in Fig 20.49. (You can use the val- 
ues given for leg lengths in Table 20.5.) 
All three wires of the antenna are !/4-А 
long. This generally limits the usefulness 
of the antenna for portable operation to 
7 MHz and higher bands, as temporary 
supports higher than 35 or 40 ft are diffi- 
cultto come by. Satisfactory operation can 


be accomplished on 3.5 MHz with an in- 
verted-L configuration of the radiator, if 
you can overcome the accompanying dif- 
ficulty of erecting the antenna at the oper- 
ating site. The tree-mounted vertical idea 
can also be used for fixed station installa- 
tions to make an "invisible" antenna. Shal- 
low trenches can be slit for burying the 
coax feeder and the radial wires. The ra- 
diator itself is difficult to see unless you 
are standing right next to the tree. 


Fig 20.49—Dimensions and construction of the tree-mounted groundplane ~ 
antenna. 


Oklahoma 


Next, put a /z-inch-long piece of heat-shrink tubing on the 
cable about 1 inch from the connector to hold the beads in 
place. Then place the 50 beads on the cable. Put on another 
1/2-inch piece of tubing to anchor the other end of the beads, 
and then shrink a piece of ?/s-inch-diameter tubing over the 
beads. Install the other connector on the cable. Install the 
choke on the transmission line where it leaves your station. 

This should largely do away with problems related to 
stray RF traveling into your station on your feed line's 
coax shield. An idea for clubs: Build one or more chokes 
that members can borrow to test this fix's effectiveness 
before building their own chokes. 

If your station is not in the immediate vicinity of your 
antenna and you have problems with stray RF with a dipole 
or inverted V, the problem may be due to lack of a balun or 
use of an ineffective balun. If this is the case, install the 
choke at the antenna feedpoint as discussed in W2DU's 
book Reflections rather than using the choke at the station 
end of your feed line.—Bruce Н. Palmer, KOWM, Edmond, 
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Inverted L and Sloper antennas 


This section covers variations on the 
vertical antenna. Fig 20.50A shows a flat- 
top T vertical. Dimension H should be as 
tall as possible for best results. The hori- 
zontal section, L, is adjusted to a length 
that provides resonance. Maximum radia- 
tion is polarized vertically despite the 
horizontal top-loading wire. A variation 
of the T antenna is depicted at B of 
Fig 20.50. This antenna is commonly re- 
ferred to as an inverted L. Vertical mem- 
ber H should be as long as possible. L is 
added to provide an electrical quarter 
wavelength overall. 


The Half-Sloper 
Antenna 


Many hams have had excellent results 
with half-sloper antennas, while others 
have not had such luck. Work by ARRL 
Technical Advisor John S. Belrose, 
VE2CV, has brought some insight to the 
situation through computer modeling with 
ELNEC and antenna-range tests. The fol- 
lowing is taken from VE2CV's Technical 
Correspondence in Feb 1991 QST, pp 39 
and 40. Essentially, the half sloper is atop- 
fed vertical antenna worked against a 
ground plane (such as a grounded Yagi 
antenna) at the top of the tower. The tower 
acts as a reflector. 

For half slopers, the input impedance, 
the resonant length of the sloping wire and 
the antenna pattern all depend on the tower 
height, the angle (between the sloper and 
tower) the type of Yagi and the Yagi ori- 
entation. Here are several configurations 
extracted from VE2CV's work: 

At 160 m—use a 40-m beam on top of a 
95-ft tower with a 55? sloper apex angle. 
The radiation pattern varies little with 
Yagi type. The pattern is slightly cardioid 
with about 8 dB front-to-back ratio at a 
25? takeoff angle (see Fig 20.50D and E). 
Input impedance is about 50 Q. 

At 80 m—use a 20-m beam on top of a 
50-ft tower with a 55? sloper apex angle. 
The radiation pattern and input impedance 
are similar to those of the 160-m half 
sloper. 

At 40 m—use a 20-m beam on top of a 
50-ft tower with a 55? sloper apex angle. 
The radiation pattern and impedance de- 
pend strongly on the azimuth orientation 
of the Yagi. Impedance varies from 76 to 
127 Q depending on Yagi direction. 
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Fig 20.50—Some variations in vertical antennas. D is the vertical radiation pattern 
in the plane of a half sloper, with the sloper to the right. E is the azimuthal pattern 
of the half sloper (90° azimuth is the direction of the sloping wire). Both patterns 
apply to 160- and 80-m antennas described in the text. 


1.8-MHz INVERTED L 


The antenna shown in Fig 20.51 is 
simple and easy to construct. It is a good 
antenna for the beginner or the experi- 
enced 1.8 MHz DXer. Because the overall 
electrical length is greater than !/ А, the 
feed-point resistance is on the order of 
50 О, with an inductive reactance. That 


reactance is canceled by a series capaci-, 


tor, which for power levels up to the legal 
limit can be a air-variable capacitor with a 
voltage rating of 1500 V. Adjust antenna 
length and variable capacitor for lowest 
SWR. 

A yardarm or a length of line attached to 
a tower can be used to support the vertical 
section of the antenna. (Keep the inverted 
Las far from the tower as is practical.) For 
best results the vertical section should be 
as long as possible. A good ground system 
is necessary for good results. 


SUPPORT 


— — ——» TO STATION 


SUPPORT 
$——__———_€__3—— 


165' ТО 175 ——— — — —» 


Fig 20.51—The 1.8-MHz inverted L. Overall wire length is 165 to 175 ft. The 
variable capacitor has a maximum capacitance of 500 to 800 pF. 


THE AE6C DUAL-BAND INVERTED-L ANTENNA 


In July 1991 QST, Dennis Monticelli, 
AE6C, described a dual-band inverted L. 
A drawing of his installation is shown in 
Fig 20.52. Dimensions and values are 
given in Table 20.9. For ease of explana- 
tion, only the 80/40-m version is described 
here. On 80 m the antenna is 0.375 A long, 
which raises the antenna's radiation resis- 
tance and feed-point impedance, and thus 
decreases the effect of ground losses. (The 
feed-point exhibits inductive reactance— 
which is canceled with series capaci- 
tance.) For 40 m the antenna is 0.75 A long, 
and is therefore resonant on that band. The 


у 


pattern on 40 т, depending оп how you 
install the antenna, resembles a combina- 
tion of a vertical and a low dipole. 

If you use a modest radial system with 
this antenna, the feed-point impedance is 
roughly 100 Q on both bands. Fig 20.53 
and Fig 20.54 show details of the match- 
ing system and the 1:2 (50 to 100 Q) 
broadband transformer. The matching ca- 
pacitor, C1, is not used on the higher fre- 
quency band, and so it is shorted out to 
operate there. 

To tune the antenna, start with the di- 
mensions given in Table 20.9. With the 


Relay/Capacitor 
Enclosure 


Fig 20.52—Drawing of the Dual-Band Inverted-L antenna installed at AE6C. 
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Fig 20.55—At A, 40-m SWR curve. At B, 
measured SWR curves for 80 m. Curves 


representing two different series 


capacitor values are shown. 
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Shorts C1 
during 40—meter 
operation 


Dc Control 
Voitage 


(See Fig 20.58) 


Fig 20.53—The resonating, impedance-matching, and band- 
switching circuitry required at the base of the Inverted L. 


Fig 20.54 shows details of T1. 


NC = Not connected 
ө = Phasing 


to 
Antenna 


Fig 20.54—Winding details for constructing broadband 
bifilar transformer T1, which is wound on T-200-2 core. The 


primary is 16 turns of #14 enameled wire, and the 
secondary is 10 turns of #14 enameled wire tapped at about 
the eighth turn from the feed-line end. 


Table 20.9 

Recommended Wire Lengths and Capacitor Values* 

Bands Vertical Horizontal Total Series 
Length (ft) ^ Length (ft) Length (ft) | Capacitor 

80/40 32 64 96 = 100 pF 

160/80 64 128 192 = 200 pF 


* The total length is important, but the portions allocated to the vertical and horizontal 


members aren't critical. 


series capacitor shorted, trim the wire 
length for best SWR at your 40-m fre- 
quency of interest. Unshort the capacitor 
and adjust it for best SWR at your fre- 
quency of interest on 80 m. You can fur- 
ther adjust SWR by changing transformer 
taps. (This will affect both bands.) As 


Cork Your SO-239 
Connectors! 


9 Those little red plastic caps 
(CAPLUGS) that are used to 
protect unused coax (SO-239) 
connectors from moisture, dirt and 
damage are expensive if you are 
lucky enough to find them. An 


alternative is to use plastic caps 
from inexpensive champagne 
bottles (Fig A). These caps fit 
perfectly.—Aoy Berkowitz, K3NFU, 
Monroeton, Pennsylvania 
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shown in Fig 20.55, a single capacitance 
value yields a 2:1 SWR bandwidth of ap- 
proximately 225 kHz on 80 т. Different 
capacitance values can be used to cover 
other parts of the 80-m band. 

You can make you own fixed-value, 


Fig A—Champagne corks тау be 
recycled into protective caps for 
SO-239 connectors. 


high-voltage, high-current capacitor from 
a piece of coax. For example, RG-8 (solid 
dielectric) exhibits 29.5 pF per ft and can 
withstand 4 kV at several amperes. Con- 
nect it by attaching one end of the inner 
conductor to the antenna and the braid (at 
the same end) to the feed system; leave the 
other end open. Start with about 4 ft of 
RG-8 and trim the coax for minimum 
SWR. (Make your cuts when you’re not 
transmitting!) Other  solid-dielectric 
cables are also suitable for this applica- 
tion. The Transmission Lines chapter 
gives capacitance per unit length in its 
table of coaxial-cable characteristics. The 
ends of the coaxial capacitors must be 
sealed to prevent water ingress. 


ME 


THE KIGO 160-M SLOPER 


In April 1986 QST, Deane J. Yungling, 
KI60O, described a linear-loaded sloper for 
1.8 MHz. This sloper, shown in Fig 20.56, 
has a 2:1 SWR bandwidth of approxi- + 
mately 70 kHz. This antenna is a deriva- 
tive of the !/4-А half-sloper antenna. This 
loading technique allows you to use a 
shorter tower or support than that required 
for a full size !/4-À 1.8-MHz sloper. 

In later correspondence, Yungling re- 
ported a feed-point impedance on the or- 
der of 100 О. He added а !/4-А matching 
section of 75-Q coaxial cable. (For RG-59 
or RG-11 solid-dielectric cable this is 88 
ft.) The 75-Q line is attached directly to 
the antenna in place of the 50-Q line, and 
if long enough, runs to the operating posi- 
tion. If additional feeder length is re- 
quired, it should be made of 50-Q line at- 
tached to the 75-Q line by means of a 
barrel connector. Yungling reported an 
improved match and improved SWR band- 
width using this feed method. 
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Fig 20.56—Construction details for the KI6O 1.8-MHz linear-loaded sloper. 


NORTH SHADOW 


By Irvin L. McNally, KGWX, 26119 Fairlane Dr, Sun City, 
CA 92586 


$ Determining which way is north is essential for setting up a 
satellite dish or beam antenna. Articles I've read have shown 
different ways of making this determination. One method 
covers the use of a magnetic compass and a knowledge of the 
local magnetic variation (the difference between true north and 
magnetic north). However, an accurate value of the local 
magnetic variation is not always available. And with small 
hand-held compasses, it's difficult to read the exact bearing 
because the scale isn't graduated in degrees. 

Another method is to observe the north star, Polaris, and 
sight from the observer to a vertical plumb-bob line to the 
star. The latter step isn't easy to do in the dark. Further- 
more, unless a Nautical Almanac is available to determine 
the exact time of Polaris' meridian transit, there will be a 
maximum error of about 1°. 

Homeowners can try another source of information: the 
surveyor's plot plan may have noted the magnetic or true 
bearing relative to the property line. 

Mariners use the noon sight to determine their position at 
sea. With a sextant and chronometer, the altitude and time 
of the sun's meridian crossing is determined. Combining 
this data with the declination of the sun, equation of time,? 
sextant correction, refraction and dip, the position can 
readily be calculated. 

| figured that this method could be used in a reverse 


calculation to find north. Knowing your exact longitude and the 
equation of time, the local time of the sun's meridian crossing 
can be determined. This is the time when the shadow of a 
vertical pole or tower points true north. 

Because the equation of time varies from day to day, its 
value must be taken from the Nautical Almanac or an appro- 
priate table. This difference is shown in the Nautical Almanac 
for each day of the year. World globes used to have an 
analema printed on a barren area of the Pacific Ocean. The 
analema is a figure-eight pattern that represents the year-long 
cycle of the sun's declination and the equation of time. Most 
globe users fail to grasp its significance. 

l've written an IBM BASIC computer program! that deter- 
mines the local time of the north shadow for any day of the 
year. The required information is: local longitude, month 
number, day number and local time zone number. A Nautical 
Almanac isn't needed because the equation of time, taken 
from Mixter's Primer of Navigation? is in the program. The 
maximum error using this table is about 20 seconds, with a 
possible error of 2 seconds or less, four times a year. 


Notes 


1The program NSHADOW.BAS is on the accompanying 
diskette. 

?G. Mixter, Primer of Navigation (New York: Van Nostrand 
Reinhold Co., 5th ed.), 1967, Chapter 21, Table 10, 
p 539. ISBN: 0-442-05443-2. 
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THE KOEOU BROADBAND SLOPER 


Brian L. Wermager, KÜEOU, described 
a broadband sloper antenna in April 1986 
QST. This antenna covers the entire 3.5 to 


4-MHz band and is good for working DX. 
The feed arrangement is shown in Fig 
20.57. A second wire is connected directly 


Fig 20.57—Feed-point arrangement of the KOEOU broadband sloper. The coaxial 
cable shield is connected to the tower, with both wires of the two-wire element 
connected to the center conductor. The wires are spread approximately 8 ft at the 
ends and are each approximately 52 ft long. 


74' (78) 


52' (53) 


Fig 20.58—The Brian Wermager antenna as constructed at KOEOU. The tower is 70 
ft high. The feedpoint is shown in Fig 20.57, and is 15 ft above ground level on the 
tower. The sloper element is 74 ft long, is connected to the tower at the top end, 
and slopes to a point 11 ft above ground level at the end. Dimensions for the Kelly 
Davis version constructed at KD7XY are shown in parentheses. 
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to the tower as shown in Fig 20.58. 
Wermager found that the SWR was below 
1.2 across the entire band (see Fig 20.59). 
You don't have to have a 70-ft tower to 
build this sloper. Kelly Davis, KD7XY, 
built one of these antennas on his 50-ft 
tower. Highest SWR on this version is 
1.4:1. Measurements for the Davis an- 
tenna are shown in parentheses in 
Fig 20.58. The radiation pattern for these 
antennas is much like that for a regular 
1/4-À half sloper. 

A version of the Wermager sloper simi- 
lar to the one shown in Fig 20.58 was built 
at K8CH where it was tested for a year. 
After the year-long test, 40 radials were 
extended from, and bonded to, the base of 
the tower. That resulted in a slight increase 
in SWR and a slight decrease in bandwidth 
after the antenna was retuned, indicating 
that the overall loss was lower, making the 
antenna Q higher. However, another year- 
long test showed that performance im- 
proved dramatically. The antenna still 
covers the entire 3.5-MHz band with an 
SWR of less than 2:1. 


3.6 37 3.8 3.9 
FREQUENCY (MHz) 


Fig 20.59—SWR measurements for the 
antenna at KØEOU. The highest SWR 
measurement between 3.5 and 4.0 MHz 
is 1.2, but this is doubtless an 
indication of appreciable earth losses 
rather than broadband antenna 
performance. 


Yagi and Quad Directive Antennas 


Most antennas described earlier in this 
chapter have unity gain compared to a di- 
pole, or just slightly more. For the purpose 
of obtaining gain and directivity it is con- 
venient to use a Yagi-Uda or quad beam. 
antenna. The former is commonly called a 
Yagi, and the latter is referred to as a quad. 

Most operators prefer to erect these an- 
tennas for horizontal polarization, but they 
can be used as vertically polarized arrays 


merely by rotating the elements by 90°. In : 


effect, the beam antenna is turned on its 
side for vertical polarity. The number of 
elements used will depend on the gain 
desired and the limits of the supporting 
structure. Many amateurs obtain satisfac- 
tory results with only two elements in a 


beam antenna, while others have four ог, 


five elements operating on a single ama- 
teur band. : 

A Regardless of the number of elements 
. used, the height-above-ground consider- 
ations discussed earlier for dipole anten- 
nas remain valid with respect to the angle 
of radiation. This is demonstrated in 
Fig 20.60 at A and B where a comparison 


of radiation characteristics is given for a ° 


3-element Yagi at one-half and one wave- 
length above average ground. It can be 
seen that the higher antenna (Fig 20.60B) 
has a main lobe that.is more favorable for 
DX work (roughly 15?) than the lobe of 
thelower antenna in Fig 20.60A (approxi- 
mately 30?). The pattern at B shows that 
some useful high-angle radiation exists 
also, and the higher lobe is suitable for 
short-skip contacts when propagation con- 
ditions dictate the need. j. 

The azimuth pattern for the same an- 


_tennais provided in Fig 20.61. Most of the : 


power is concentrated in the main lobe at 
0° azimuth. The lobe directly behind the 
main lobe at 180° is often called the 
backlobe. Note that there are small 
sidelobes at approximately 110° and 260° 
in azimuth. The peak power difference, in 
decibels, between the “nose” of the main 
lobe at 0? and the strongest rearward lobe 
is called the front-to-rear ratio (F/R). In 
this case the worst-case rearward lobe is at 
180°, and the F/R is 12 dB. Itis infrequent 
that two 3-element Yagis with different 
element spacings and tuning will yield the 
same lobe patterns. The pattern of 
Fig 20.61 is shown only for illustrative 
purposes. 


Parasitic Excitation 


In most of these arrangements the addi- 
tional elements receive power by induc- 
tion or radiation from the driven element 
and reradiate it in the proper phase rela- 
tionship to give the desired effect. These 


elements are called parasitic elements, as 


contrasted to driven elements, which re- 


ceive power directly from the transmitter ` 


through the transmission line. 
The parasitic element is called a direc- 


` tor when it reinforces radiation on a line 


pointing to it from the driven element, and 
a reflector when the reverse is the case. 
Whether the parasitic element is a director 
or reflector depends on the parasitic ele- 
ment tuning, which is usually adjusted by 
changing its length. ; 


Gain, Front-to-Rear Ratio and SWR 
The gain of an antenna with parasitic 


: elements varies with the spacing and 
tuning of the elements. Element tuning - 


is a function of length, diameter and 
taper schedule if the element is con- 
structed with telescoping tubing. For 
any given spacing, there is a tuning con- 
dition that will give maximum gain at 
this spacing. However, the maximum 
front-to-rear ratio seldom, if ever, oc- 
curs at the same condition that gives 
maximum forward gain. The impedance 
of the driven element in a parasitic ar- 
ray, and thus the SWR, also varies with 
the tuning and spacing. 

It is important to remember that all 
these parameters change as the operat- 
ing frequency is varied. For example, if 
you operate both the CW and phone por: 
tions of the 20-m band with a Yagi or 
quad antenna, you probably will want 
an antenna that "spreads out" the per- 
formance over most of the band. Such 


` designs typically must sacrifice a little 


gain in order to achieve good F/R and 
SWR performance across the band. The 
longer the boom of a Yagi or a quad, and 
the more elements that are placed on that 
boom, the better will be the overall per- 
formance over a given amateur band. 
For the lower HF bands, the size of the 
antenna quickly becomes impractical 
for truly “optimal” designs, and com: 
promise is necessary. a 


Two-Element Beams . 


A 2-element beam is useful where space 
or other considerations prevent the use of 
a three element, or larger, beam. The gen- 
eral practice is to tune the parasitic ele- 


ment as a reflector and space it about 0.15 . 


À from the driven element, although some 


` successful antennas have been built with 
.O. I-A spacing and director tuning. Gain vs 
-element spacing for a two-element an- 


tenna is given in Fig 20.62 for the special 
case where the parasitic element is reso- 
nant. It is indicative of the performance to 
be expected under maximum-gain tuning 


conditions. Changing the tuning of the 


driven element in a Yagi or quad will not 


materially affect the gain or F/R. Thus, 
only the spacing and the tuning of the: 
single parasitic element have any effect 
on the performance of a 2-element Yagi or 
quad. Most 2-element Yagi designs 
achieve a compromise F/R of about 10 dB, 
together with acceptable SWR and gain 
across a frequency band with a percentage 
bandwidth less than about 4%. A 2-ele- 
ment quad can achieve better F/R, gain and 
SWR across a band, at the expense of 
greater mechanical complexity compared 
to a Yagi. ; : 


Fig 20.60—Elevation-plane response of 
a 3-element Yagi placed '/ ) above 
perfect ground at (A) and the same 
antenna spaced 1 X above ground at 
(B). i 
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Fig 20.61—Azimuth-plane pattern of a 
typical three-element Yagi in free 
space. The Yagi’s boom is along the 0° 
to 180° axis. · : 
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Three-Element Beams 


A theoretical investigation of the 3-ele- 
ment case (director, driven element and 
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Fig 20.62—Gain vs element spacing for 
a 2-element Yagi, having one driven 
and one parasitic element. The 
reference point, 0 dB, is the field 
strength from a half-wave antenna 
alone. The greatest gain is in the 
direction A at spacings of less than 
0.14 A, and in direction B at greater 
spacings. The front-to-rear ratio is the 
difference in decibels between curves 
A and B. Variation in radiation 
resistance of the driven element is also 
shown. These curves are for the 
special case of a self-resonant 
parasitic element, but are 
representative of how a 2-element Yagi 
works. At most spacings the gain as a 
reflector can be increased by slight 
lengthening of the parasitic element; 
the gain as a director can be increased 
by shortening. This also improves the 
front-to-rear ratio. 


reflector) has indicated a maximum gain 
of about 9.7 dBi. A number of experimen- 
tal investigations have shown that the 
spacing between the driven element and 
reflector for maximum gain is in the re- 
gion of 0.15 to .25 А. With 0.2-A reflector 
spacing, Fig 20.63 shows that the gain 
variation with director spacing is not es- 
pecially critical. Also, the overall length 
of the array (boom length in the case of a 
rotatable antenna) can be anywhere be- 
tween 0.35 and 0.45 À with no appreciable 
difference in the maximum gain obtain- 
able. 

If maximum gain is desired, wide spac- 
ing of both elements is beneficial because 
adjustment of tuning or element length is 
less critical and the input resistance of the 
driven element is generally higher than 
with close spacing. A higher input resis- 
tance improves the efficiency of the an- 
tenna and makes a greater bandwidth pos- 
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Fig 20.63—General relationship of gain 
of 3-element Yagi versus director 
spacing, the reflector being fixed at 
0.2 X. This antenna is tuned for 
maximum forward gain. 


Table 20.10 
10-m Optimized Yagi Designs 
Spacing 
Between Segi Seg2 
Elements Length Length 
(in.) (in.) (in.) 
310-08 
Refl 0 24 18 
DE 36 24 18 
Dir 1 54 24 18 
410-14 
Refi 0 24 18 
DE 36 24 18 
Dir 1 36 24 18 
Dir 2 90 24 18 
510-24 
Refl 0 24 18 
DE 36 24 18 
Dir 1 36 24 18 
Dir 2 99 24 18 
Dir 3 111 24 18 


Seg3 Midband 
Length Gain 
(in.) F/R 
66.750 7.2dBi 
57.625 22.9 dB 
53.125 

64.875 8.4 dBi 
58.625 30.9 dB 
57.000 

47.750 

65.625 10.3 dBi 
58.000 25.9 dB 
57.125 

55.000 

50.750 


Note: For all antennas, the tube diameters are: Seg1=0.750 inch, Seg2-0.625 inch, 


Seg3-0.500 inch. 
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sible. However, a total antenna length, 
director to reflector, of more than 0.3 A at 
frequencies of the order of 14 MHz intro- 
duces difficulty from a construction stand- 
point. Lengths of 0.25 to 0.3 À are there- 
fore used frequently for this band, even 
though they are less than optimum from 
the viewpoint of maximum gain. 

In general, Yagi antenna gain drops off 
less rapidly when the reflector length is 
increased beyond the optimum value than 
it does for a corresponding decrease be- 
low the optimum value. The opposite is 
true of a director. It is therefore advisable 
to err, if necessary, on the long side for a 
reflector and on the short side for a direc- 
tor. This also tends to make the antenna 
performance less dependent on the exact 
frequency at which it is operated: An in- 
crease above the design frequency has the 
same effect as increasing the length of both 
parasitic elements, while a decrease in fre- 
quency has the same effect as shortening 
both elements. By making the director 
slightly short and the reflector slightly 
long, there will be a greater spread be- 
tween the upper and lower frequencies at 
which the gain starts to show a rapid de- 
crease. 

We recommend "plumbers delight" 
construction, where all elements are 
mounted directly on, and grounded to, the 
boom. This puts the entire array at dc 
ground potential, affording better light- 
ning protection. A gamma- or T-match 
section can be used for matching the feed 
line to the array. 


Computer-Optimized Yagis 

Yagi designers are now able to take 
advantage of powerful personal comput- 
ers and software to optimize their designs 
for the parameters of gain, F/R and SWR 
across frequency bands. ARRL Senior 
Assistant Technical Editor Dean Straw, 
N6BV, has designed a family of Yagis for 
HF bands. These can be found in 
Tables 20.10 through Table 20.14, forthe 
10, 12, 15, 17 and 20-m amateur bands. 

For 12 through 20 m, each design has 
been optimized for better than 20 dB F/R, 
and an SWR of less than 2:1 across the 
entire amateur frequency band. For the 10- 
m band, the designs were optimized for 
the lower 800 kHz of the band, from 28.0 
to 28.8 MHz. Each Yagi element is made 
of telescoping 6061-T6 aluminum tubing, 
with 0.058 inch thick walls. This type of 
element can be telescoped easily, using 
techniques shown in Fig 20.64. Measur- 
ing each element to an accuracy of '/s inch 
results in performance remarkably consis- 
tent with the computations, without any 
need for “tweaking” or fine-tuning when 
the Yagi is on the tower. 


Table 20.11 

12-m Optimized Yagi Designs E 
Spacing 
Between . 
Elements 
in. 

312-10 

Refl 0 

DE 40 

Dir 1. 74 

412-15 

` Refi 0 

DE 46 

Dir 1 46 

Dir 2 82 

512-20 

Refl 0 

DE 46 

Dir 1 46 

Dir 2 48 

Dir 3 94 


Seg 3 
Length 
in. 


69.000 


59.125 
54.000 


66.875 


60.625 
58.625 
50.875 


69.750 
61.750 
60.500 
55.500 
54.625 


Midband 
Gain 
F/R 


7.5 dBi 
24.8 dB 


Note: For all antennas, the tube diameters are: Seg 1 = 0.750 inch, Seg 2 = 0.625 inch, 


Seg 3 = 0.500 inch. 


Seg 1 
Length 
in. 


30 
30 
30 


30 
30 


Table 20.12 

15-m Optimized Yagi Designs 
Spacing 
Between 
Elements 
in. 

315-12 

Refi 0 

DE 48 

Dir 1 92 

415-18 

Refl 0 

DE 56 

Dir 1 56 

Dir 2 98 

515-24 

Refl 0 

DE 48 

Dir 1 48 

Dir 2 52 

Dir 3 134 


Midband 
Seg 3 Seg 4 Gain 
Length Length F/R 
in. | . їп. 
18 61.365 7.6 dBi 
18 49.625 25.5 dB 
18 43.500 
18 59.750 8.3 dBi 
18 50.875 30.9 dB 
18 48.000 М 
18^ 36.625 
18 62.000 ' . 9.4 dBi 
18 52.375 25.9 dB 
18 47.875 | 
18 47:000 
18 : 


Note: For all antennas, the tube diameters (in inches) are: Seg 1 = 0.875, Seg 2 = 0.750, Seg 3 = 0.625, Seg 4 = 0.500. 


\ 

Seg 1 
Length 
(in.) 


Seg 2 
Length 
(in.) 


24 
24 
24 


24, 
24 
24 


ТаЫе 20.13 
17-m Optimized Yagi Designs 
Spacing 
Between 
Elements 
(in.) 
317-14 
Refl 0 
DE 65 
Dir 1 97 
417-20 
Вей 0 
DE 60 
Dir 1 60 
Dir 2 184 


24 


Seg 3 


Length 
(in.) 


36 . 
36 ` 


‚36 


36 
36 
36 


36 


Seg 5 
Length 
(in.) 


60.125 


52.625 


‚ 48.500 


61:500 
54.250 
52.625 
40.500 


Midband | 


Gain 
F/R 


8.1 dBi 
24.3 dB 


8.5 dBi 
27.7 dB 


Note: For all antennas, tube diameters (inches) are: Seg1-1.000, LE 0.875, 
Seg3=0.750, Seg4=0.625, Seg5= 0.500. : 
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Table 20.14 
20-m Optimized Yagi Designs 


Spacing Midband 
Between 5ед 1 Seg2 Seg3 Seg4 Seg5 Seg6 Gain 
Length Length Length Length Length Length F/R Elements 
(in.) (in.) (in.) (in.) (in.) (in.) (in.) 
320-16 
Refl 0 48 24 20 42 20 69.250 7.2 dBi 
DE 80 48 24 20 42 20 51.250 48.8 dB 
Dir 1 106 48 24 20 42 20 42.625 
420-26 
Refl 0 48 24 20 42 20 57.875 8.6 dBi 
DE 60 48 24 20 42 20 52.375 22.2 dB 
Dir 1 60 48 24 20 42 20 65.250 
Dir 2 184 48 24 20 42 20 56.375 


Note: For all antennas, tube diameters (inches) are: Seg 1=1.250, Seg 2=1.000, 
Seg 3=0.875, Seg 4=0.750, Seg 5=0.625, Seg 6=0.500. 
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Fig 20.64—Some methods of connecting telescoping tubing sections to build 
beam elements. See text for a discussion of each method. 
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Fig 20.65—The boom-to-element plate 
at A uses muffler-clamp-type U-bolts 
and saddles to secure the round tubing 
to the fiat plate. The boom-to-mast 
plate at B is similar to the boom-to- 
element plate. The main difference is 
the size of materials used. 


Each element is mounted above the 
boom with a heavy rectangular aluminum 
plate, by means of galvanized U-bolts 
with saddles, as shown in Fig 20.65. This 
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method of element mounting is rugged and 
stable, and because the element is mounted 
away from the boom, the amount of ele- 
ment detuning due to the presence of the 
boom is minimal. The element dimensions 
given in each table already take into ac- 
count any element detuning due to the 
boom-to-element mounting plate. The el- 
ement-to-boom mounting plate for all the 
10-m Yagis is a 0.250-inch thick flat alu- 
minum plate, 4 inches wide by 4 inches 
long. For the 12 and 15-m Yagis, a 
0.375-inch thick flat aluminum plate, 
5 inches wide by 6 inches long is used, and 
for the 17 and 20-m Yagis, a 0.375-inch 
thick flat aluminum plate, 6 inches wide 
by 8 inches long is used. Where the plate 
is rectangular, the long dimension is in line 
with the element. 

Each design table shows the dimensions 
for one-half of each element, mounted on 
one side of the boom. The other half of 
each element is the same, mounted on the 
other side of the boom. Use a tubing sleeve 
inside the center portion of the element so 
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Fig 20.66—IIlustrations of gamma and T 
matching systems. At A, the gamma 
rod is adjusted along with C until the 
lowest SWR is obtained. A T match is 
shown at B. It is the same as two 
gamma-match rods. The rods and C1 
and C2 are adjusted alternately for a 
best SWR. A coaxial 4:1 balun 
transformer is shown at C. A toroidal 
balun can be used in place of the coax 
model shown. The toroidal version has 
a broader frequency range than the 
coaxial one. The T match is adjusted 
for 200 О and the balun steps this 
balanced value down to 50 ©, 
unbalanced. Or the T match can be set 
for 300 Q, and the balun used to step 
this down to 75 Q unbalanced. 
Dimensions for the gamma and T 
match rods will depend on the tubing 
size used, and the spacing of the 
parasitic elements of the beam. 
Capacitors C, C1 and C2 can be 140 pF 
for 14-MHz beams. Somewhat less 
capacitance will be needed at 21 and 28 
MHz. 


that the element is not crushed by the 
mounting U-bolts. Each telescoping sec- 
tion is inserted 3 inches into the next size 
of tubing. For example, in the 310- 
08.Y AG design (3 elements on an 8-ft 
boom), the reflector tip, made out of 
!/5-inch OD tubing, sticks out 66.75 inches 
from the */s-inch OD tubing. For each 
10-m element, the overall length of each 
5/s-inch OD piece of tubing is 21 inches, 
before insertion into the ?/4-inch piece. 


Since the 3/4-inch OD tubing is 24 inches 
long on each side of the boom, the center 
portion of each element is actually 
48 inches of uncut ?/4-inch OD tubing. 

The boom for all these antennas should 
be constructed with at least 2-inch-OD 
tubing, with 0.065-inch wall thickness. 
Because each boom has 3 inches extra 
space at each end, the reflector is actually 
placed 3 inches from one end of the boom. 
For the 310-08. Y AG, the driven element 
is placed 36 inches ahead of the reflector, 
and the director is placed 54 inches ahead 
of the driven element. 

Each antenna is designed with a driven 
element length appropriate for a gamma 
or T matching network, as shown in Fig 
20.66. The variable gamma or T capaci- 
tors can be housed in small plastic cups for 
weatherproofing; receiving-type variable ` 
capacitors with close plate spacing can be 
used at powers up to a few hundred watts. 
Maximum capacitance required is usually 
140 pF at 14 MHz and proportionally less 
at the higher frequencies. 

The driven-element’s length may re- 
quire slight readjustment for best match, 

. particularly if a different matching net- 
work is used. Do not change either the 
lengths or the telescoping tubing schedule 
of the parasitic elements—they have been 
optimized for best performance and will 
. not be affected by tuning of the driven 

element. 


{ 


Tuning Adjustments 


Preliminary matching adjustments can 
be done on the ground. The beam should 
be set up so the reflector element rests on 
the earth, with the beam pointing upward. 
The matching system is then adjusted for 
best SWR. When the antenna is raised to 
its operating height, only slight touch-up 
of the matching network may be required. 


. Construction of Yagis 


Most beams and verticals are made from 
sections of aluminum tubing. Compromise- 
beams have been fashioned from less-ex- 
pensive materials such as electrical con- 
duit (steel) or bamboo poles wrapped with 
conductive tape or aluminum foil. The 
steel conduit is heavy, is a poor conductor 
and is subject to rust. Similarly, bamboo 
with conducting material attached to it will 
deteriorate rapidly in the weather. The 
dimensions shown for the Yagis in the 
preceding section are designed for specific 
telescoping aluminum elements, but the 
elements may be scaled to different sizes 
by using the information about tapering 
and scaling in Chapter 2 of The ARRL 
Antenna Book, although with a likelihood 
of deterioration in performance over the 
whole frequency band. 


For reference, Table 20.15 details the 
standard sizes of aluminum tubing, avail- 
able in many metropolitan areas. Dealers 
may be found in the Yellow Pages under 
“Aluminum.” Tubing usually comes in 12- 
ft lengths, although 20-ft lengths are avail- 
able in some sizes. Your aluminum dealer 
will probably also sell aluminum plate in 
various thicknesses needed for boom-to- 
mast and boom-to-element connections. 

Aluminum is rated according to its hard- 
ness. The most common material used in 
antenna construction is grade 6061-T6. 
This material is relatively strong and has 


` good workability. In addition, it will bend 


without taking a “set,” an advantage in 
antenna applications where the pieces are 
constantly flexing in the wind. The softer 


‚ grades (5051, 3003 and so on) will bend 
‘much more easily, while harder grades 


(7075 and so on) are more brittle. 
Wall thickness is of primary concern 
when selecting tubing. It is of utmost 


importance that the tubing fits snugly ` 


where the element sections join. Sloppy 
joints will make a mechanically un- 
stable antenna. The “magic” wall thick- 
ness is 0:058 inch. For example (from 
Table 20.15), 1-іпсһ outside diameter 
(OD) tubing with a 0.058-inch wall has 
an inside diameter (ID) of 0.884 inch. 
The next smaller size of tubing, ?/s inch, 
has an OD of 0.875 inch. The 0.009-inch 
difference: provides just the right 
amount of clearance for a snug fit. 

Fig 20.64 shows several methods of fas- 
tening antenna element sections together. 
The slot and hose clamp method shown in 


Fig 20.64A is probably the best for joints ` 


where adjustments are needed. Generally, 
one adjustable joint per element half is 
sufficientto tune the antenna—usually the 
tips at each end of an element are made 
adjustable. Stainless steel hose clamps 


(beware—some "stainless steel" models' 


do not have a stainless screw and will rust) 
are recommended for longest antenna life. 
Fig 20.64B, C and D show possible fas- 


` tening methods for joints that are not ad- 
justable. At B, machine screws and nuts 


hold the elements in place. At C, sheet 


. metal screws are used. At D, rivets secure 


the tubing. If the antenna is to be as- 
sembled permanently, rivets are the best 
choice. Once in place, they are 
permanent.They will never work free, re- 
gardless of vibration or wind. If aluminum 
rivets with aluminum mandrels are em- 
ployed, they will never rust. Also, being 
aluminum, there is no danger of corrosion 
from interaction between dissimilar met- 
als. If the antenna is to be disassembled 
and moved periodically, either B or C will 
work. If machine screws are used, how- 
ever, take precautions to keep the nuts 


Fig 20.67—A long boom needs both 
vertical and horizontal support. The 

' crossbar mounted above the boom can 
support a double truss, which will help 
keep the antenna in position. 


from vibrating free. Use of lock washers, 
lock nuts and flexible adhesive such as 
silicone bathtub sealant will keep the hard- 
ware in place. | 

‘Use of a conductive grease at the ele- 


‘ment joints is essential for long life. Left 


untreated, the aluminum surfaces will oxi- 
dize in the weather, resulting in a poor 
connection. Some trade names for this 
conductive grease are Penetrox, Noalox . 
and Dow Corning Molykote 41. Many 
electrical supply houses carry these prod- 
ucts. . 


Boom Material 


The boom size for a rotatable Yagi or 
quad should be selected to provide stabil- 
ity to the entire system. The best diameter 
for the boom depends on several factors, 
but mostly the element weight, number of 
elements and overall length. Two-inch- 
diameter booms should not be made any 
longer than 24 ft unless additional support 
is given to reduce both vertical and hori- 
zontal bending forces. Suitable reinforce- 
ment for along 2-inch boom can consist of 
a truss or a truss and lateral support, as 
shown in Fig 20.67. 

A boom length of 24 ftis about the point 
where a 3-inch diameter begins to be very 
worthwhile. This dimension provides a 
considerable amount of improvement in 
overall mechanical stability as well as in- 
creased clamping surface area for element 
hardware. The latter is extremely impor- 
tant to prevent rotation of elements around 
the boom if heavy icing is commonplace. 
Pinning an element to the boom with a 
large bolt helps in this regard. On smaller 
diameter booms, however, the elements 
sometimes work loose and tend to elon- 
gate the pinning holes in both the element 
and the boom. After some time the ele- 
ments shift their positions slightly (some- 
times from day to day) and give a ragged 
appearance to the system, even though this 
may not harm the electrical performance. 

: A 3-inch-diameter boom with a wall 
thickness of 0.065 inch is very satisfac- 
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Table 20.15 
Standard Sizes of Aluminum Tubing 


6061-T6 (61S-T6) Round Aluminum Tube in 12-ft Lengths 


OD Wall Thickness ID Approx Weight (Ib) OD Wall Thickness ID Approx Weight (Ib) 
(in.) in. stubs ga (in.) per ft per length (in.) in. stubs ga (in.) per ft per length 
3/16 0.0355 по. 20 0.117 0.019 0.228 1-1/4 0.035 по. 20 1.180 0.155 1.860 
0.049 по. 18 0.089 0.025 0.330 
0.049 по. 18 1.152 0.210 2.52 
1/4 0.035 no. 20 0.180 0.027 0.324 0.058 no. 17 1.134 0.256 3 ro 
0.049 по. 18 0.152 0.036 0.432 0.065 10.16 1120 0284 3408 
5/16 0.035 по. 20 0.242 0.036 0.432 1-3/8 0.035 по 20 1305 0.73 2076 
0.049 по. 18 0.214 0.047 0.564 0.058 по. 17 1.259 0.282 3.384 
0.058 по. 17 0.196 0.055 0.660 1-1/2 0.0355 по. 20 1.430 0.180 2.160 
0.049 по. 18 0.277 0.060 0.720 0.058 по. 17 1.384 0.309 3.708 
0.058 по. 17 0.259 0.068 0.816 0.065 по. 16 1.370 0.344 4.128 
0.065 по. 16 0.245 0.074 0.888 0.003 по. 14 1.334 0.434 5.208 
716 0.035 по. 20 0.367 0.051 0.612 *0.125 1/8" 1250 0630 7416 
0.065 по. 16 0.307 0.089 1.068 1-5/8 0.035 по. 20 1.555 0.200 2.472 
1/2 0.028 no. 22 0.444 0.049 0.588 0.058 no. 17 1.509 0.336 4.032 
0.035 по. 20 0.430 0.059 0.708 1-3/4 0.058 по. 17 1.634 0.363 4.356 
0.049 по. 18 0.402 0.082 0.948 0.083 по. 14 1.584 0.510 6.120 
0.058 по. 17 0.384 0.095 1.040 1-7/8 0.508 по. 17 1.759 0.3898 4.668 
0.065 по. 16 0.370 0.107 1.284 2 0.049 по. 18 1.902 0.350 4.200 
5/8 0.028 по. 22 0.569 0.061 0.732 0.065 по. 16 1.870 0.450 5.400 
0.035 по. 20 0.555 0.075 0.900 0.083 по. 14 1.834 0.590 7.080 
0.049 по. 18 0.527 0.106 1.272 *0.125 1/8" 1.750 0.870 9.960 
0.058 по. 17 0.509 0.121 1.452 *0.250 1/4" 1500 1620 19920 
0.065 по. 16 0.495 0.137 1.644 2-14 0.049 по. 18 2.152 0.398 4776 
3/4 0.035 по. 20 0.680 0.091 1.092 0.065 no. 16 2.120 0.520 6.240 
0.049 по. 18 0.652 0.125 1.500 0.083 по. 14 2.084 0.660 7.920 
0.058 по. 17 0.634 0.148 1.776 2-1/2 0.065 по. 16 2.370 0.587 7.044 
0.065 по. 16 0.620 0.160 1.920 0.083 по. 14 2.334 0.740 8.880 
0.083 no. 14 0.584 0.204 2.448 *0.125 1/8" 2.250 1.100 12.720 
7/8 0.035 по. 20 0.805 0.108 1.308 *0.250 1/4" 2.000 2.080 25.440 
0.049 по. 18 0.777 0.151 1.810 3 0.065 по. 16 2.870 0.710 8.520 
0.058 по. 17 0.759 0.175 2.100 0.125 1/8" 2.700 1.330 15.600 
0.065 по. 16 0.745 0.199 2.399 h : 
1 0.0385 по. 20 0.930 0.123 1.467 0.250 14 2:300 2530. Shee 
0.049 по. 18 0.902 0.170 2.040 А | i 
These sizes are extruded; all other sizes are drawn tubes. 
0.058 no. 17 0.884 0.202 2.424 Shown here are standard sizes of aluminum tubing that are 
0.065 no. 16 0.870 0.220 2.640 stocked by most aluminum suppliers or distributors in the United 
0.083 no. 14 0.834 0.281 3.372 States and Canada. 
1-1/8 0.035 по. 20 1.055 0.139 1.668 
0.058 по. 17 1.009 0.228 2.736 


tory for antennas up to about a 5-element, 
20-m array that is spaced on a 40-ft boom. 
A truss is recommended for any boom 
longer than 24 ft. One possible source for 
large boom material is irrigation tubing 
sold at farm supply houses. 


Putting It Together 


Once you assemble the boom and ele- 
ments, the next step is to fasten the ele- 
ments to the boom securely and then fas- 
ten the boom to the mast or supporting 
structure. Be sure to leave plenty of mate- 
rial on either side of the U-bolt holes on 
the element-to-boom mounting plates. 
The U-bolts selected should be a snug fit 
for the tubing. If possible, buy muffler- 
clamp U-bolts that come with saddles. 
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The boom-to-mast plate shown in 
Fig 20.65B is similar to the boom-to-ele- 
ment plate. The size of the plate and num- 
ber of U-bolts used will depend on the size 
of the antenna. Generally, antennas for the 
bands up through 20 m require only two 
U-bolts each for the mast and boom. 
Longer antennas for 15 and 20 m (35-ft 
booms and up) and most 40-m beams 
should have four U-bolts each for the 
boom and mast because of the torque that 
the long booms and elements exert as the 
antennas move in the wind. When tighten- 
ing the U-bolts, be careful not to crush the 
tubing. Once the wall begins to collapse, 
the connection begins to weaken. Many 
aluminum suppliers sell '/4-inch or */s-inch 
plates just right for this application. Often 


they will shear pieces to the correct size on 
request. As with tubing, the relatively hard 
6061-T6 grade is a good choice for mount- 
ing plates. 

The antenna should be put together with 
good-quality hardware. Stainless steel is 
best for long life. Rust will attack plated 
steel hardware after a short while, making 
nuts difficult, if notimpossible, to remove. 
If stainless muffler clamps are not avail- 
able, the next best thing is to have them 
plated. If you can't get them plated, then at 
least paint them with a good zinc-chro- 
mate primer and a finish coat or two. 
Good-quality hardware is more expensive 
initially, but if you do it right the first time, 
you won't have to take the antenna down 
after a few years and replace the hardware. 


Also, when repairing or modifying an in- 
stallation, nothing is more frustrating than 
fighting rusty hardware at the top of a 
tower. 


Quad Antennas 


One of the more effective DX arrays is © 


called a quad antenna. It consists of two or 
more loops of wire, each supported by a 
bamboo or fiberglass cross-arm assembly. 
The loops are a quarter wavelength per 
side (full wavelength overall). One loop is 
driven and the other serves as a parasitic 
element—usually a reflector. A variation 
of the quad is called the delta loop. The 
electrical properties of both antennas are 
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Fig 20.68—Information on building a 
quad or a delta-loop antenna. The 
antennas are electrically similar, but 
the delta-loop uses plumber’s delight 
construction. The 1/4 length of 75-0 
coax acts as a Q-section transformer 
from approximate 100-0 feedpoint — 
impedance of quad to 50-Q feed line 
coax. 
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the same. Both antennas are shown in 
Fig 20.68. They differ mainly in their 
physical properties, one being of 
plumber’s delight construction, while the 
other uses insulating support members. 
One or more directors can be added to ei- 
ther antenna if additional gain and direc- 
tivity are desired, though most operators 
use the 2-element arrangement. | 
It is possible to interlace quads or “del- 
tas” for two or more bands, but if this is 
done the formulas given in Fig 20.68 may 
have to be changed slightly to compensate 
for the proximity effect of the second an- 
tenna. For quads the length of the full- 


‘wave loop can be computed from 


9 After purchasing a GEM quad 
antenna, | determined that the best 
place for the antenna on my property 
was 375 feet from my operating 
position. Even low-loss coax could 
easily result in a 3-dB loss at 28 MHz. 

. Atthe encouragement of Jay — ' 
Kolinsky, NE2Q, I looked at using 
open-wire transmission line. Using 
readily available 450-Q line, the 
losses would be low and the line 


| cost went down to only 10 cents per 
foot. As we learned later, there were , 


even bigger benefits. 
Feeding the Antenna 


I’ve talked to a lot of people using © 


quads, and | couldn't find anyone 
who had fed their quad with open- 
wire line. A call to the antenna 
manufacturer produced some 
suggestions, but not firm guidance 
on how to do the job. 

The antenna was set up for for 
four bands: 20, 17, 15 and 10 m. Jay 
and | decided to take the easy way 
out and tie all of its driven elements 
together, spacing their terminals with 
а 11/,-іпсћ porcelain insulator, and 
feed the all four driven elements with 
the open-wire line as shown in 
Figure 2. We ignored the driven 
elements' sum feed-point imped- 
ance, since using open-wire line 
meant using an antenna tuner 
between the transmitter and the line, 
anyway. We did not attempt to tune 
the antenna's driven elements, 
deciding instead to carefully adjust 
the quad's front-to-back ratio on 
each band and let the tuner take 
care of the rest. 


Unexpected Results 

. Careful front-to-back ratio adjust- 
ments yielded results better than 
those claimed by the antenna 


FEEDING A QUAD WITH OPEN-WIRE LINE 


a a S | | IT 
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If multiple arrays are used, each antenna 
should be tuned separately for maximum 
forward gain, or best front-to-rear ratio, as 
noted on a field-strength meter. The re- 
flector stub on the quad should be adjusted 
for this condition. The gamma match 
should be adjusted for best SWR. The 
resonance of the antenna can be found by 
checking the frequency at which the low- 
est SWR occurs. The element length 
(driven element) can be adjusted for reso- 
nance in the most-used portion of the band 
by lengthening or shortening it. 


Full-wave loop = 


Driven Elements 


Figure 2—Curtis, NT5E, simplified his 
quad feed by connecting its elements’ 
feed points together and feeding all 
three simul-taneously with open-wire 
line. 


manufacturer. NT5E went on the air 
with a new antenna, and the perfor- 
mance proved well worth the work. 
Using the tuner, | was able to 
operate anywhere in the bands with 
a 1:1 SWR. The only drawback was 
that | still needed antennas for 7, 10 
and 24 MHz—or did I? 

A quick check proved that the 
system would load up at 10 and 24 
MHz. More careful adjustments were 
required for tuning up at 7 MHz. We 
roughly measured its radiation pattern 
as similar to that of a half-wave loop. 
My antenna had grown—at least in 
terms of frequency coverage! Further 
rough measurements at 7 MHz 
showed that there was a slight front- 
to-back ratio, possibly because of the 
reflectors present for 14, 18, 21 and 
28 MHz.—Curtis Robb, NT5E, 
Boerne, Texas 
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A FIVE-BAND, TWO-ELEMENT HF QUAD 


Two quad designs are described in this 
article, both nearly identical. One was 
constructed by KC6T from scratch, and 
the other was built by Al Doig, W6NBH, 
using modified commercial triband quad 
hardware. The principles of construction 
and adjustment are the same for both mod- 
els, and the performance results are also 
essentially identical. One of the main ad- 
vantages of this design is the ease of (rela- 
tively) independent performance adjust- 
ments for each of the five bands. These 
quads were described by William A. Stein, 
KC6T, in QST for April 1992. Both mod- 
els use 8-ft-long, 2-inch diameter booms, 
and conventional X-shaped spreaders 
(with two sides of each quad loop parallel 
to the ground). 


The Five-Band Quad as a System 


Unless you are extraordinarily lucky, 
you should remember one general rule: 
Any quad must be adjusted for maximum 
performance after assembly. Simple quad 
designs can be tuned by pruning and re- 
stringing the elements to control front-to- 
rear ratio and SWR at the desired operat- 


Capacitors/ 
Insulators 
(5 places) 


Reflector 


ing frequency. Since each element of this 
quad contains five concentric loops, this 
adjustment method could lead to a nervous 
breakdown! 

Fig 20.69 shows that the reflectors and 
driven elements are each independently 
adjustable. After assembly, adjustment is 
simple, and although gamma-match com- 
ponents on the driven element and capaci- 
tors on the reflectors add to the antenna’s 
parts count, physical construction is not 
difficult. The reflector elements are pur- 
posely cut slightly long (except for the 10- 
m reflector), and electrically shortened by 
means of a tuning capacitor. The driven- 
element gamma matches set the lowest 
SWR at the desired operating frequency. 

As with most multiband directive an- 
tennas, the designer can optimize any two 
of the following three attributes at the 
expense of the third: forward gain, front- 
to-rear ratio and bandwidth (where the 
SWR is less than 2:1). These three charac- 
teristics are related, and changing one 
changes the other two. The basic idea be- 
hind this quad design is to permit (without 
resorting to trimming loop lengths, spac- 
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Fig 20.69—Mechanical layout of the five-band quad. The boom is 8 ft long; see 


Table 20.16 for all other dimensions. 
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ing or other gross mechanical adjust- 
ments): 


• The forward gain, bandwidth and 
front-to-rear ratio may be set by a simple 
adjustment after assembly. The adjust- 
ments can be made on a band-by-band 
basis, with little or no effect on previ- 
ously made adjustments on the other 
bands. 

* Setting the minimum SWR in any por- 
tion of each band, with no interaction 
with previously made front-to-back or 
SWR adjustments. 


The first of the two antennas described, 
the KC6T model, uses aluminum spread- 
ers with PVC insulators at the element 
attachment points. (The author elected not 
to use fiberglass spreaders because of their 
high cost.) The second antenna, the 
W6NBH model, provides dimensions and 
adjustment values for the same antenna, 
but using standard triband-quad fiberglass 
spreaders and hardware. If you have a 
triband quad, you can easily adapt it to this 
design. When W6NBH built his antenna, 
he had to shorten the 20-m reflector be- 
cause the KC6T model uses a larger 20-m 
reflector than W6NBH's fiberglass 
spreaders would allow. Performance is 
essentially identical for both models. 


Mechanical Considerations 


Even the best electrical design has no 
value if its mechanical construction is 
lacking. Here are some of the things that 
contribute to mechanical strength: The 
gamma-match capacitor KC6T used was a 
small, air-variable, chassis-mount capaci- 
tor mounted in a plastic box (see 
Fig 20.70). A male UHF connector was 
mounted to the box, along with a screw 
terminal for connection to the gamma rod. 


Fig 20.70—Photo of one of the feed- 
point gamma-match capacitors. 


The terminal lug and wire are’ for later 
connection to the driven element. The box 
came from a local hobby shop, and the box 


lid was replaced with a piece of '/32-inch . 


ABS plastic, glued in place after the ca- 
pacitor, connector and wiring had been 
installed. The capacitor can be adjusted 
with a screwdriverthrough an access hole. 
Small vent (drain) holes were drilled near 
corresponding corners of each end. 

Enclose the gamma-match capacitor in 
such a manner that you can tape unwanted 
openings closed so that moisture can't be 
directly blown in during wind and rain- 
storms. Also, smaller boxes and sturdy 
mounts to the driven element ensure that 
you won't pick up gamma capacitor as- 
. semblies along with the leaves after a wind 
storm. | 

Plastic gamma-rod insulators/standoffs 


were made from !/»-inch ABS, cut '/2-inch - 


wide with a hole at each end. Use a knife 
to cut from the hole to the side of each 
insulator so that one end can be slipped 
over the driven element and the other over 
the gamma rod. Use about four such insu- 
lators for each gamma rod, and mount the 
first insulator as close to the capacitor box 
as possible. Apply five-minute epoxy to 
the element and gamma rod at the insula- 
tor hole to keep the insulators from slid- 
ing. If you intend to experiment with 
gamma-rod length, perform this gluing 
operation after you have made the finąl 
gamtna-rod adjustments. ; 


Element Insulators 


.. As shown in Fig 20.69, the quad uses 
insulators i in the reflectors for each band 
to break the loop electrically, and to allow 
reflector adjustments. Similar insulators 
were used to break upeach driven element 
so that element impedance measurements 
could be made with a noise bridge. After 
_ the impedance measurements, thé 
driven-element loops are closed again. 
The insulators are made from '/4 x 2 x 
` 3/4-inch phenolic stock. The holes are 
'/2-inch apart. Two terminal lugs (shorted 
together at the center hole) are used in each 
driven element. They offer a convenient 
way to open the loops by removing one 
screw. Fig 20.71 shows these insulators 
and the gamma-match construction sche- 
matically. Table 20.16 lists the compo- 


nent values, element lengths and gamma- 


match dimensions. 


Element-to-Spreader Attachment 


Probably the most common problem 
with quad antennas is wire breakage at the 
element-to-spreader attachment points. 
There are a number of functional attach- 


ment methods; Fig 20.72 shows one of © 


them. The attachment method with both 


i CR 
Coax to Rig EE. 


Insulator 


(8) 


Fig 20.71—Gamma-match construction details (A) and reflector-tuning capacitor ' 
(Cg) attachment schematic (B). The gamma matches consist of matching wires 
(one per band) with series capacitors (C,). See Table 20. 16 for lengths and | 


component specifications. 


Table 20.16 


Element Lengths and Gamma-Match Specifications of the KC6T and 


W6NBH Five-Band Quads 


KC6T Model 

Gamma Match 
Band Driven Length Spacing Co(pF) Reflector Cg 
(MHz) Element (іп.) Length (in.) (pF) 
14 ` 851.2 33 2 125 902.4 · 68 
18. 665.6 24 2 110 ` 705.6. 47 
21 . .568: 24 1.5 90 604.8 43 
24.9 483.2 29.75 1 56 514.4 33 
28 421.6 26.5 1 52 448.8 (jumper) 
W6NBH Mode! 
Xr ` Gamma Match 
Band: Driven Length Spacing C,(pF) Reflector Cg 
(MHz) Element (іп.) ^ Length (in.) (pF) 
14 ‚851.2 31 2 ‚117 890.4 120 
187 665.6 21 2 114 705.6 56 
21 568. 26 1.5 < . 69 604.8 58 
24.9 483.2 15 1 75.5 514.4 54 
28 421.6 18 1 41 448.8 (jumper) 


KC6T and W6NBH spreaders is the same, 
even though the spreader constructions 


` differ. The KC6T model uses $14 AWG, 


7-strand copper wire; W6NBH used #18, 


.7-strand wire. At the point of element at- 


tachment (see Fig 20.73), drill a hole 
through both walls of the spreader using a 
#44 (0.086-inch) drill. Feed a 24-inch- 
long piece of antenna wire through the 
hole and center it for use as an attachment 
wire. 

After fabricating the spider/spreader 


assembly, lay the completed assembly on ` 


à flat surface and cut the element to be 


installed to the correct length, starting 


with the 10-m element. Attach the element 


ends to the insulators to form aclosedloop ' 


before attaching the elements to the 
spreaders. Center the insulator between 
the spreaders on what will become the 
bottom side of the quad loop, then care- 
fully measure and mark the 
element-mounting-points with fingernail 
polish (or a similar substance). Do not 
depend on the at-rest position. of the 
spreaders to guarantee that the mounting 


Fig 20.72—Attaching quad wires to the 
spreaders must minimize stress on the 
wires for best reliability. This method 
(described in the text) cuts the chances 
of wind-induced wire breakage by 
distributing stress. 
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Fig 20.73—Spreader-drilling diagram 
and dimensions for the five-band quad. 
These dimensions apply to both 
spreader designs described in the text, 
except that most commercial spreaders 
are only a bit over 13 ft (156 inches) 
long. This requires compensation for 
the W6NBH model's shorter 20-m 
reflector as described in the text. 
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points will all be correct. 

Holding the mark at the centerline of 
the spreader, tightly loop the attachment 
wire around the element and then gradu- 
ally space out the attachment-wire turns 
as shown. The attachment wire need not 
be soldered to the element. The graduated 
turn spacing minimizes the likelihood that 
the element wire will flex in the same place 
with each gust of wind, thus reducing fa- 
tigue-induced wire breakage. 


Feeding the Driven Elements 


Each driven element is fed separately, 
but feeding five separate feed lines down 
the tower and into the shack would be 
costly and mechanically difficult. The 
ends of each of these coax lines also re- 
quire support other than the tension (or 
lack of thereof) provided by the driven 
element at the feed-point. It is best to use 
aremote coax switch on the boom approxi- 
mately 1 ft from the driven-element 
spider-assembly attachment point. 

At installation, the cables connecting 
the gamma-match capacitors and the coax 
switch help support the driven elements 
and gamma capacitors. The support can be 
improved by taping the cables together in 
several places. A single coaxial feed line 
(and a control cable from the remote coax 
switch, if yours requires one) is the only 
required cabling from the antenna to the 
shack. 


The KC6T Model's Composite 
Spreaders 


If you live in an area with little or no 
wind, spreaders made from wood or PVC 
are practical but, if you live where winds 
can reach 60 to 80 mi/h, strong, light- 
weight spreaders are a must. Spreaders 
constructed with electrical conductors (in 
this case, aluminum tubing) can cause a 
myriad of problems with unwanted reso- 
nances, and the problem gets worse as the 
number of bands increases. 

To avoid these problems, this version 
uses composite spreaders made from 
machined PVC insulators at the 
element-attachment points. Aluminum 
tubing is inserted into (or over) the insula- 
tors 2 inches on each end. This spreader is 
designed to withstand 80 mi/h winds. The 
overall insulator length is designed to pro- 
vide a 3-inch center insulator clear of the 
aluminum tubing. The aluminum tubing 
used for the 10-m section (inside dimen- 
sion “A” in Fig 20.73) is 1'/s-inch diam- 
eter x 0.058-inch wall. The next three sec- 
tions are */s-inch diameter х 0.035-inch 
wall, and the outer length is made from 
1/2 inch diameter x 0.035-inch wall. The 
dimensions shown in Fig 20.73 are attach- 
ment point dimensions only. 


Attach the insulators to the aluminum 
using #6 sheet metal screws. Mechanical 
strength is provided by Devcon no. S 220 
Plastic Welder Glue (or equivalent) ap- 
plied liberally as the aluminum and plastic 
parts are joined. Paint the PVC insulators 
before mounting the elements to them. 
Paint protects the PVC from the harmful 
effects of solar radiation. As you can see 
from Fig 20.73, an additional spreader 
insulator located about halfway up the 
10-m section (inside dimension “А”) re- 
moves one of the structure's electrical 
resonances not eliminated by the attach- 
ment-point insulators. Because it mounts 
at a relatively high-stress point in the 
spreader, this insulator is fabricated from 
a length of heavy-wall fiberglass tubing. 

Composite spreaders work as well as 
fiberglass spreaders, but require access to 
a well-equipped shop, including a lathe. 
The main objective of presenting the com- 
posite spreader is to show that fiberglass 
spreaders aren't a basic requirement— 
there are many other ways to construct 
usable spreaders. If you can lay your hands 
on a used multiband quad, even one that's 
damaged, you can probably obtain enough 
spreaders to reduce construction costs 
considerably. 


Gamma Rod 


The gamma rod is made from a length of 
#12 solid copper wire (W6NBH used #18, 
7-strand wire). Dimensions and spacings 
are shown in Table 20.16. If you intend to 
experiment with gamma-rod lengths and 
capacitor settings, cut the gamma-rod 
lengths about 12 inches longer than the 
length listed in the table. Fabricate a slid- 
ing short by soldering two small alligator 
clips back-to-back such that they can be 
clipped to the rod and the antenna element 
and easily moved along the driven ele- 
ment. Note that gamma-rod spacing varies 
from one band to another. When you find 
a suitable shorting-clip position, mark the 
gamma rod, remove the clip, bend the 
gamma rod at the mark and solder the end 
to the element. 


The W6NBH Model 


As previously mentioned, this model 
uses standard 13-ft fiberglass spreaders, 
which aren't quite long enough to support 
the larger 20-m reflector specified for the 
KC6T model. The 20-m W6NBH reflector 
loop is cut to the dimensions shown in 
Table 20.16, 12 inches shorter than that 
for the KC6T model. To tune the shorter 
reflector, a 6-inch-long stub of antenna 
wire (spaced 2 inches) hangs from the re- 
flector insulator, and the reflector tuning 
capacitor mounts on another insulator at 
the end of this stub. 


Gamma-Match and Reflector-Tuning 
Capacitor ` 


_ Use an air- Sanble capacitor of your 

choice for each gamma match. Approxi- 
- mately 300 V can appear across this ca- 
pacitor (at 1500 W), so choose plate spac- 
ing appropriately. If you wantto adjustthe 


capacitor for best match and then replace `, 


it with a fixed capacitance, remember that ' 


several amperes of RF will flow through 
the capacitance. If you choose disc-ce- 
ramic capacitors, use a parallel combina- 
tion of at least four 1-КУ units of equal 
value. Any temperature coefficient is ac- 
ceptable. NPO units are not required. Use 
similar components to tune the reflector 
elements. 


Adjustments 


Well, here you are with about 605 ft of 
wire. Your antenna will weigh about 45 
' pounds (the W6NBH version is: slightly 
lighter) and have about 9 square ft of wind 
aréa. If you chose to, you can use the di- 
mensions and capacitance values given, 
and performance should be excellent: If 


front-to-rear ratio (if you desire good gain, 


but are willing to settle for a narrower than 
maximum SWR bandwidth), or accept 


some compromise: in front-to-rear ratio 
that results in the widest SWR bandwidth. 
You can make this adjustment by placing 


an air-variable capacitor (about 100- -pFo 


maximum) across the open reflector loop 


ends, one band at a time, and adjusting the’ . 


capacitor for the desired front-to-rear ra- 
tio. The means of doing this will be dis- 
cussed later. - 

During these reflector adjustments, the 
driven-element gamma-match capacitors 
may be set to any value and the gamma 


rods may be any convenient length (but . 


the sliding-short alligator clips should be 
installed somewhere near the lengths 
specified in Table 20.16). After complet- 
ing the. front-to-réar adjustments, the 
gamma capacitors and rods are adjusted 
for minimum SWR at the desired: fre- 


- quency. 


you adjust the antenna for minimum SWR . 


at the band centers, it should cover all of 
the lower four bands and 28 to 29 MHz 
with SWRs under 2:1; front-to-rear ratios 
are given in Table 20.17. 


Instead of building the quad to the di- . 


mensions listed and hoping for the best, 


you can adjust your antenna to account for | 


most of the electrical environment vari- 
ables of your installation. The adjustments 
are conceptually simple: First adjust the 
reflector's electrical length for maximum 


Loops 
The quad is not the only loop antenna 
used by radio amateurs. Horizontal full- 


wave loops, much like the quad driven -~ 


element, are performers that are worth - 


Й 


THE LOOP SKYWIRE 


` Here’s a multiband HF antenna that’s easy 
to build, costs nearly nothing and works 
great—yet relatively few amateurs use it. 
The antenna is the full-size horizontal 
loop—or, as this one’s called—the Loop 
Skywire. The Loop Skywire eliminates the 
need for multiple anterinas to cover the HF 
bands, is made only of wire and coaxial cable 


(or open-wire line) and often: needs ‘no ` 


Adjustment Specifics: 

* Adjust each band by feeding it sepa- 
rately. You can make a calibrated variable 
capacitor (with a hand-drawn scale and 


wire pointer). Calibrate the capacitor us- ^ 
ing your receiver, a known-value inductor’ 


and a dip meter (plus a little calculation). 
To adjust front-to-rear ratio, simply clip 

the (calibrated) air-variable capacitor 

across the open ends of the desired reflec- 


,torloop. Connect theantenna to a portable 
‚ receiver with an S meter. Point the back of 


the quad at a signal source, and slowly 
adjustthe capacitor fora opi in the S-meter 


reading. 


considering. Multiband operation is a 
natural, and you only need one feed line. 
Physically small loops can also be used 


Transmatch. It's efficient and omnidirec- · 


tional over real earth, can be used on all 
harmonics of the fundamental frequency, 


_and fits on almost every amateur’s lot. The. 
Loop Skywire has been called “the besteasy- . 
` to-build, multiband antenna around,” and to - 
those who now use it, it’s “the best kept se- 


cret in the amateur circle.” 


It is.curious that many references to . 


Table 20.17 
Measured Front-to-Rear Ratios 
Band KC6T W6NBH 
Model ` Model 
^14 25 dB 16 dB 
18 15 dB 10 dB 
21 25 dB . >20 dB 
24.9 20 dB >20 dB 
20 dB >20 dB 


After completing the front-to-rear ad- 
justments, replace the variable capacitor 
with an appropriate fixed capacitor sealed 
against the weather. Then move to the 
driven-element adjustments. Connect the 
coax through the SWR bridge to the 10-m 
gamma-match capacitor box. Usean SWR : 
bridge that requires only a watt or two (not 
more than 10 W) for full-scale deflection 
in the calibrate position on 10 m. Using 
the minimum necessary power, measure 
the SWR. Go back to receive and adjust : 
the capacitor until (after a number of trans- 
mit/receive cycles) you find the minimum 
SWR. If itis too high, lengthen or shorten 
the gamma rod by means of the sliding 
alligator- clip short and make the measure- 
ments again. 

Stand away from the antenna when 
making transmitter-on measurements. The · 
adjustments have minimal effect on the 
previously made front-to-rear settings, 
and may be made in any band order. After 
making all the adjustments and sealing the 
gamma capacitors, reconnect the coax 


harness to the remote coax switch. 


for transmitting. They're compact, but the 
price is a narrow bandwidth and somewhat 
reduced efficiency. 


this antenna are brief pronouncements 


" that it operates best as a high-angle ra- 


diator and is good for only short-dis- 
tance contacts. This is not the case. 
Those who use the Loop Skywire know 


"that DX is easy to work. This antenna. 


was originally featured in November 


. 1985 QST and was presented by Dave 
Fischer, WMHS. 
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The Design 

The Loop Skywire is shown in 
Fig 20.74. It is simply a full-wavelength 
loop antenna erected horizontal to the 


SEE F!G 20.75 


HEIGHT 
ABOUT 
40' 


earth. Maximize enclosed area within the 
wire loop, and mount the antenna up as 
high as possible above ground. The an- 
tenna has one wavelength of wire in its 
perimeter at the design, or fundamental, 


3.5-MHz LOOP SKYWIRE- L=272' 


7-MHz LOOP SKYWIRE -L=142' 


COAXIAL CABLE 


HAM | SHACK 


Fig 20.74—A complete view of the Loop Skywire. The square loop is erected 


horizontal to the earth. 


FIXED-POINT INSULATOR 


WIRE END 


“FLOATING” INSULATOR 


LOOP 
WIRE 


S= SOLDERED CONNECTION 


COAXIAL 


4/4" - 4/2" 


COAXIAL 
CABLE 


Fig 20.76—Most users feed the Loop Skywire at the corner. Dimensions shown 


are approximate. 
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frequency. If you choose to calculate 
Ltotal in ft, use the following equation: 


Ltota] = 1005/f (8) 


where f equals the frequency in MHz. 
(This is the standard formula for determin- 
ing the length of full-wavelength loops.) 

Given any length of wire, a circle encloses 
the maximum possible area. Since it takes an 
infinite number of supports to support a cir- 
cular loop, a square loop (with four supports) 
is more practical. Further reducing the area 
enclosed by the wire loop (fewer supports) 
brings the antenna closer to the properties of 
the folded dipole; both harmonic-impedance 
and feed-line voltage problems can result. 
Loop geometries otherthan a square are thus 
possible, but remember the two fundamen- 
tal requirements for the Loop Skywire—its 
horizontal position and maximum enclosed 
area. 


Construction 


The antenna's construction is simple. 
Although the loop can be made for any 
band or frequency of operation, the fol- 
lowing two Loop Skywires are star per- 
formers. Both antennas work on the 
10-MHz band also. 

3.5-MHz Loop Skywire: (3.5- 
28 MHz), total loop perimeter: 272 ft. 
Square side length: 68 ft. 

7-MHz Loop Skywire: (7-28 MHz), 
total loop perimeter: 142 ft. Square side 
length: 35.5 ft. 

The actual total length can vary by a few 
ft, as the length is not at all critical. Do not 
worry about tuning and pruning the loop 
to resonance. No signal difference will be 
detected on the air. 

Insulated, stranded copper wire—#12 
to#18—is usually used for the loop. 
Fig 20.75 shows the placement of the insu- 
lators at the loop corners. Either lock or tie 
the insulator in place with a loop wire tie, as 
shown in Fig 20.75A, or leave the insulator 
free to “float” or slide along the wire, 
Fig 20.75B. Most loop users float at least 
two insulators. This allows pulling the slack 
out of the loop once it is in the air, and elimi- 
nates the need to have all the supports ex- 
actly placed for proper tension in each leg. 
It's best to float two opposite corners. 

The feedpoint can be positioned any- 
where along the loop. Most users feed the 
Skywire at a corner, however. Fig 20.76 
shows a method of doing this. It is advan- 
tageous to keep the feed-point mechani- 
cally away from a corner support. Feeding 
a foot or so from one corner allows the 
feed line to exit more freely. 

Generally, a minimum of four supports 
is required. If trees are used for supports, 
then at least two of the ropes or guys used 
to support the insulators should be coun- 


terweighted and allowed to move freely. 
The feed-line corner is almost always tied 
down, however. Several loops have been 
constructed with bungie cords tied to three 
of the four insulators. This eliminates the 
need for counter weighting. 

Recommended height for the antenna is 
40 ft or more. Higher is better. However, 
successful local and DX operation has 
been reported in several cases with the 
loop as low as 25 ft. 

The SWR will depend on operating fre- 
quency and the type of feed line used. 
Coaxial cable is sufficient. Open-wire line 
works well, too. Many users feed the loop 
with RG-58. The SWR from either of these 
loops is rarely over 3:1. If you are con- 
cerned about the SWR, use a Transmatch. 

When constructing the loop, connect 
(solder) the coaxial feed line ends directly 
to the loop wire ends. Baluns or choke 


coils at the feedpoint are unnecessary. The 
highest SWR usually occurs at the second 
harmonic of the design frequency. The 
Loop Skywire is somewhat more broad- 
band than corresponding dipoles, and is 
also more efficient. Do not expect SWR 
curves that are “dummy load” flat. 


Using the Loop Skywire as a Vertical 


Another interesting feature of this loop 
is its ability to be used as an all-band ver- 
tical antenna with top-hat loading. This is 
accomplished by keeping the feed-line run 
from the shack as vertical as possible and 
clear of metallic objects. Both feed-line 
conductors are then tied together (by 
means of a shorted SO-239 jack, for ex- 
ample), and the antenna is fed against a 
good ground system. This method allows 
excellent performance of the 40-m loop 
on 80 m, and the 80-m loop on 160 m. 


A Simple Gain Antenna for 28 MHz 

With the large number of operators and wide availability of inexpensive, 
single-band radios, the 10-m band could well become the hangout for local 
ragchewers that it was before the advent of 2-m FM, even at a low point in the 


solar cycle. 


This simple antenna provides gain over a dipole or inverted V. It is a 
resonant loop with a particular shape. It provides 2.1 dB gain over a dipole at 
low radiation angles when mounted well above ground. The antenna is simple 
to feed—no matching network is necessary. When fed with 50-Q coax, the 
SWR is close to 1:1 at the design frequency, and is less than 2:1 from 28.0- 
28.8 MHz for an antenna resonant at 28.4 MHz. 

The antenna is made from #12 AWG wire (see Fig A) and is fed at the 
center of the bottom wire. Coil the coax into a few turns near the feedpoint to 
provide a simple balun. A coil diameter of about a foot will work fine. You can 
support the antenna on a mast with spreaders made of bamboo, fiberglass, 
wood, PVC or other nonconducting material. You can also use aluminum 
tubing both for support and conductors, but you'll have to readjust the an- 


tenna dimensions for resonance. 


This rectangular loop has two advantages over a resonant square loop. 
First, a square loop has just 1.1 dB gain over a dipole. This is a power 
increase of only 29%. Second, the input impedance of a square loop is 
about 125 О. You must use a matching network to feed a square loop with 
50-Q coax. The rectangular loop achieves gain by compressing its radia- 
tion pattern in the elevation plane. The azimuth plane pattern is slightly 
wider than that of a dipole (it’s about the same as that of an inverted V). A 
broad pattern is an advantage for a general-purpose, fixed antenna. The 
rectangular loop provides a bidirectional gain over a broad azimuth 


region. 


Mount the loop as high as possible. To provide 1.7 dB gain at low angles 
over an inverted V, the top wire must be at least 30 ft high. The loop will work 
at lower heights, but its gain advantage disappears. For example, at 20 ft the 
loop provides the same gain at low angles as an inverted V. 


THE 
LOOP SKYWIRE 


MATCHING 
NETWORK 


TO XMTR 


Fig 20.77—The feed arrangement for 
operating the loop as a vertical 
antenna. 


3 turns, 
1‘ diameter 


Fig A—Construction details of the 
10-m rectangular loop antenna. 
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A SMALL LOOP FOR 160 M 


Fig 20.78—Relative comparisons of small loop elevation-plane radiation patterns 

to those of dipoles and verticals. At A, a vertical; B, a dipole; C, loop over radials; 
D, loop over short radials; E, loop over ground (no radials). In B, the inner pattern 
is that in the plane parallel to the antenna axis. In C through E, the inner patterns 
are those in the plane perpendicular to the antenna axis. 


60? Elevation 


Fig 20.79—Electrically small loop antenna azimuth-plane radiation patterns at 
several wave angles. 
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For amateurs with limited space, a small 
loop antenna is ideal for 160 m. Because 
small loops have high Q, they exhibit very 
narrow bandwidth, suppress harmonics 
and give a significant receiving noise re- 
duction compared to dipoles. This project 
by Charles J. Mozzochi, WILYQ, ap- 
peared in the June 1993 issue of QST. More 
information on theory and design consid- 
erations can be found in The ARRL An- 
tenna Book. 

Mozzochi found that for distances of 
700 to 1000 miles, his loop performed the 
same as a full-size inverted-V antenna 
(62 ft high at the midpoint and fed with 
open-wire transmission line). Contacts 
with Europe report signals from the loop 
essentially the same as that from the in- 
verted V. However, some report signals 
from the loop slightly stronger than from 
the inverted V. Both antennas are oriented 
to favor Europe. Also, the inverted V is 
more than 9096 efficient, whereas the 
loop's efficiency is close to 50% («3 dB) 


Radiation Pattern 


Fig 20.78 compares the vertical radia- 
tion patterns of the loop with those of a 
vertical and a dipole. The inner-pattern 
axis is perpendicular to that of the outer 
patterns. Note that the loop performs bet- 
ter at low angles, making it a good DX 
antenna. Fig 20.79 compares horizontal 
patterns at four elevation angles. 


Physical Description 


Fig 20.80 shows the antenna schemati- 
cally and Fig 20.81 shows the base sec- 
tion of the antenna. The outer loop is made 
in the form of a hexagon with eight 10-ft 
sections of 1-inch copper pipe joined with 
45? couplers. The inner loop is a circle, 
15 ft, 6 inches in circumference, made 
from 3/s-inch copper pipe. Choose values 


50-0 Coax 
to Radio 


Fig 20.80—Schematic of the loop 
antenna. 


and ratings for C1, C2 and C3 as discussed 
later. 

The antenna is mounted vertically, ap- 
proximately a foot off the ground, al- 
though it would be wise to mount it higher 
or install a protective wooden fence 
around the antenna to keep away people or 
pets. Very high voltages occur on small 
transmitting loops! Mozzochi installed 12 
radials, '/4-A long, under the loop. These 
radials are joined under the loop, but are 
not electrically connected to it. The radi- 
als act as a reflective screen to help reduce 
ground loss. The use of radials is not abso- 
lutely necessary, but they can help reduce 
losses. 


Construction 


Because the outer loop's radiation re- 
sistance is on the order of 0.1 O, every 
effort must be made to minimize losses. 
Antenna efficiency increases with the di- 
ameter of the pipe used in both loops. One- 
inch copper pipe is used as a compromise 
in the outer loop; larger pipe would pro- 
vide better efficiency, but would weigh 
considerably more. Mozzochi supports the 
outer loop with nylon rope strung between 
two trees. Smaller nylon ropes guy the 
lower section between trees and a fence. 
The inner loop is hung from the top of the 
outer loop with nylon rope, and nylon rope 
is used to guy and position the inner loop. 

Solder all of the loop joints with rosin- 
core tin/lead or tin/lead/silver solder. Do 
not use acid-core solder. 


Capacitors 


C1 is a 200-pF vacuum-variable unit. A 
split-stator capacitor would work in place 
of a vacuum variable; however, under no 
circumstances should a conventional vari- 
able capacitor be used at C1 because the 
loss in the wiper contacts is significant 
compared to the outer loop's radiation re- 
sistance. C2 is composed of ten 100-pF 
"doorknob" capacitors connected in par- 
allel via copper straps, and C3 is a single 
740-pF doorknob. 

The outer loop radiates and the inner 
loop functions as a low loss matching and 
coupling device. This antenna puts very 
high voltages across C1 and C2 and passes 
unusually high currents through them. The 
formulas in Table 20.18 give approximate 
currents and voltages for C1, C2 and C3, 
where P is the applied power, in watts. 

The formulas in Table 20.18 are based 
on a steady-state analysis, under the as- 


Fig 20.81—Feed-point detail of the W1LYQ loop. C1, a vacuum variable, is secured 
to the top of a wooden box. C2 is made of ten “doorknob” capacitors in parallel, 
and C3 is one large doorknob. The loops are tied off to nearby objects for 
support. 


sumption that the radiation resistance and 
the loss resistance in the outer loop are 
each 0.1 Q. These resistances can differ 
significantly from this value depending on 
how the loop is constructed and located. 
Furthermore, substantial transient cur- 
rents and voltages can occur under certain 
situations. Itis wiseto incorporate a safety 
factor of two to three after calculating the 
capacitor voltages and currents from these 
equations. 


Tuning and Matching 


To adjust the antenna to resonance at 
1.85 MHz, follow this procedure: 

1) Place the inner loop in either lower 
corner area of the outer loop, but not 
touching it, in a plane parallel to the outer 
loop and approximately 20 inches from 
the outer loop. 

2) Set the transmitter to 1.85 MHz. 

3) Adjust C1 for minimum SWR. 

By making minor adjustments in the 
loop position and C1’s setting, you should 
easily get the SWR down to 1:1. Once a 
1:1 SWR is achieved at 1.85 MHz, you 
need only adjust C1 for other frequencies 
between 1.8 and 2 MHz. The achievable 
SWR will be 1:1 from 1.8 to 1.85 MHz, 
and beginning at 1.85 MHz the SWR will 
climb slowly but steadily to 2:1 at 2 MHz. 
Changing frequency by more than 2 to 
3 kHz requires readjusting СІ for mini- 
mum SWR. Keep in mind that a change of 
1 pFin CI makes a change of 3 to 5 kHz in 


Table 20.18 
Calculating Capacitor Ratings 
Vc, = 1800 VP 
Vco = 18 ҮР 
Ves = 17 УР. 
Ісу = 2.2 УР 
. deo = 0.21 VP 
lcs = 0.15 ҮР 


Example: if P = 100 watts, then Vg, = | 
18,000; Veo = 180; Veg = 170; Ic, = 22 A; 
Ico = 2.1 A; and Io3 = 1.5 A. 


the antenna’s resonant frequency. Be sure 
that you use a motor drive with sufficient 
gear reduction. 

For optimum performance, C1 should 
be mounted at the top of the loop. Also, it 
is possible to eliminate C2 and C3 by a 
suitable choice of the size and position of 
the inner loop. Consider this if you’re 
planning to use high power with the loop. 


Warning 


Operating a loop antenna indoors or 
close to dwellings can raise the risk of 
interference to consumer devices and ham 
gear. Also, it’s prudent to minimize RF 
exposure to people who may be near the 
antenna by using the minimum necessary 
transmitter power to carry on the desired 
communications. Whenever possible, 
mount your antennas as far as possible 
from people and dwellings. 
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HF Mobile Antennas 


The antenna is perhaps the most impor- 
tant item in a successful mobile installa- 
tion. Mobile antennas, whether designed 
for single or multiband use, should be se- 
curely mounted to the automobile, as far 
from the engine compartment as possible 
(for reducing noise pickup) and carefully 
matched to the coaxial feed line connect- 
ing them to the transmitter and receiver. 
All antenna connections should be tight 
and weatherproof. Mobile loading coils 
should be protected from dirt, rain and 
snow if they are to maintain their Q and 
resonant frequency. A higher-Q loading 
coil will result in better efficiency, at the 
expense of a narrower operating band- 
width. 

Although bumper-mounted mobile an- 
tennas are favored by some, it is better to 
place the antenna mount on the rear deck 
of the vehicle, near the rear window. This 
locates the antenna high and in the clear, 
assuring less detuning of the system when 
the antenna moves to and from the car 
body. 

The choice of base- or center-loading a 
mobile antenna has been a matter of con- 
troversy for many years. In theory, the 
center-loaded whip presents a slightly 
higher base impedance than does the base- 
loaded antenna. However, with proper im- 
pedance-matching techniques employed 
there is little or no discernible difference 
in performance between the two methods. 
A base-loading coil requires fewer turns 
of wire than one for center loading, and 
this is an electrical advantage because of 


reduced coil losses. A base-loaded an- 
tenna is more stable during wind loading 
and sway. If a homemade antenna system 
is contemplated, either system will pro- 
vide good results, but the base-loaded an- 
tenna may be preferred for its mechanical 
advantages (see Table 20.19). 


Loading Coils 


There are many commercially built an- 
tenna systems available for mobile opera- 
tion, and some manufacturers sell the coils 
as separate units. Air-wound coils of large 
wire diameter are excellent for use as load- 
ing inductors. Large Miniductor coils can 
be installed on a solid phenolic rod and 
used as loading coils. Miniductors, be- 
cause of their turns spacing, are easy to 
adjust when resonating the mobile antenna 
and provide excellent Q. Phenolic-im- 
pregnated paper or fabric tubing of large 
diameter is suitable for making homemade 
loading coils. It should be coated with liq- 
uid fiberglass, inside and out, to make it 
weatherproof. Brass insert plugs can be 
installed in each end, their centers drilled 
and tapped for a standard ?/s x 24 thread to 
accommodate the mobile antenna sec- 
tions. After the coil winding is pruned to 
resonance (Table 20.20) it should be 
coated with a high quality, low-loss com- 
pound to hold the turns securely in place 
and to protect the coil from the weather. 
Liquid polystyrene is excellent for this. 
Hobby stores commonly stock this mate- 
rial for use as a protective film for wall 
plaques and other artwork. Details for 


Table 20.19 


Approximate Values for 8-Foot Mobile Whip 


Base Loading 


Loading RC(Q50)  RC(Q300) RR Feed R* Matching 

f(kHz) L(uH) Q Q Q Q L(uH) 

1800 345 77 13 0.1 23 3 

3800 77 37 6.1 0.35 16 1.2 

7200 20 18 3 1.35 15 0.6 
14,200 4.5 7.7 1.3 5.7 12 0.28 
21,250 1.25 3.4 0.5 14.8 16 0.28 
29,000 — — — — 36 0.23 
Center Loading 

1800 700 158 23 0.2 34 3.7 

3800 150 72 12 0.8 22 1.4 

7200 40 36 6 3.0 19 0.7 
14,200 8.6 15 2.5 11.0 19 0.35 
21,250 2.5 6.6 1.1 27.0 29 0.29 


RC - Loading-coil resistance; RR - radiation resistance. 
*Assuming loading coil Q = 300, and including estimated ground-loss resistance. 
Suggested coil dimensions for the required loading inductance are shown in a following 


table. 
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making a home-built loading coil are given 
in Fig 20.82. 


Impedance Matching 


Fig 20.83 illustrates the shunt-fed method 
of obtaining a match between the antenna 
and the coaxial feed line. For operation on 
75 m with a center-loaded whip, L2 will 
have approximately 18 turns of #14 wire, 
spaced one wire thickness between turns, 
and wound on a l-inch-diameter form. Ini- 
tially, the tap will be approximately five 
turns above the ground end of L2. Coil L2 
can be inside the car body, at the base of the 
antenna, or it can be located at the base of the 
whip, outside the car body. The latter method 
is preferred. 

Since L2 helps determine the resonance 
of the overall antenna, L1 should be tuned 
to resonance in the desired part of the band 
with L2 in the circuit. The adjustable top 
section of the whip can be telescoped until 
a maximum reading is noted on the field- 
strength meter. The tap is then adjusted on 
L2 for the lowest reflected-power reading 
on the SWR bridge. Repeat these two ad- 
justments until no further increase in field 
strength can be obtained; this point should 
coincide with the lowest SWR. The num- 
ber of turns needed for L2 will have to be 
determined experimentally for 40 and 
20-m operation. There will be proportion- 
ately fewer turns required. 


Matching with an L Network 


Any resonant mobile antenna that has a 
feed-point impedance less than the char- 
acteristic impedance of the transmission 
line can be matched to the line by means of 
asimple L network, as shown in Fig 20.84. 
The network is composed of Cy and Ly. 


Table 20.20 
Suggested Loading-Coil Dimensions 
Required No. Wire Diam Length 
L (uH) Tums Size Inches Inches 
700 190 22 3 10 
345 135 18 3 10 
150 100 16 21/2 10 
77 75 14 21/2 10 
77 29 12 5 41/4 
40 28 16 21/2 2 
40 34 12 21/2 414 
20 17 16 21/2 1/4 
20 22 12 21/2 23/4 
8.6 16 14 2 2 
8.6 15 12 21/2 3 
4.5 10 14 2 11/4 
4.5 12 12 21/2 4 
2.5 8 12 2 2 
2.5 8 6 23/8 41/2 
1.25 6 12 15/4 2 
1.25 6 6 23/8 41/2 
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Fig 20.82—Details for making a home- 
built mobile loading coil. A breakdown 
view of the assembly is given at A. 
Brass end plugs are snug-fit into the 
ends of the phenolic tubing, and each 
is held in place by four #6-32 brass 
screws. Center holes in the plugs are 
drilled and tapped for ?/s x 24 thread. 
The tubing can be any diameter from 1 
to 4 inches. Larger diameters are 
recommended. Illustration B shows the 
completed coil. Resonance can be 
obtained by installing the coil, applying 
transmitter power, then pruning the 
turns until the lowest SWR is obtained. 
Pruning the coil for maximum field- 
strength-meter indication will also 
serve as a resonance indication. 


The required values of Cy and Ly may be 
determined from 


_ [Ra Zo — Ra) 


9 9 
См 2nf (kHz) x 10” pF (9) 
and 
Ra (Zo - Ra) 3 
where 


Ra = the antenna feed-point resistance 
Zo = the characteristic impedance of the 
transmission line. 
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METER, SEVERAL 
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MOBILE TRANS. 


MATCHING 


1:1 SWR 
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COAX LINE 


sM CAR- BODY GROUND 


SHUNT FEED 


Fig 20.83—A mobile antenna using 
shunt-feed matching. Overall antenna 
resonance is determined by the 
combination of L1 and L2. Antenna 
resonance is set by pruning the turns 
of L1, or adjusting the top section of 
the whip, while observing the field- 
strength meter or SWR indicator. Then, 
adjust the tap on L2 for minimum SWR. 


As an example, if the feed-point resis- 
tance is 20 Q and the line is 50-Q coaxial 
cable, then at 4000 kHz, 


20(50 — 20) x 10? 


M ' (6.28) (4000) (20) (50) 
4600 4 
= ——————_ x 10 
(6.28) (4) (2) (5) 
24.5 4 
= x 10° = 975 pF 
251.2 
20(50 — 20 
(6.28) (4000) 
4600 24.5 
= — = — = 9.97pH 
25.12 25.12 


The chart of Fig 20.85 shows the ca- 
pacitive reactance of Cy, and the inductive 
reactance of Ly necessary to match vari- 
ous antenna impedances to 50-Q coaxial 
cable. The chart assumes the antenna ele- 
ment has been resonated. In practice, Ly 
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Fig 20.84—A whip antenna may also be 
matched to coax line by means of an L 
network. The inductive reactance of the 
L network can be combined in the 
loading coil, as indicated at the right. 


LOAD RESISTANCE -OHMS 


B 
Фо 24 гв 32 36 40 44 48 52 56 60 64 68 72 76 80 
REACTANCE -OHMS 


Fig 20.85—Curves showing inductive 
and capacitive reactances required to 
match a 50-O coax line to a variety of 
antenna resistances. 


need not be a separate inductor. Its effect 
can be duplicated by adding an equivalent 
amount of inductance to the loading coil, 
regardless of whether the loading coil is at 
the base or at the center of the antenna. 
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Adjustment 


In adjusting this system, at least part of 
См Should be variable, the balance being 
made up of combinations of fixed mica 
capacitors in parallel as needed. A small, 
one-turn loop should be connected be- 
tween Cy and the chassis of the car, and 
the loading coil should then be adjusted 
for resonance at the desired frequency as 
indicated by a dip meter coupled to the 
loop at the base. Then the transmission line 
should be connected, and a check made 
with an SWR indicator connected at the 
transmitter end of the line. 

With the line disconnected from the 
antenna again, Cy should be readjusted 
and the antenna returned to resonance by 
readjustment of the loading coil. The line 
should be connected again, and another 
check made with the SWR bridge. If the 
SWR is less than it was on the first trial, 
См should be readjusted in the same di- 
rection until the point of minimum SWR is 
found. 

Fig 20.85 shows that the inductive re- 
actance varies only slightly overthe range 
of antenna resistances likely to be encoun- 
tered in mobile work. Therefore, most of 
the necessary adjustment is in the capaci- 
tor. The one-turn loop at the base should 
be removed at the conclusion of the ad- 
justment and slight compensation made at 
the loading coil to maintain resonance. 

For manufactured loading coils that 
have no means for either adjusting or tap- 
ping into the inductance, here is a simple 
L-network matching method that requires 
no series inductor, and needs only a mea- 
surement of SWR to determine the value 
of the shunt matching capacitor Cy. By 
extending the whip slightly beyond its 


Nun: ITANCE HAT 


NO. 10 OR LARGER 
WIRE 


LOADING COIL 


SPRING MOUNT 


Fig 20.86—A capacitive hat can be 
used to improve the performance of 
base- or center-loaded whips. A solid 
metal disc can be used in place of the 
skeletal disc shown here. 
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natural resonant length, the series induc- 
tance required for the L network appears 
in the feed-point impedance. At the cor- 
rect length, the resulting parallel reactance 
component, X; , causes the parallel resis- 
tance component, Кд to equal the feed line 
characteristic impedance, Zo ohms. The 
match is accomplished by canceling the 
parallel inductive reactance component, 
Xj, with shunt capacitor Cy, of equal but 
opposite reactance. 

To perform the matching operation, first 
resonate the antenna at the desired fre- 
quency by adjusting the whip length for 
minimum SWR without the capacitor. The 
approximate value of Xj, with the whip 
lengthened to make КА equal to Zp, may 
now be found from 


SWR 
SWR - 1 
where SWR is that obtained at resonance. 
The reactance, Xç, of the shunt matching 
capacitor Су is the negative of XL. The 


capacitance of Cy may be determined for 
the desired frequency, f, in MHz from 


(2) 


Q1) 


Cy = 1 х 10° /2nfX( pF 


Form a capacitor, Cy, from a combina- 
tion of fixed-mica capacitors in parallel, 
as needed, and connect the combination 
across the antenna input terminals as 
shown in Fig 20.84. Finally, increase the 
whip length in small increments until the 
minimum SWR is reached—it should be 
very low. 

If a lower SWR is desired, a trimmer 
capacitor may be added to Су, and by al- 
ternate adjustment of trimmer and whip 
length, a perfect 1:1 match can be ob- 
tained. Once Cy has been established for 
a given band, the antenna can then be 
matched at other frequencies in the band 
by simply adjusting the whip length for 
minimum SWR. If an inductive rather than 
a capacitive shunt element is preferred, 
replace the capacitor with an inductor hav- 
ing the same absolute value of reactance, 
and shorten the whip instead of lengthen- 
ing it from the natural resonant length. 


Top-Loading Capacitance 


Because the coil resistance varies with 
the inductance of the loading coil, the re- 
sistance can be reduced, beneficially, by 
reducing the number of turns on the coil. 
This can be done by adding capacitance to 
that portion of the mobile antenna that is 
above the loading coil (Fig 20.86). To 
achieve resonance, the inductance of the 
coil is reduced proportionally. Capacitive 
hats can consist of a single stiff wire, two 
wires or more, or a disc made up from 
several wires like the spokes of a wheel. A 
solid metal disc can also be used. The 


larger the capacitive hat, in terms of sur- 
face area, the greater the capacitance. The 
greater the capacitance, the smaller the 
amount of inductance needed in the load- 
ing coil for a given resonant frequency. 

There are two schools of thought con- 
cerning the attributes of center-loading 
and base-loading. It has not been defini- 
tively established that one system is 
superior to the other, especially in the 
lower part of the HF spectrum. For this 
reason both base and center-loading 
schemes are popular. Capacitive-hat load- 
ing is applicable to either system. Since 
more inductance is required for center- 
loaded whips to make them resonant at a 
given frequency, capacitive hats should 
be particularly useful in improving their 
efficiency. 

The capacitance that is increased by the 
hat is the total antenna-to-ground and ve- 
hicle capacitance, which provides the path 
for the antenna currents to return to the 
generator or transmitter. To obtain opti- 
mum effectiveness, the hat should be 
placed at the top of the whip, which may 
require special mechanical considerations 
to keep the whip upright with wind load- 
ing. If the hat is large enough to be effec- 
tive, only a negligible increase in capaci- 
tance will result from extending the whip 
above the hat. 

It is important to realize that with cen- 
ter-loaded whips, the hat actually becomes 
more detrimental than helpful if placed 
directly above the loading coil. This in- 
correct placement causes an undesirable 
increase in hat-to-coil capacitance, which 
adds to the distributed capacitance of the 
coil, lowering the Q and increasing the coil 
resistance—just the opposite of the hat's 
intended purpose. Although often seen in 
this position, it is usually because of the 
mistaken notion that increased radiation 
results from the lower resonant SWR ob- 
tained by this incorrect placement. Such a 
placement does reduce feed-line load mis- 
match and SWR at resonance, but for the 
wrong reason. The total antenna-circuit 
load resistance is increased, bringing it 
closer to the 50-Q impedance of the feed 
line. However, since this increase in load 
resistance is from the increased coil resis- 
tance, and not from an increase in radia- 
tion resistance, reducing the SWR in this 
manner increases the loss instead of the 
radiation. 

It is also for this reason that loading 
coils of the highest Q should be favored 
over the coils of lower Q. The rule to fol- 
low then, is that, since the coil with the 
highest Q has the lowest loss resistance, 
the coil that yields the highest SWR at 
resonance (without any matching cir- 
cuitry) will produce the greatest radiation. 


VHF/UHF Antennas - 


INTRODUCTION 


Improving an antenna system is one 
of the most productive moves open to 
the VHF enthusiast. It can increase 
transmitting range, improve reception, 
reduce interference problems апі bring ` 
other practical benefits. The work itself 
is by no means the least attractive part 
of the job. Even with high-gain anten- 
nas, experimentation is greatly simpli- 
fied at VHF and UHF because an array 
is a workable size, and much can be: 
learned about the nature and adjustment 
of antennas. No large investment in test 
equipment is necessary. ; 

Whether we buy or build our 
antennas,we soon find that there is no one 
“best” design for all purposes. Selecting 
the antenna best suited to our needs in- 


volves much more than scanning gain fig- - 


ures and prices in a manufacturer's cata- 
log. The first step should be to establish 
priorities. 

Gain 
As has beerni discussed previously, shap- ' 


ing the pattern of an antenna to concen- - 


trate radiated energy, or received signal 
pickup, in some directions at the expense 
of others is the only possible way:to de- 


velop gain. Radiation patterns can be con- . 


trolled in various ways. One is to use two 

or more driven elements, fed in phase. . 
Such arrays provide gain without mark- 

edly sharpening the frequency response, 

compared to that of a single element. More 

gain per element, but with some sacrifice 

in frequency coverage, is obtained by plac- 

ing parasitic elements into a Yagi array. 


Radiation Pattern. 


Antenna radiation can be made omnidi- 
rectional, bidirectional, practically unidi- 
rectional, or anything between these con- 
ditions. A VHF net operator may find an 
omnidirectional system almost a necessity 
but it may be a poor choice otherwise. 
Noise pickup and other interference prob- 
lems tend to be greater with omnidirec- 
tional antennas. Maximum gain and.low 


radiation angle are usually prime interests. 


of the weak-signal DX aspirant. A clean 
pattern, with lowest possible pickup and 
radiation off the sides and back, may be 
important in high-activity areas, Where the 
noise level is high, or when challenging 
modes like EME (Earth-Moon-Earth) are 
employed. 


Height Gain 
. In general, the higher a VHF antenna 
is installed, the better will be theresults. 


If raising the antenna can its view 
over nearby obstructions, it may make 
dramatic improvements in coverage. 
Within reason, greater height is almost 
always worth its cost, but height gain 
must be balanced against increased 
transmission-line loss. Line losses can 
be considerable at VHF, and they in- 
crease with frequency. The best.avail- 
able line may be none too good, if the 


run is long in terms of wavelength. Con- . 
'.sider line losses in any antenna plan- 


ning. 


Physical Size 


A given antenna design for 432 MHz, 
say à 5-element Yagi on a 1-À boom, will 
have tlie same gain as one for 144 MHz, 
but being only one-third the size it will 
intercept only one-ninth as much energy 
in receiving. Thus, to be equal in commu- 
nication effectiveness, the 432-MHz ar- 


. ray should be at least equal in physical size 


to the 144-MHz one, requiring roughly 


.three times the number of elements. With 


all the extra difficulties involved in going 
higher in frequency, itis well to be on the 


big sidein building an antenna for the UHE | 


bands. 


DESIGN FACTORS 


Having sorted out objectives i in a gen- 
eral way, we face décisions on specifics, 
such as polarization, type of transmission 
line, matching methods and mechanical 
design. 


Polarization 


Whether to position the antenna elé- 
ments vertically or horizontally has been a 


question since early VHF pioneering.. 


Tests show little evidence on which to set 
up a uniform polarization policy. On long 
paths there is no consistent advantage, ei- 


ther way. Shorter paths tend to yield higher . 


signal levels with horizontal in some kinds 
of terrain. Man-made noise, especially 
ignition interference, tends to be lower 


with horizontal: Verticals, however, are ^ 


markedly simpler to use in omnidirec- 
tional systems and in mobile work. 

Early VHF communication was largely 
vertical, but horizontal gained favor when 
directional arrays became widely used. 


· Thé major trend to FM and repeaters, par- 


_ ticularly in the 144-MHz band, has tipped 


' the balance in favor of verticals in mobile 


work. and for repeaters. Horizontal pre- 


dominates in other communication on 


‚ 50 MHz and higher frequencies. It is well 


to check in advance in any new area in 
which you expect to operate, however, as 
some localities may use vertical polariza- 


tion. A circuit loss of 20 dB or more can be 


, expected with cross-polarization. 


Transmission Lines 


There are two main categories of trans- 
mission lines used at HF through UHF: 
balanced and unbalanced. Balanced lines 
include open-wire lines separated by insu- 
lating spreaders, and twin-lead, in which 
the wires are embedded in solid or foamed 


‘insulation. Unbalanced lines are repre- 


sented. by the family of coaxial cables, 
commonly called coax. Line losses in ei- 


_ ther types of line result from ohmic resis- 


tance, radiation from the line and deficien- 
cies in the insulation. 

` Large conductors, closely spaced in 
terms of wavelength, and using a mini- 


. mum of insulation, make the best balanced: 


lines. Characteristic impedances are be- 


- tween 300 to 500 Q. Balanced lines work 


best in straight runs, but if bends are un- 


‘avoidable, the angles should be as gentle 


as possible. Care should also be taken to 
prevent one wire from coming closer to 
metal objects than the other. : 

Properly built open-wire line can oper- 
ate with very low loss in VHF and even 
UHF installations. A total line loss under 


` 2 dB per hundred ft at 432 MHz is readily 


obtained. А line made of #12 wire, spaced ` 
3/4 inch or less with Teflon spreaders, and 
running essentially straight from antenna 
to station, can be better than anything but 
the most expensive “Hardline” coax, at a 
fraction of the cost. This assumes the use 
of high-quality baluns to match into and 
out of the balanced line, with a short length 


-of low-loss coax for the rotating section 


from the top of the tower to the antenna. A 
similar 144-MHz setup could have a line 
loss ùnder 1 dB. 

Small coax such as RG-58 or RG-59 


‘should never be used in VHF work if the 


run is more than a few feet. Half-inch lines 
(RG-8. or RG-11) work fairly well at 
50 MHz, and are acceptable for 144-MHz 
runs of 50 ft or less. If these lines have 
foam rather than solid insulation they are 
about 30% better. Aluminum-jacket | 
“Hardline” coaxial cables with large inner 


conductors and foam insulation are well . 
` Worth their cost. Hardline can sometimes 
.even be obtained for free from local Cable 


TV operators as “end runs"—pieces at the 
end of a roll. The most common CATV 
variety is !/2-іпсһ OD 75-9 Hardline. 
Waterproof commercial connectors for- 
Hardline are fairly expensive, but enter- 
prising amateurs have “home-brewed” 
low-cost connectors. If they are properly 
waterproofed, connectors and Hardline 


can last almost indefinitely. Of course, a 
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disadvantage implied by their name is that 
Hardline must not be bent too sharply, be- 
cause it will kink. See The ARRL Antenna 
Book for details on Hardline connectors. 

Effects of weather on transmission lines 
should not be ignored. A well-constructed 
open-wire line works well in nearly any 
weather, and it stands up well. TV type 
twin-lead is almost useless in heavy rain, 
wet snow or icing. The best grades of coax 
are impervious to weather. They can be 
run underground, fastened to metal towers 
without insulation, or bent into almost any 
convenient position, with no adverse ef- 
fects on performance. However, beware 
of “bargain” coax. Lost transmitter power 
can be made up to some extent by increas- 
ing power, but once lost, a weak signal can 


Balanced Line 
any Impedance 
or Length 


Coox, ony 
Impedance 


Any Balanced Line 
with Suitable 
Dipole Ratio 


never be recovered in the receiver. 


Impedance Matching 


Theory and practice in impedance 
matching are given in detail in the Trans- 
mission Lines chapter, and in theory, at 
least, is the same for frequencies above 
50 MHz. Practice may be similar, but 
physical size can be a major modifying 
factor in choice of methods. 


Delta Match 


Probably the first impedance match was 
made when the ends of an open line were 
fanned out and tapped onto a half-wave 
antenna at the point of most efficient 
power transfer, as in Fig 20.87A. Both the 
side length and the points of connection 


Coax, any 
impedance 


300—Ohm Line 
or Balun of 
72—Ohm Coax 


Fig 20.87—Matcliing methods commonly used in VHF antennas. In the delta 
match, A and B, the line is fanned out to tap on the dipole at the point of best 
impedance match. The gamma match, C, is for direct connection of coax. C1 
tunes out induétance in the arm. Folded dipole of uniform conductor size, D, 
steps up antenna impedance by a factor of four. Using a larger conductor in the 
unbroken portion of the folded dipole, E, gives higher orders of impedance 


transformation. 
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either side of the center of the element 
must be adjusted for minimum reflected 
power in the line, but the impedances need 
not be known. The delta makes no provi- 
sion for tuning out reactance, so the length 
of the dipole is pruned for best SWR. 

Once thought to be inferior for VHF 
applications because of its tendency to 
radiate if adjusted improperly, the delta 
has come back to favor now that we have 
good methods for measuring the effects of 
matching. It is very handy for phasing 
multiple-bay arrays with low-loss open 
lines, and its dimensions in this use are not 
particularly critical. 


Gamma and T Matches 


The gamma match is shown in 
Fig 20.87C, and the T match is shown in 
Fig 20.87D. These matches are covered in 
more detail in the chapter on Transmis- 
sion Lines. There being no RF voltage at 
the center of a half-wave dipole, the outer 
conductor of the coax is connected to the 
element at this point, which may also be 
the junction with a metallic or wooden 
boom. The inner conductor, carrying the 
RF current, is tapped out on the element at 
the matching point. Inductance of the arm 
is canceled by means of C1. Both the point 
of contact with the element and the setting 
of the capacitor are adjusted for zero re- 
flected power, with a bridge connected in 
the coaxial line. 

The capacitor can be made variable tem- 
porarily, then replaced with a suitable 
fixed unit when the required capacitance 
value is found, or C1 can be mounted in a 
waterproof box. Maximum capacitance 
should be about 100 pF for 50 MHz and 
35 to 50 pF for 144 MHz. The capacitor 
and arm can be combined with the arm 
connecting to the driven element by means 
of a sliding clamp, and the inner end of the 
arm sliding inside a sleeve connected to 
the inner conductor of the coax. It can be 
constructed from concentric pieces of tub- 
ing, insulated by plastic sleeving or shrink 
tubing. RF voltage across the capacitor is 
low, once the match is adjusted properly, 
so with a good dielectric, insulation pre- 
sents no great problem, if the initial ad- 
justment is made with low power. À clean, 
permanent, high-conductivity bond be- 
tween arm and element is important, as the 
RF current is high at this point. 

Because it is inherently somewhat un- 
balanced, the gamma match can some- 
times introduce pattern distortion, particu- 
larly on long-boom, highly directive Yagi 
arrays. The T-match, essentially two 
gamma matches in series creating a bal- 
anced feed system, has become popular 
for this reason. A coaxial balun like that 
shown in Fig 20.87B is used from the bal- 


' anced T-match to the unbalanced coaxial 
line going to the transmitter. See KIFO's 


Yagi designs later in this chapter for de- 


tails. 


Folded Dipole ` B. MMC CAI 
The impedance of a half-wave antenna 
broken at its center is 72 Q. If a. single 
conductor of uniform size is folded to 
make a half-wave dipole, as shown in 
Fig 20.87D, the impedance is stepped up 


four times. Such a folded dipole can thus’ 
be fed directly with 300-Q line with no. 


appreciable mismatch. Coaxial line of 70 
to 75 Q impedance may also be used if a 
4:1 balun is added. Higher impedance 
step-up can be obtained if the unbroken 


portion is made larger in cross- -section ў 


than the fed portion, as in Fig 20.87E, 


Bin 


Conversion from balanced loads to un- 
balanced lines, or vice versa, can be per- 

. formed with electrical circuits, or their 
equivalents made of coaxial line. A balun 


made from flexible coax is shown in 


` Fig 20.88A. The looped portion isan elec- 
trical half-wave. The physical length de- 
pends on the propagation factor of the line 


used, so it is well to check its resonant | 


frequency, as shown at В. The two ends 
are shorted, and the loop at one end is 
coupled to a dip-meter coil. This type of 
balun gives an impedance step-up of 4:1, 
50 to 200 Q, or.75 to 300 Q typically. : 
Coaxial baluns giving a 1:1 impedance 
` transfer are shown in Fig 20.89. The co- 


axial sleeve, open at the top and connected ` 


to the outer conductor of the line at the 
lower end (A) is the preferred type. A con- 
ductor of approximately the same size as 
the line is used with the outer conductor to 
form a quarter-wave stub, in B. Another 
‘piece of coax, using only the outer con- 
ductor, will serve this purpose. Both bal- 
uns are intended to present an infinite 
impedance to any RF current that might 
otherwise tend to flow on the outer con- 
ductor of the coax. 


‘Stacking Yagis  . 


Where suitable provision can be made 
for supporting them, two Yagis mounted 
one above the other and fed in phase may 
‘be preferable to one long Yagi having the 


same theoretical or measured gain. The : 


pair will requiré a much smaller turning 
space for the same gain, and their lower 
radiation angle can provide interesting 
results. On long ionospheric paths a 
' stacked pair occasionally may show an 


apparent gain much greater than the 2 to` 
3 dB that can be measured locally as the | 


gain from stacking. 
Optimum spacing for Yagis with ioni 


Fig 20. 88— Conversion from unbalanced coax to a balanced load can be done with 
a half-wave coaxial balun, A. Electrical length of the looped section should be 
checked with a dip meter, with ends shorted, B. The half-wave balun gives a 4:1 


impedance step up. 


REP 
7 


BALANCED LOAD 


© МХ 


а NO CONNECTION 


COAXIAL LINE 


CONNECT 
TOGETHER 


Fig 20.89—The balun conversion function, with no impedance change is 


‚ accomplished with quarter-wave lines, open at the top and connected to the coax 


outer conductor at the bottom. The coaxial sleeve, A, is preferred. 


longer than 1 А іѕ one wavelength, but this 
may be too much for many builders of 
50-MHz antennas to handle. Worthwhile 
results are possible with as little as '/2 À 
(10 ft), but 5/8 A (12 ft) is markedly better. 


- The difference between 12 and 20 ft may 


not be worth the added structural problems 
involved in the wider spacing, at,50 MHz 


‘at least. 


The closer spacings give lowered mea- 


` sured gain, but the antenna patterns are 


cleaner (less power in the high-angle el- 


'evation lobes) than-with one-wavelength 


spacing. Extra gain with wider spacings is 
usually the objective.on 144 MHz and 
higher bands, where the structural prob- 
lems are not quite as severe as on 50 MHz. 

One method for feeding two 50-Q an- 


. tennas, as might be used in a stacked Yagi 


array, is shown in Fig 20.90. The trans- 


. mission lines from each antenna, with a 
balun feeding each antenna (not shown in: 
the drawing for simplicity), to the com-' 
‘mon feedpoint must be equal in length and 


an odd multiple of a quarter wavelength. 
This line acts as an quarter-wave (Q-sec- 


` 


tión) impedance transformer and raises the ' 
feed impedance of each antenna to 100 Q. 
When the coaxes are connected in parallel 
at the coaxial T fitting, the resulting im- 
pedance is close to 50 О. 


Circular Polarization 


Polarization is described as “horizontal” 
or *vertical," but these terms have no mean- 
ing once the reference of the Earth's surface 


:715 lost. Many propagation factors can cause 


polarization change—reflection or refrac- 


‘tion and passage through magnetic fields 


(Faraday rotation), for example. Polariza- 
tion of VHF waves is often random, so an 
antenna capable of accepting any polariza- 
tion is useful. Circular polarization, gener- 
ated with helical antennas or with crossed 
elements fed 90? out of phase, will respond 
to any linear polarization. . 

The circularly polarized wave in effect 
threads its way through space, and it can be 


left- or right-hand polarized. These polar- 


ization senses are mutually exclusive, but 
either will respond to any plane (horizontal 
or vertical) polarization. A wave generated 
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B 


Driven Element ~ Upper Antenna 


with right-hand polarization, when reflected 
from the moon, comes back with left-hand 
plarization, a fact to be borne in mind in 
setting up EME circuits. Stations communi- 


Both senses can be generated with 
crossed dipoles, with the aid of a switch- 
able phasing harness. With helical arrays, 
both senses are provided with two anten- 


75—Оһт Phasing Line nas wound in opposite directions. 
Odd 0/4 with 


Current Balun 


cating on direct paths should have the same 


s polarization sense. 


Hardwood Dowels Strengthen Antenna Elements 


0 There is a very simple and inexpensive way to strengthen your beam 
antenna prior to hoisting it to the top of the tower. Most well-stocked hard- 
ware stores stock assorted sizes of hardwood dowel. Select dowels that can 
be snugly inserted inside the boom and elements and placed where they are 
attached to each other. Carefully redrill any holes blocked by the dowels and 
assemble the beam as instructed. You will then have a more solid attach- 
ment point and can really tighten the U-bolts and fittings without fear of 
deforming the tubing. Lightweight beams can be strengthened by inserting 
the dowel in the entire length of the boom. This method can be used to 
straighten elements that have been damaged. These dowels add very little 
weight to the antenna. | have done this for over 25 years and am completely 
satisfied with the results.—H. A. "Tony" Miller, WSBWA, Alexandria, 
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Driven Element — Lower Antenna 


Fig 20.90—A method for feeding a 
stacked Yagi array. Note that baluns at 
each antenna are not specifically 
shown. Modern-day practice is to use 
current (“choke”) baluns made up of 
ferrite beads slipped over the outside 
of the coax and taped to prevent 
movement. See Transmission Lines 
chapter for details. 


Car-Engine Heater Keeps 
Rotator Lubricant Flowing 
Ф My antenna rotator manual 
says that the rotator’s lubricant 
should flow at temperatures below 
—20 °F, but during a —28? spell last 


winter, nothing moved. | attached a 
magnetically mounted car engine 
heater to the bottom of the rotator 
mounting plate, warmed up the 
rotator, and got it moving again. 
—Richard Mollentine, WAQKKC, 
Overland Park, Kansas 


20.52 Chapter 20 


Louisiana 


A QUICK ANTENNA FOR 
223 MHz 


9 Here is a functional antenna for 
223 MHz that you can make in less 
than an hour (Fig A). To build it, 
you'll need 9 feet of #10 copper wire, 
6 inches of small-diameter copper 
tubing, and a 10-foot length of PVC 
pipe or some other physical support. 

Bend the antenna from one piece 
of wire. Slide the copper tubing over 
the top end of the antenna, and 
adjust how far it extends beyond the 
wire to get the lowest SWR. (Don't 
handle the antenna while transmit- 
ting—make adjustments only while 
receiving.) For more precision, you 
can move the coaxial feed line's taps 
on the antenna's matching stub (the 
12-inch section at the bottom) about 
an eighth of an inch at a time. My 
antenna shows an SWR of 1.2 at 223 
MHz.— William Bruce Cameron, 
WA4UZM, Temple Terrace, Florida 


Fig A—WAAUZM's quick 223-MHz 
antenna gets you going on 1'/4 meters 
in a hurry. (The text explains how to 
adjust it for minimum SWR.) To 
support the antenna, lash it to a piece 
of PVC pipe with nylon cable ties. 


6" Copper Tubing, 
1/4* OD 
| (Slip over wire end, 
adjust ond solder as 
described in text) 


#10 Copper Wire 


50-0 Coax Tapped м 1” 
from Bottom 


ON-GLASS MULTIBAND ANTENNA 


With every new car purchase comes the 
agonizing decision of where to punch the 
hole for a VHF antenna. With the advent 
of the dual-band transceiver, the problem 
has become where to punch two holes. 
Most of us would rather punch no holes at 
all! 

This on-glass antenna was described in 
March 1993 QST by Robin Rumbolt, 

. WAATEM. Such antennas couple RF 
through the windshield glass without the 
need to drill holes for cables and mount- 
ing hardware. This model not only fea- 


tures the ability to disconnect the radiat- . 


ing element quickly (for car washes, and 
so on), it has multiband capability, too. 


Construction : 
Rumbolt built the base of the antenna 


out of heatsink material (see Fig 20.91). - 
He used a piece of bare aluminum heat- : 
sink stock with long, straight fins. Each - 


fin was spaced about //4 inch apart. You 
may find similar heat-sink material at your 


local hamfest flea market. It's cheap and . 


relatively easy to machine. You can also 


use aluminum channel stock, which is ` 


available from a variety of sources. 

The first step is to cut out a piece 
roughly 1°/s-inches square and remove all 
but the two middle fins. Trim the fins to 

“Yo inch in height. Round the corners and 
drill ?/ss-inch holes in the centers of both 
fins. . | 

The antenna coupling plate is cut from 
apiece of sheet steel. Its dimensions equal 


those of the antenna mount. (Avoid using . 


"aluminum for the coupling plate, since it's 
very difficult to solder.) 
The quick-disconnect assembly is made 
.from two hexagonal brass standoffs just 
wide enough to fit snugly between the fins. 
One standoff has a hole threaded through 
its entire length. The other standoff has a 
threaded stub on one end and a threaded 
hole in the other. Carefully drill a ?/s-inch 
hole through the open end of the second 
standoff. Using a #6-32 x '/2-inch screw, 


assemble the standoff tothe base as shown ` 
(see Fig 20.92). The radiating element is ` 


made of 3/32-inch brass welding rod. Cut a 
#6-32 thread about '/s inch up опе end. 
This end is screwed tightly onto the first 
standoff. If you lack the tools to thread the 
‘rod yourself, use '/16-inch welding rod and 
solder it to the standoff. 


The total antenna length depends on the | 


band you wish to use. See Table 20.21 for 
approximate lengths for various bands. As 
you can see in Fig 20.92, the finished sec- 
tion screws onto the stub of the base- 
mounted standoff. A few twists is all it 
takes to remove it. 


The coupling plate and the antenna base 
are attached to the windshield with 
double-sided foam tape (Radio Shack 64- 
2361). One tape strip isn’t wide enough to 
cover the base and the plate, so apply two 
strips side-by-side. It’s a simple matter to 
cut the strips, peel off the backing and 
apply the tape to each piece. Any excess is 
easily trimmed away. The important thing 


, to remember is not to peel the paper back- 


ing from the tape until just before you’re 
ready to install the antenna. 


Mounting 


As you search for just the right spot to 
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Excess Material 
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mount your antenna, bear in mind that you 
must ground the coaxial cable shield to the 
car body near the mount. In most cars, the 
top center of the front or rear windshields 
is best. Older cars usually have screws to 
attach the molding in these areas. These 
screws can often be used for grounding. If 
you own a newer car without strategically 
located screws, you'll have to install one 
yourself. Whichever approach you use, 
check the screw with your VOM and en- 
sure that it really makes contact with the 
chassis of your car. Many screws anchor 
in metal, but the metal isn't always 
grounded. 
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Fig 20.91—The antenna base is fabricated from a piece of heat-sink stock. Cut out 
a 15/s-inch section and remove all but the two center fins (A and B). Round off the 
sharp corners of the fins and trim for a '/-inch height (C). Drill a %/es-inch hole 
through the centers of both fins (D). The coupling plate is cut from a 1%/s-inch 


-Section of sheet steel. Tin a small area as shown at E. 


Еа 
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bos 1/4* of 


#6—32 Thread 


Drill 9/64* 


46-32 Lock 


Washer N 


#6-32 x 1/2" 


#6-32 
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Fig 20.92—The on-glass antenna is made of brass welding 
rod attached to two threaded standoffs (see text). Drill a 
36-32 hole in the bottom standoff as shown. Using a #6-32 
x '/-inch screw, nut and lock washer, secure the antenna to 
the base. The total length of the antenna (L) is measured 
from the tip of the welding rod to the mounting screw. Use 
the lengths listed in Table 20.21 and then trim as necessary 


Car Body 
Cross Section 


Antenna and 
Base Assembly 


Coax Shield 

Attaches to 

Р Саг Воду ма 
Ў 7* — Molding Screw 


Double- Stick 
Foam Tape 


Solder Coax Center 
Conductor Here 


Coupling 
Plate 


Windshield 


Cross Section 
RG-58 Coox 


to Rig 


Fig 20.93—Use strong foam tape to hold the base and the 
coupling plate to the windshield. The coaxial cable center 
conductor is soldered to the coupling plate. The braid is 
grounded to the car body via a nearby molding screw. The 
braid must be grounded at the antenna for proper 
performance. 


to obtain a low SWR. 


Hold the base to your windshield in the 
area where you intend to install it. Adjust 
the antenna until itis vertical, then tighten 
the nut. Remove the mount and spray paint 
the entire assembly whatever color looks 
best with your car. 

When the paint is dry, clean the glass 
thoroughly (inside and outside). Check 
your chosen antenna location one more 
time. Is it in the path of windshield wip- 
ers? If you open the trunk or hatch, will the 
antenna be crushed? 

If everything looks safe, peel the paper 
from the foam tape and attach the base to 
the outside glass. Press firmly to ensure 
that the tape sticks to the surface. Attach 
the coupling plate to the inside glass di- 
rectly opposite the base. Solder the center 
coax conductor to the coupling plate and 
connect the coax shield to the ground 
screw or lug. 


Tuning 
With an accurate SWR/power meter, 
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Table 20.21 
Antenna Lengths for Various Bands 


Frequency (MHz) Length (in.) 
145 23'/4 
223 15'/16 
444 7'?/з2 
880 (cellular telephone) 11°/s (3/4 A) 
920 11 (9/4 А) 
1296 73/4 (8/4 А) 


make SWR measurements and begin ргип- 
ing the antenna for the lowest SWR. If you 
can’t get the SWR below 3:1, check your 
coax ground at the antenna. This is usually 
the culprit. 


Multibanding 


Here’s the best part—You can create a 
dual-band antenna by simply mounting a 
second antenna and quick-disconnect as- 
sembly on the same mounting base (see 
Fig 20.94). 


222, 440, 880, 
920 or 1296—-МН2 


Fig 20.94—The multiband option. You 
can mount two antennas in the same 
base. This is ideal for today’s dual- 
band, VHF/ UHF transceivers. 


1/а-\. ANTENNAS FOR НОМЕ; САВ АМО PORTABLE USE 


Quarter- wave vertical antennas are use- 
ful for local communications when size, 
cost and ease of construction are impor- 


tant. For theoretical information about · 


quarter-wave vertical antennas see earlier 


parts of this chapter: or The ARRL Antenna 


‚ Book. 
Construction Materials V S 


The antennas shown in the following 


sections are built оп а coaxial connector. : 


Use UHF or N connectors for the fixed 


station antennas. BNC connectors are. 


. good for mobile and portable antennas. 
BNC and N connectors are better than PL- 
259 connectors for VHF/UHF outdoor use 
becausé: (1) they provide a constant im- 
-pedance over the frequencies of interest, 
‘and (2) they are weatherproof when the 
appropriate connector or cap is attached. 
The ground-plane antennas require. a 


SOLDER 
FILLET 


RADIAL 
(4 REQ'D) 


\ 


panel- -mount connector (it has mounting 


- holes to hold the radials). ` 


` Ifthe antenna is sheltered from weather, 


copper wire is sufficiently rigid for the 


element and radials. Antennas exposed to 


the weather should be made from '/16- to - 
` Mg-inch brass or stainless-steel rod. 


Radials may be made from 3/16-inch alu- 


minum rod or tubing and mounted on an 


aluminum sheet. Do not use aluminum for 


the antenna element because it cannot be . 
easily soldered to the coaxial- connector 


center pin. , 
Where the: figures. call for #4-40 hard- 


ware, stainless steel or brass is best. Use. 


cadmium-plated hardware if stainless 

steel or brass is not available. 
ae As i. 

Fixed-Station Antennas 


t 


The groünd-plane antenna in Fig 20.95 . 
uses female chassis- mount connectors to` 


ELEMENT 


Ж SEE TABLE 18 : 


1/8" x 1” BRASS TUBE - 
(SLOT ENDS IF NEEDED 
‚ТО FIT ELEMENT OR- + 

CENTER PIN) 


STAINLESS-STEEL 
HOSE CLAMP 


COAXIAL CONNECTOR 
` INSIDE MAST 
E E H 


7/8" ID MAST. 


Fig 20.95—A simple groundplane antenna for the 144, 222 and 440-MHz bands. The 
feed line and connector are inside the mast, and a hose clamp squeezes the 
slotted mast end to tightly grip the plug роду: See Table 20. 22 for element and 


radial measurements 


support the element and four radials. If you | 


‚ have chosen large-diameter wire or tubing 


for the radials refer to Fig 20.96. Cut a 
metal sheet as.shown (size is not critical, 
and the mounting tab is optional). Drill the 
sheet to accept the coaxial connector on 
hand (usually !!/16 inch) and the 4-40 hard- 
ware for the radials and connector. Bend 
the plate or radials as shown with the aid 
of a bench vise. Mount the coaxial con- 
nector and radials to the plate. 

Small diameter (:/16-іпсћ) radials may 
be attached directly to the mounting lugs 
of the coaxial connector with 4-40 hard- ` 
ware. To install. 3/32- or '/s-inch radials, 
bend a hook at one end of each. radial for 


Arisertion through the connector lug. (You 


may need to enlarge the lug holes slightly 
for '/s-inch rod.) Solder the radials (and 
hardware, if used) to the corinector using 
a large soldering iron or propane torch. 
Solder the element to the:center pin of 
tlie.connector. If the element does not fit 
ifiside the solder cup, use a Short section of 
brass tubing as a coupler (a slotted '/s-inch- . 


‘ID tube will fit over an 50-239 or N-re- 


ceptacle center pin). 

. One mouriting method for fixed- station 
antennas appears in Fig 20.95. The method 
shown is probably the easiest and stron- 
gest. Alternatively, a tab (Fig 20.96D) or 
*L" bracket could be fastened to the side of 
a mast with a hose clamp. Once the antenna 
is mounted and tested, thoroughly seal the 
open side of the coaxial connector with 


, RTV sealant, and weatherproof the con- 


nections with rust-preventative paint. 


Mobile Applications | 
-- In order to achieve a perfect omnidirec- 


- tional radiation pattern, mobile vertical 
| antennas should be located in the center of 


the vehicle roof. Practically speaking ` 
however, vertical antennas work well any- 
where on a metal auto body (although the 
radiation pattern may not be omnidirec- 
tional). In the interest of RF safety, anten- 


'. nas that are not mounted on the roof should 


be placed as far from the vehicle occupants 
as is practical. | | . 
The mobile antenna shown here is based 


оп a mating pair of BNC connectors. (You 


could use similar techniques: with N con- 
nectors.) If you plan to remove the antenna 
element, obtain a matching connector cap 


to protect the open jack from weather. The 
-jack may be mounted directly through the 


vehicle body if:you wish. If you do so, 
select a body panel with sufficient strength 


. to support the antenna, and be sure that 
‘there is adequate access to both sides of 


the panel for connector and: cable installa- 
tion. 
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Most homemade VHF and UHF mobile 
antennas are mounted on an '/16-inch-thick 
aluminum L bracket, which is fastened to 
the side of the hood or trunk opening (see 
Fig 20.97A and Fig 20.97B). If the open- 
ing lip slopes at the antenna location, the 
lower edge of the L bracket should match 
that slope. Hold the sheet against the in- 
side of the opening lip, orient the sheet so 
that its top edge is parallel with the ground, 
and mark where the opening lip crosses 
the edges. Connect the marks with a 
straight line, and cut the sheet on that line. 

Drill the sheet as required for the co- 
axial connector, and bend as indicated. 


NO. 12 WIRE SOLDERED TO 


Mount the coaxial connector, and install 
the cable. Hold the bracket against the side 
of the opening, drill and secure it with two 
#6 or #8 sheet-metal screws and lock 
washers. 

The antenna shown here was made for the 
2-m band. The element is about 19'/4 inches 
of '/s-inch brass rod (from a welding-supply 
store). Refer to Fig 20.97C and D and fol- 
low this procedure to install the element in 
the male BNC connector: 

1) Prepare a special insulator from a 
l-inch piece of RG-58 cable by removing 
all of the jacket and shield. Also remove 
the center-conductor insulation as shown. 


ALUMINUM SHEET 


COAXIAL CONNECTOR 


50—239 COAX 
CONNECTOR 


(A) 


DIMENSIONS NOT 
CRITICAL. 
Ж SEE TABLE 20.22 


HOLE FOR 
COAXIAL 
CONNECTOR 


NO. 12 WIRE SOLDERED TO 
COAXIAL CONNECTOR 


\ 


COAXIAL CONNECTOR 


OPTIONAL 


MOUNTING TAB —- | Cy 
° ° 


BEND DOWN AT 
90? ANGLE 


Ж SEE TABLE 20.22 


2) File or grind an angle on the end of 
the brass rod. 

3) Place the special insulator against the 
end of the brass rod and lash them together 
with fine bare wire. 

4) Solder the wire, lashing and BNC 
center pin in place. (Use a light touch; too 
much heat causes the insulation to swell 
and makes it difficult to assemble the con- 
nector.) 

5) Apply heat-shrink tubing to cover the 
special insulator and lashing. Place the 
tubing so that at least !/з inch of the special 
insulator remains exposed at the center 
pin. 


NO. 4 MACHINE SCREWS, 
STAR WASHER AND NUT 
(8 PLACES) 


BEND DOWN AT 
45? ANGLE 


NO. 4 MACHINE SCREWS, 
STAR WASHER AND NUT 
(4 PLACES) 


HOLE FOR 
COAXIAL 
CONNECTOR 


BEND DOWN AT 
45? ANGLE 


Fig 20.96—Methods of mounting ?/:e-inch aluminum-rod radials to a VHF/UHF groundplane antenna. At A and B the radials 
are made approximately 1'/2 inches longer than Z, then bent (45°) and attached to a flat aluminum sheet. At C and D, the 
radials are somewhat shorter than /, and the corners of the aluminum sheet are bent to provide the 45° angle. in both cases, 
4 is measured from the radial tip to the element. The size of the aluminum sheet is not critical. The mounting tab shown at D 
is optional; it could be added to the sheet in A and B if desired. 
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BNC 
PANEL 


VEHICLE HOOD JACK 


6) Place the element in the connector 
body and fill the back of the connector 
with epoxy to support the element. Install 
the BNC nut before the epoxy sets. (The 
BNC washer, clamp and gasket are dis- 


(SHOWN CLOSED) EY carded) 
7) Solder a #8 brass nut (or other 


rounded brass object) to the end of the 
E element to serve as eye protection. 

This general procedure can be adapted 
to all of the element materials recom- 


1—1/2" MINIMUM 


COAXIAL 


CABLE s mended and to N connectors as well. 
2—NO, 6 OR NO. 8 
А SHEET-METAL 
SCRENS Table 20.22 
OPENING '/,-Wavelength Vertical Antenna 
Element and Radial Sizes 
Band 
144 MHz 222 MHz 440 MHz 
Lengths 
et 191/4" 121/2" 65/1" 
Diameters 
Brass rod 1/8" 3/32" 1/16" 
Stainless- 3/32" 116" | 1/16" 
steel rod 
tg 234 
f= f 
where 
£ = length, in ft 


f = frequency, in MHz 


OPENING LIP 


Better Adhesion for 
Suction-Cup Mounted 
Antennas 

9| have used a suction-cup- 
mounted Squalo antenna on my car 
for over 60,000 miles without the 
suction cups coming loose—after | 


put silicone grease on the edge of 
the suction cups. (Apparently, the 
grease fills voids in the rubber.) 
The silicone grease has not 
damaged my car's finish. Roger 
Gibson, K4KLK, Raleigh, North 
Carolina | 


Ж SEE TABLE 20.22 


INSTALL HEAT~-SHRINK TUBING NO. 8 BRASS NUT 
IN THIS AREA SOLDERED TO END 
OF ELEMENT 


1/8" BRASS ROD ELEMENT 


Fig 20.97—Details of the mobile vertical mount and BNC center-pin connection. A 
shows a cross section of a typical vehicle hood opening with the hood closed. B 
shows the lower edge of the L bracket trimmed to match the slope of the hood 
(this ensures that the antenna is plumb). C shows the BNC center pin, the special 
insulator made from RG-58 and the end of the element shaped for connection. At 
D, the special insulator has been lashed to the element with fine bare wire and the 
center pin positioned. The center pin and lashing should be soldered, and the area 
indicated should be covered with heat-shrink tubing to prevent contact with the 
plug body when it is installed. The brass nut serves as eye protection. 
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A PORTABLE GROUNDPLANE ANTENNA 


This idea (shown in Fig 20.98) by 
ARRL Laboratory Engineer Zack Lau, 
KH6CP/1, first appeared in July 1991 
QST. The rubber-ducky antennas common 
on hand-held VHF and UHF transceivers 
work fine in many situations. That's no 
surprise, considering that repeaters gener- 
ally reside high and in the clear so you and 
your hand-held don’t have to. Sometimes, 
though, you need a more efficient antenna 
that is just as portable as a hand-held. 
Here'sone: A simple groundplane antenna 
you can build—for 146, 223 or 
440 MHz—in no time flat. It features 
wire-end loops for safety (sharp, straight 
wires are hazardous) and convenience (its 
top loop lets you hang it off high objects 
for best performance). 


What You Need to Build One 


All you'll need are wire (single conduc- 
tor, #12 THHN), solder and a female coax 
jack for the connector series of your 
choice. Many hardware stores sell THHN 
wire—that is, thermal-insulation, solid- 
copper house wire—by the foot. Get 7 ft 
of wire fora 146-MHz antenna, 5 ft of wire 
for a 223-MHz antenna, or 3 ft of wire for 
a 440-MHz antenna. The only tools you 
need are a 100-W soldering iron or gun; a 
yardstick, long ruler or tape measure; a 
pair of wire cutters; a !/-inch-diameter 
form for bending the wire loops (a section 
of hardwood dowel or metal tubing works 
fine), and a file (for smoothing rough cut- 
wire edges and filing the coax jack for 
soldering). You may also find a sharp 
knife useful for removing the THHN's in- 
sulation. 


Building It 
To build a 146-MHz antenna, cut three 
245/s-inch pieces from the wire you 


E 3 


Fig 20.98—Three wires and a BNC 
connector make a portable 
groundplane antenna that puts a 
rubber ducky to shame. You can build 
this groundplane design for 146, 223 or 
440 MHz. 
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bought. To build a 223-MHz antenna, cut 
three 17°/s-inch pieces. To build a 
441-MHz antenna, cut three 10°/s-inch 
pieces. 

The photos show how to build the an- 
tenna, but they may not communicate why 
the cut lengths are somewhat longer than 
the finished antenna’s wires. Here’s why: 
The extra wire allows you to bend and 
shape the loops by hand. The half-inch 
diameter loop form helps you form the 
loops easily. 

Form an end loop on each wire as shown 
in Fig 20.99A. Strip exactly 4 inches of 
insulation from the wire. Using your '/ 
2-inch diameter form, bend the loop and 
close it—right up against the wire insula- 
tion—with a two-turn twist as shown at 
the bottom of the example in Fig 20.99A. 
Cut off the excess wire (about '/2 inch). 
Solder the two-turn twist. Do this for each 
of the antenna's three wires. 

Strip exactly 3 inches of insulation from 
the unlooped end of one of your wires and 
follow the steps shown in Fig 20.99B. 
Solder the wire to the connector center 
conductor. (Soldering the wire to a coaxial 


Fig 20.99A—Making loops on the 
antenna wires requires that you remove 
exactly 4 inches of insulation from 
each. Stripping THHN insulation is 
easier if you remove its clear plastic 
jacket first. 


jack's center pin takes considerable heat. 
A 700 to 750°F iron with a large tip, used 
in a draft-free room, works best. Don't try 
to do the job with an iron that draws less 
than 100 W.) Cut off the extra wire (about 
1/2 inch). 

Stripexactly 3 inches of insulation from 
the unlooped ends of the remaining two 
wires. Loop their stripped ends—right up 
to the insulation—through opposing 
mounting holes on the connector flange. 
Solder them to the connector. (You may 
need to file and tin the connector flange to 
get it to take solder better.) Cut off the 
excess wire (about 2!/4 inches per wire). 
This completes construction. 


Adjusting the Antenna for Best 
Performance 


Bend the antenna's two lower wires to 
form 120? angles with the vertical wire. 
(No, you don't need a protractor: Just po- 
sition the wires so they just about trisect a 
circle.) If you have no means of measuring 
SWR at your antenna's operating fre- 
quency, stop adjustment here and start 
enjoying your antenna. Any hand-held 
should produce ample RF output into the 


Fig 20.99B—Remove exactly 3 inches 
of insulation to attach the vertical wire 
to the coax connector center pin. This 
photo shows an SO-239 (UHF-series) 
jack; the title photo shows a BNC jack. 
Use whatever your application 
requires. 


impedance represented by the antenna and 
its feed line. 

Adjusting the antenna for minimum SWR 
is worth doing if you have an SWR meter 
or reflected-power indicator that works at 
your frequency of interest. Connect the 
meter in line between your handheld and 
the antenna. Between short, identified test 


transmissions—on a simplex frequency— 
to check the SWR, adjust the angle be- 
tween the lower wires and the vertical wire 
for minimum SWR. You can also adjust 
the antenna by changing the length of its 
wires, but you shouldn’t have to do this 
to obtain an acceptable SWR. 

As you use this groundplane, keep in 


AN ALL-COPPER 2-M J-POLE 


Rigid copper tubing, fittings and assorted 
hardware can be used to make a really rug- 
ged J-pole antenna for 2 m. When copper 
tubing is used, the entire assembly can be 


soldered together, ensuring electrical integ- 
rity, and making the whole antenna weather- 
proof. This material came from an article by 
Michael Hood, KD8JB, in The ARRL An- 


mind that its coax connector's center pin 
wasn't made to bear weight and may break 
if stressed too much. Barring that, your 
groundplane should require no mainte- 
nance at all. A BNC male to UHF male 
adaptor can be used between an SO-239 
and an HT BNC output connector. 


tenna Compendium, Vol. 4. 

No special hardware or machined parts 
are used in this antenna, nor are insulating 
materials needed, since the antenna is al- 


Fig 20.100—At A, exploded assembly 


diagram of all-copper J-Pole antenna. 
At B, detail of clamp assemblies. Both 
clamp assemblies are the same. 
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#19 hole drilled 


(2 places) 


Item Qty Part or Material Name 

1 1 3/4 inch x 10 ft length of 
rigid copper tubing 
(enough for 2 antennas, 
60 inches per antenna) 

1/2 inch x 10 ft length of 
rigid copper tubing 
(enough for 6 antennas, 
20 inches per antenna) 

3/4 inch copper pipe 
clamps 

1/2 inch copper pipe 
clamps 

1/2 inch copper elbow 

3/4 x !/ inch copper tee 

3/4 inch copper end cap 

1/2 inch copper end cap 

1/2 x 1'/4 inch copper 
nipple (Make from 
item 2. See text) 

3/4 x 31/44 inch copper 
nipple (Make from 
item 1. See text) 

Your choice of coupling 
to mast fitting 
(3/4 x 1 inch NPT used 
at KD8JB) 

# 8-32 х '/2 inch brass 
machine screws 
(round, pan, or binder 
head) 

# 8 brass flat washers 

# 8-32 brass hex nuts 
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ways at dc ground. Best of all, even if the 
parts aren’t on sale, the antenna can be 
built for less than $15. If you only build 
one antenna, you’ll have enough tubing 
left over to make most of a second antenna. 


Construction 


Copper and brass is used exclusively in 
this antenna. These metals get along to- 
gether, so dissimilar metal corrosion is 
eliminated. Both metals solder well, too. See 
Fig 20.100. Cut the copper tubing to the 
lengths indicated. Item 9 isa 1'/4-inch nipple 
cut from the 20-inch length of '^-inch 
tubing. This leaves 182/4 inches for the 
À/4-matching stub. Item 10isa3!'/4-inchlong 
nipple cut from the 60-inch length of ?/4-inch 
tubing. The ?/4-wave element should mea- 
sure 562/4 inches long. Remove burrs from 
the ends ofthe tubing after cutting, and clean 
the mating surfaces with sandpaper, steel 
wool, or emery cloth. 

After cleaning, apply a very thin coat of 
flux to the mating elements and assemble 
the tubing, elbow, tee, endcaps and stubs. 
Solder the assembled parts with a propane 
torch and rosin-core solder. Wipe off ex- 
cess solder with a damp cloth, being care- 
ful not to burn yourself. The copper tubing 
will hold heat for a long time after you've 
finished soldering. After soldering, set the 
assembly aside to cool. 

Flatten one each of the '/2-inch and 
3/4-inch pipe clamps. Drill a hole in the 
flattened clamp as shown in Fig 20.100B. 
Assemble the clamps and cut off the ex- 
cess metal from the flattened clamp using 


VHF/UHF Yagis 


Without doubt, the Yagi 1s king of home- 
station antennas these days. Today's best 
designs are computer optimized. For years 
amateurs as well as professionals designed 
Yagi arrays experimentally. Now we have 
powerful (and inexpensive) personal com- 
puters and sophisticated software for an- 
tenna modeling. These have brought us an- 
tennas with improved performance, with 
little or no element pruning required. 

A more complete discussion of Yagi 
design can be found earlier in this chapter. 
For more coverage on this topic and on 
stacking Yagis, see the most recent edi- 
tion of The ARRL Antenna Book. 


3 AND 5-ELEMENT 
YAGIS FOR 6 M 


Boom length often proves to be the de- 
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the unmodified clamp as a template. Dis- 
assemble the clamps. 

Assemble the '/2-inch clamp around the 
'/s-wave element and secure with two of the 
Screws, washers, and nuts as shown in 
Fig 20.100B. Do the same with the */4-inch 
clamp around the ?/4-уауе element. Set the 
clamps initially to a spot about 4 inches above 
the bottom of the “J” on their respective ele- 
ments. Tighten the clamps only finger tight, 
since you'll need to move them when tuning. 


Tuning 


The J-Pole can be fed directly from 50 Q 
coax through a choke balun (3 turns of the 
feed coax rolled into a coil about 8 inches in 
diameter and held together with electrical 
tape). Before tuning, mount the antenna ver- 
tically, about 5 to 10 ft from the ground. A 
short TV mast on a tripod works well for this 
purpose. When tuning VHF antennas, keep 
in mind that they are sensitive to nearby 
objects—such as your body. Attach the feed 
line to the clamps on the antenna, and make 
sure all the nuts and screws are at least finger 
tight. It really doesn't matter to which ele- 
ment (3/4-wave element or stub) you attach 
the coaxial center lead. The author has done 
it both ways with no variation in perfor- 
mance. Tune the antenna by moving the two 
feed-point clamps equal distances a small 
amount each time until the SWR is mini- 
mum at the desired frequency. The SWR will 
be close to 1:1. 


Final Assembly 
The final assembly of the antenna will 


ciding factor when one selects a Yagi de- 
sign. ARRL Senior Assistant Technical 
Editor Dean Straw, N6BV, created the 
designs shown in Table 20.23. Straw gen- 
erated the designs in the table for conve- 
nient boom lengths (6 and 12 ft). The 3-el- 
ement design has about 8 dBi gain, and the 
5-element version has about 10 dBi gain. 
Both antennas exhibit better than 22 dB 
front-to-rear ratio, and both cover 50 to 
51 MHz with better than 1.6:1 SWR. 
Element lengths and spacings are given 
in the table. Elements can be mounted to 
the boom as shown in Fig 20.101. Two 
muffler clamps hold each aluminum plate 
to the boom, and two U bolts fasten each 
element to the plate, which is 0.25 inches 
thick and 4x4 inches square. Stainless 
steel is the best choice for hardware, how- 
ever, galvanized hardware can be substi- 
tuted. Automotive muffler clamps do not 


determine its long-term survivability. Per- 
form the following steps with care. After 
adjusting the clamps for minimum SWR, 
mark the clamp positions with a pencil and 
then remove the feed line and clamps. 
Apply a very thin coating of flux to the 
inside of the clamp and the corresponding 
surface of the antenna element where the 
clamp attaches. Install the clamps and 
tighten the clamp screws. 

Solder the feed line clamps where they 
are attached to the antenna elements. Now, 
apply a small amount of solder around the 
screw heads and nuts where they contact 
the clamps. Don't get solder on the screw 
threads! Clean away excess flux with a 
non-corrosive solvent. 

After final assembly and erecting/ 
mounting the antenna in the desired loca- 
tion, attach the feed line and secure with 
the remaining washer and nut. Weather- 
seal this joint with RTV. Otherwise, you 
may find yourself repairing the feed line 
after a couple years. 


On-Air Performance 


Years ago, prior to building the first 
J-Pole antenna for this station, the author 
used a standard !/4-wave ground plane 
vertical antenna. While he had no problem 
working various repeaters around town 
with a '/4-wave antenna, simplex opera- 
tion left a lot to be desired. The J-Pole per- 
forms just as well as a Ringo Ranger, and 
significantly better than the '/4-wave 
ground-plane vertical. 


work well in this application, because they 
are not galvanized and quickly rust once 
exposed to the weather. 

The driven element is mounted to the 
boom on a Bakelite plate of similar dimen- 
sion to the other mounting plates. A 
12-inch piece of Plexiglas rod is inserted 
into the driven element halves. The 
Plexiglas allows the use of a single clamp 
on each side of the element and also seals 
the center of the elements against mois- 
ture. Self-tapping screws are used for elec- 
trical connection to the driven element. 

Refer to Fig 20.102 for driven element 
and Hairpin match details. A bracket made 
from a piece of aluminum is used to mount 
the three SO-239 connectors to the driven 
element plate. A 4:1 transmission-line balun 
connects the two element halves, transform- 
ing the 200-Q resistance at the Hairpin 
match to 50 Q at the center connector. Note 


Table 20.23 


Optimized 6-m Yagi Designs (See page 20.34) 


Spacing Seg 1 
From 
Reflector Length 
(in.) (in.) 
306-06 
Refl 0 36 
DE 24 36 
Dir 1 66 36 
506-12 
OD 0.750 
Refl 0 36 
DE 24 36 
Dir 1 36 36 
Dir 2 80 36 
Dir 3 138 36 


Seg 2 Midband 
Gain 

Length F/R 
(in.) 
22.500 8.1 dBi 
16.000 28.3 dB 
15.500 

0.625 
23.625 10.0 dBi 
17.125 26.8 dB 
19.375 
18.250 
15.375 


Note: For all antennas, telescoping tube diameters (in inches) are: Seg1-0.750, 
Seg2=0.625. See page 20.34 for element details. 


that the electrical length of the balun is À/2, 
but the physical length will be shorter due to 
the velocity factor of the particular coaxial 
cable used. The Hairpin is connected directly 
across the element halves. The exact center 
of the hairpin is electrically neutral and 
should be fastened to the boom. This has the 


Plexiglas Rod 


5/8" OD, 12" Long 


Neutral 
Point 


Bakelite Plate 


advantage of placing the driven element at 
dc ground potential. 

The Hairpin match requires no adjust- 
ment as such. However, you may have to 
change the length of the driven element 
slightly to obtain the best match in your 
preferred portion of the band. Changing 


Copper Strap 


be RS Aluminum 


Bracket 


Copper Strap 


~«— Driven Element 


Fig 20.101—The element-to-boom 
clamp. Galvanized U bolts are used 
to hold the element to the plate, and 
2-inch galvanized muffler clamps hold 
the plates to the boom. 


the driven-element length will not ad- 
versely affect antenna performance. Do 
not adjust the lengths or spacings of the 
other elements—they are optimized al- 
ready. If you decide to use a gamma match, 
add 3 inches to each side of the driven el- 
ement lengths given in the table for both 
antennas. 


Hairpin Detail 


Fig 20.102—Detailed drawing of the feed system used with the 50-MHz Yagi. Balun lengths: For cable with 0.80 velocity 
factor—7 ft, 10?/: in. For cable with 0.66 velocity factor—6 ft, 53/4 in. 
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A PORTABLE 3-ELEMENT 2-M BEAM 


In April 1993 QST, Nathan Loucks, 
WBÓCMT, described the 2-m beam shown 
in Fig 20.103. The boom and mast are 
made from 3/4-inch PVC plumber's pipe. 
The three pieces of PVC pipe are held to- 
gether with a PVC T joint and secured by 
screws. Elements can be made from brass 
brazing or hobby rods. (If you can’t find a 
40-inch rod for the reflector, you can sol- 
der wire extensions to obtain the full 


Director 


ж 


length.) 

Drill holes that provide a snug fit to 
the elements approximately '/ inch or 
so from the boom ends. Epoxy the di- 
rector and reflector in place after cen- 
tering them in these holes. A pair of 
holes spaced '/«inch and centered 
16 inches from the reflector hold the 
two-piece driven element. The short 
ends of the element halves should ex- 


Reflector 


Driven Element 


Fig 20.103—Construction diagram for the 2-m beam antenna. See text for details. 


High-Performance VHF/UHF Yagis 


This construction information is pre- 
sented as an introduction to the three high- 
performance VHF/UHF Y agis that follow. 
All were designed and built by Steve 
Powlishen, KIFO. 

For years the design of long Yagi anten- 
nas seemed to be a mystical black art. The 
problem of simultaneously optimizing 20 
or more element spacings and element 
lengths presented an almost unsolvable set 
of simultaneous equations. With the un- 
precedented increase in computer power 
and widespread availability of antenna 
analysis software, we are now able to 
quickly examine many Yagi designs and 
determine which approaches work and 
which designs to avoid. 
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At 144 MHz and above, most operators 
desire Yagi antennas two or more wave- 
lengths in length. This length (2 А) is 
where most classical designs start to fall 
apart in terms of gain per boom length, 
bandwidth and pattern quality. Extensive 
computer and antenna range analysis has 
proven that the best possible design is a 
Yagi that has both varying element spac- 
ings and varying element lengths. 

This logarithmic-design approach (pio- 
neered by Gunter Hoch, DL6WU, and oth- 
ers) starts with closely spaced directors. 
The director spacings gradually increase 
until a constant spacing of about 0.4 À is 
reached. Conversely, the director lengths 
start out longest with the first director and 


tend about '/4 inch through the boom. 
Solder the 50-Q feed line to the driven 
element as shown in Fig 20.104. 

Loucks used a pair of 4-inch pieces held 
in place by #12 or #14 jam screws (electri- 
cal connectors) to extend and adjust the 
driven element to allow for operation in 
various parts of the 2-m band. You can 
trim the driven element to length for op- 
eration in the desired portion of the band if 
you prefer. 

The figures show the beam assembled 
for vertical polarization. You may want to 
turn the boom pieces 90° for horizontal 
polarization for SSB or CW operation. 


Fig 20.104—Solder the coaxial cable to 
the driven element pieces as shown. 


decrease in length in a decreasing rate of 
change until they are virtually constant in 
length. This method of construction re- 
sults in a wide gain bandwidth. A band- 
width of 7% of the center frequency at the 
—] dB forward-gain points is typical for 
these Yagis even when they are longer 
than 10 А. The log-taper design also re- 
duces the rate of change in driven-element 
impedance vs frequency. This allows the 
use of simple dipole driven elements while 
still obtaining acceptable driven-element 
SWR over a wide frequency range. An- 
other benefit is that the resonant frequency 
of the Yagi changes very little as the boom 
length is increased. The driven-element 
impedance also changes moderately with 


boom length. The tapered approach cre- · 


ates a Yagi with a very clean radiation 
pattern. Typically, first side lobe levels of 


‘=17 dB in the E plane, «15 dB in the H 


plane, and all other lobes at «20 dB or 
more are possible on designs from 2 À to 


-more than 14 А. 


The actual rate of change in element 
lengths is determined by the diameter of 
the elements (in wavelengths). The spac- 
ings can be optimized for an individual 


-boom length or chosen as a best compro- 


mise for most boom lengths. 

The gain of long Yagis has been the sub- 
ject of much debate. Recent measurements 
and computer analysis by both amateurs and 
professionals indicates that given an opti- 


. mumdesign, doubling a Yagi’ s boom length 


will result in a maximum theoretical gain 


increase of about 2.6 dB. In practice, the real 


gain increase may be less because of escalat- 
ing resistive losses and the greater possibil- 
ity of construction error. Fig 20.105 shows 
the maximum possible gain perboom length 
expressed in decibels, referenced to an iso- 
tropic radiator. The actual number of direc- 
tors does not play an important part in deter- 


mining the gain vs boom length as long as a · 


reasonable number of directors are used. The 
use of more directors per boom length will 
normally give a wider gain bandwidth, how- 
ever, a point exists where too many directors 


will adversely affect all performance as- 


pects. "n 


* 


While short antennas (< 1.5 À) may show 
increased gain with the use of quad or loop 
elements, long Yagis (>2 A) will not exhibit 
measurably greater forward gain or pattern 
integrity with loop type elements. Similarly, 


- loops used as driven elements and reflectors 
will not significantly change the properties 


of a long log-taper Yagi. Multiple-dipole 


' driven-element assemblies will also not re- 
sultinany significant gain increase per given - 
. boom length when compared to single-di- 


pole feeds. 

Once a long-Yagi director string is 
properly tuned, the reflector becomes rela- 
tively noncritical. Reflector spacings be- 
tween 0.15 A and 0.2 А are preferred. The 
spacing can bé chosen for best pattern arid 
driven-element impedance. Multiple-re- 


` flector arrangements will not significantly 


increase the forward gain of a Yagi that 
has its directors properly optimized for 
forward gain. Many multiple-reflector 
schemes such as trireflectors and corner 
_teflectors have the disadvantage of lower- 


. ing the driven-element impedance com- 


pared to a single optimum-length reflec- 
tor. The plane or grid reflector, shown in 
Fig 20.106, may however reduce the in- 
tensity of unwanted rear lobes. This can be 


used to reduce noise pickup on EME or: 


satellite arrays. This type of reflector will 
usually increase the driven-element im- 
pedance compared to a single reflector. 
This sometimes makes driven-element 
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Fig 20.105—This chart shows maximum gain per boom length for optimally 


designed long Yagi antennas. 


r 


matching easier. Keep in mind that even 
for EME, a plane reflector will add con- 
siderable wind load and weight for only a 


- few tenths of a decibel of receive signal- 


to-noise improvement. 


Yagi Construction 


Normally, aluminum tubing or rod is 
used for Yagi ‘elements. Hard-drawn 
enamel-covered copper wire can also be 
used on Yagis above 420 MHz. Resistive 
losses are inversely proportional to the 
square of the element diameter and the . 
square root.of its conductivity. 

Element diameters of less than 7/16 inch 
or 4 mm should not be used on any band. 
The size should be chosen for reasonable 
strength. Half-inch diameter is suitable for 
50 MHz, ?/:6 to ?/s inch for 144 MHz and 


` 3/16 inch is recommended for the higher 


bands. Steel, including stainless steel and 
unprotected brass or copper wire, should 
not be used for elements. . ` 

Boom material may be aluminum tubing, 
either square orround. High-strength alumi- 
num alloys such as 6061-T6 or 6063-T651 
offer the best strength-to-weight advan- 
tages. Fiberglass poles have been used 
(where available as surplus). Wood is a 
popular low-cost boom material. The wood 
should be well seasoned and free from knots. 
Clear pine, spruce and Douglas fir are often 
used. The wood should be well treated to 
avoid water absorption and warping. 
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` Fig 20.106—Front and side views of a 


plane-reflector antenna. 
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YAGI ELEMENT LENGTH CORRECTION V 600M DIAMETER 


PENEAN 


ELEMENTS MOUNTED THROUGH 
A CONDUCTIVE \ 
MAKING CONTACT WITH IT 


| 


BOOM AND 


+ 
ELEMENTS MOUNTED THROU! 
A CONDUCTIVE BOOM 
INSULATED FROM THE BOOM 


т 
BE 
9o 
25 
zu 
[4 
" 
Ш = 
ш Ш 
2% 
a4 
ош 
о 
Ze 
o 
@ с 
8 
u 
© 
°ч 
= 
ш 
uo 
& t 
w5 
& x 


0.03 0.04 


BOOM DIAMETER ()) 


Fig 20.107—Yagi element correction vs boom diameter. Curve A is for elements 
mounted through a round or square conductive boom, with the elements in 
mechanical contact with the boom. Curve B is for insulated elements mounted 
through a conductive boom, and for elements mounted on top of a conductive 
boom (elements make electrical contact with the boom). The patterns were 
corrected to computer simulations to determine Yagi tuning. The amount of 
element correction is not affected by element diameter. 


Elements may be mounted insulated or 
uninsulated, above or through the boom. 
Mounting uninsulated elements through a 
metal boom is the least desirable method 


unless the elements are welded in place. The 
Yagi elements will oscillate, even in moder- 
ate winds. Over several years this element 
oscillation will work open the boom holes. 


A HIGH-PERFORMANCE 432-MHz YAGI 


This 22-element, 6.1-А, 432-MHz Yagi 
was originally designed for use in a 12- 
Yagi EME array built by K1FO. A lengthy 
evaluation and development process pre- 
ceded its construction. Many designs were 
considered and then analyzed on the com- 
puter. Next, test models were constructed 
and evaluated on a home-made antenna 
range. The resulting design is based on 
WIEJ's computer-optimized spacings. 

The attention paid to the design process 
has been worth the effort. The 22-element 
Yagi not only has exceptional forward 
gain (17.9 dBi), but has an unusually 
“clean” radiation pattern. The measured 
E-plane pattern is shown in Fig 20.108. 
Note that a 1-dB-per-division axis is used 
to show pattern detail. A complete descrip- 
tion of the design process and construc- 
tion methods appears in December 1987 
and January 1988 QST. 

Like other log-taper Yagi designs, this 
one can easily be adapted to other boom 
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lengths. Versions of this Yagi have been 
built by many amateurs. Boom lengths 
ranged between 5.3 A (20 elements) and 
12.2 A (37 elements). 

The size of the original Yagi 
(169 inches long, 6.1 А) was chosen so the 
antenna could be built from small-diam- 
eter boom material (7/s inch and 1 inch 
round 6061-T6 aluminum) and still sur- 
vive high winds and ice loading. The 22- 
element Yagi weighs about 3.5 pounds and 
has a wind load of approximately 
0.8 square ft. This allows a high-gain EME 
array to be built with manageable wind 
load and weight. This same low wind load 
and weight lets the tropo operator add a 
high-performance 432-MHz array to an 
existing tower without sacrificing anten- 
nas on other bands. 

Table 20.24 lists the gain and stacking 
specifications for the various length 
Yagis. The basic Yagi dimensions are 
shown in Table 20.25. These are free- 


This will allow the elements to move in the 
boom and create noise (in your receiver) 
when the wind blows. Eventually the ele- 
ment-to-boom junction will corrode (alumi- 
num oxide is a good insulator). This loss of 
electrical contact between the boom and el- 
ement will reduce the boom's effect and 
change the resonant frequency of the Yagi. 

Noninsulated elements mounted above 
the boom will perform fine as long as a 
good mechanical connection is made. In- 
sulating blocks mounted above the boom 
will also work, but they require additional 
fabrication. One of the most popular con- 
struction methods is to mount the elements 
through the boom using insulating shoul- 
der washers. This method is lightweight 
and durable. Its main disadvantage is dif- 
ficult disassembly, making this method of 
limited use for portable arrays. 

If a conductive boom is used, element 
lengths must be corrected for the mounting 
method used. The amount of correction is 
dependent upon the boom diameter in wave- 
lengths. See Fig 20.107. Elements mounted 
through the boom and not insulated require 
the greatest correction. Mounting on top of 
the boom or through the boom on insulated 
shoulder washers requires about half of the 
through-the-boom correction. Insulated ele- 
ments mounted at least one element diam- 
eter above the boom require no correction 
over the free-space length. 

The three following antennas have been 
optimized for typical boom lengths on 
each band. 


space element lengths for */1s-inch-diam- 
eter elements. Boom corrections for the 
element mounting method must be added 
in. The element-length correction column 
gives the length that must be added to keep 
the Yagi's center frequency optimized for 
use at 432 MHz. This correction is 
required to use the same spacing pattern 
over a wide range of boom lengths. Al- 
though any length Yagi will work well, 
this design is at its best when made with 18 
elements or more (4.6 A). Element mate- 
rial of less than ?/16-іпсһ diameter is not 
recommended because resistive losses 
will reduce the gain by about 0.1 dB, and 
wet-weather performance will be worse. 

Quarter-inch-diameter elements could 
be used if all elements are shortened by 
3 mm. The element lengths are intended 
for use with a slight chamfer (0.5 mm) cut 
into the element ends. The gain peak of the 
array is centered at 437 MHz. This allows 
acceptable wet-weather performance, 


Fig 20.108—Measured E-plane pattern 
for the 22-element Yagi. Note: This 
antenna pattern is drawn on a linear dB 
grid, rather than on the standard ARRL 
log-periodic grid, to emphasize low 
sidelobes. 


while reducing the gain at 432 MHz by 
only 0.05 dB. 

The gain bandwidth of the 22-element 
Yagi is 31 MHz (at the –1 dB points). The 
SWR of the Yagi is less than 1.4: 1 between 
420 and 440 MHz. Fig 20.109 is a network 
analyzer plot of the driven-element SWR 
vs frequency. These numbers indicate just 
how wide the frequency response of a 
log-taper Yagi can be, even with a simple 
dipole driven element. In fact, at one an- 
tenna gain contest, some ATV operators 
conducted gain vs frequency measure- 
ments from 420 to 440 MHz. The 22-ele- 
ment Yagi beat all entrants including those 
with so-called broadband feeds. 

To peak the Yagi for use on 435 MHz 
(for satellite use), you may want to shorten 
all the elements by 2 mm. To peak it for 
use on 438 MHz (for ATV applications), 
shorten all elements by 4 mm. If you want 
to use the Yagi on FM between 440 MHz 
and 450 MHz, shorten all the elements by 
10 mm. This will provide 17.6 dBi gain at 
440 MHz, and 18.0 dBi gain at 450 MHz. 
The driven element may have to be ad- 
justed if the element lengths are shortened. 

Although this Yagi design is relatively 
broadband, pay close attention to copying 
the design exactly. Metric dimensions are 
used because they are convenient for a Yagi 
sized for 432 MHz. Element holes should be 
drilled within +2 mm. Element lengths 
should be kept within +0.5 mm. Elements 
can be accurately constructed if they are first 


Table 20.24 
Specifications for 432-MHz Yagi Family 
FB 
No. Boom Gain Ratio 
of El Length (A) (аВі)* (dB) 
15 3.4 15.67 21 
16 3.8 16.05 19 
17 4.2 16.45 20 
18 4.6 16.8 25 
19 4.9 17.1 25 
20 5.3 17.4 21 
21 5.7 17.65 20 
22 6.1 17.9 22 
23 6.5 18.15 27 
24 6.9 18.35 29 
25 7.3 18.55 23 
26 7.7 18.8 22 
27 8.1 19.0 22 
28 8.5 19.20 25 
29 8.9 19.4 25 
30 9.3 19.55 26 
31 9.7 19.7 24 
32 10.2 19.8 23 
33 10.6 19.9 23 
34 11.0 20.05 25 
35 11.4 20.2 27 
36 11.8 20.3 27 
37 12.2 20.4 26 
38 12.7 20.5 25 
39 13.1 20.6 25 
40 13.5 20.8 26 


DE Beamwidth Stacking 
impd E/H E/H 
(Q) (°) (in.) 
23 30/32 53/49 
23 29/31 55/51 
27 28 / 30 56 / 53 
32 27/29 58/55 
30 26 / 28 61/57 
24 25.5/27 62/59 
22 25/26.5 63/60 
25 24/26 65/62 
30 23.5/25 67/64 
29 23/24 69 / 66 
25 22.5/23.5 71/68 
22 22/23 73/70 
21 21.5 / 22.5 75/72 
25 21/22 77/75 
25 20.5 / 21.5 79/77 
27 20/21 80/78 
25 19.6 / 20.5 81/79 
22 19.3/20 82/80 
23 19/19.5 83/81 
22 18.8 / 19.2 84/82 
25 18.5 / 19.0 85 / 83 
26 18.3 / 18.8 86 / 84 
26 18.1/18.6 87/85 
25 18.9 / 18.4 88 / 86 
23 18.7 / 18.2 89 / 87 
21 17.5/ 18 90/88 


*Gain is approximate real gain based upon gain measurements made on six 


different-length Yagis. 


0:1 
422 424 426 428 430 432 434 436 438 440 442 


FREQUENCY (MHz) 


Fig 20.109—SWR performance of the 22-element Yagi in dry weather. 


rough cut with a hack saw and then held in 
a vise and filed to the exact length. 

Larger arrays require more attention to 
making all Yagis identical. Elements are 
mounted on shoulder insulators and run 
through the boom (see Fig 20.110). The el- 
ement retainers are stainless-steel push nuts. 


These are made by several companies, in- 
cluding Industrial Retaining Ring Co in 
Irvington, New Jersey, and AuVeco in Ft 
Mitchell, Kentucky. Local industrial hard- 
ware distributors can usually order them for 
you. The element insulators are not critical. 
Teflon or black polyethylene are probably 
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Fig 20.110—Element-mounting detail. 
Elements are mounted through the 
boom using plastic insulators. 
Stainless steel push-nut retaining rings 
hold the element in place. 


the best materials. The Yagi in the photo- 
graphs is made with black Delryn insulators, 
available from Rutland Arrays in New 
Cumberland, Pennsylvania. 

The driven element uses a UG-58 con- 
nector mounted on a small bracket. The 
UG-58 should be the type with the press- 
incenter pin. UG-58s with center pins held 
in by "C" clips will usually leak water. 
Some connectors use steel retaining clips, 
which will rust and leave a conductive 


LT 


Fig 20.111—Several views of the driven 
element and T match. 


stripe across the insulator. The T-match 
wires are supported by the UT-141 balun. 
RG-303 or RG-142 Teflon-insulated cable 
could be used if UT-141 cannot be ob- 


A HIGH-PERFORMANCE 144-MHz YAGI 


This 144-MHz Yagi design uses the lat- 
est log-tapered element spacings and 
lengths. It offers near-theoretical gain per 
boom length, an extremely clean pattern 
and wide bandwidth. The design is based 
upon the spacings used іп a 4.5-À 
432-MHz computer-developed design by 
WIEJ. It is quite similar to the 432-MHz 
Yagi described elsewhere in this chapter. 
Refer to that project for additional con- 
struction diagrams and photographs. 

Mathematical models do not always di- 
rectly translate into real working ex- 
amples. Although the computer design 


provided a good starting point, the author, 
Steve Powlishen, K IFO, built several test 
models before the final working Yagi was 
obtained. This hands-on tuning included 
changing the element-taper rate in order 
to obtain the flexibility that allows the 
Yagi to be built with different boom 
lengths. 

The design is suitable for use from 1.8 X 
(10 elements) to 5.1 A (19 elements). 
When elements are added to a Yagi, the 
center frequency, feed impedance and 
front-to-back ratio will range up and 
down. A modern tapered design will mini- 


Table 20.28 


Specifications for the 144-MHz Yagi Family 


Beamwidth Stacking 
No. of Boom Gain DEImpd ЕВ Ratio E/H E/H 
El Length (А) (dBd) (О) (dB) (°) (ft) 
10 1.8 11.4 27 17 39 / 42 10.2/ 9.5 
11 2.2 12.0 38 19 36 / 40 11.0 / 10.0 
12 2.5 12.5 28 23 34 / 37 11.7 / 10.8 
13 2.9 13.0 23 20 32/35 12.5/ 11.4 
14 3.2 13.4 27 18 31/33 12.8 / 12.0 
15 3.6 13.8 35 20 30/32 13.2/ 12.4 
16 4.0 14.2 32 24 29/30 13.7 / 13.2 
17 4.4 14.5 25 23 28/29 14.1 / 13.6 
18 4.8 14.8 25 21 27 128.5 14.6 / 13.9 
19 5.2 15.0 30 22 26/27.5 15.2 / 14.4 
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tained. Fig 20.111 shows details of the 
driven-element construction. Driven ele- 
ment dimensions are given in Fig 20.112. 

Dimensions for the 22-element Yagi are 
listed in Table 20.26. Fig 20.113 details 
the Yagi’s boom layout. Element material 
can be either 3/1e-inch 6061-T6 aluminum 
rod or hard aluminum welding rod. 

A 24-ft-long, 10.6-A, 33-elementYagi 
was also built. The construction methods 
used were the same as the 22-element Yagi. 
Telescoping round boom sections of 1, 1'/s, 
and l'/ inches in diameter were used. A 
boom support is required to keep boom sag 
acceptable. At 432 MHz, if boom sag is 
much more than two or three inches, H-plane 
pattern distortion will occur. Greater 
amounts of boom sag will reduce the gain of 
a Yagi. Table 20.27 lists the proper dimen- 
sions for the antenna when built with the 
previously given boom diameters. The boom 
layoutis showninFig 20.114, andthe driven 
element is described in Fig 20.115. The 33- 
element Yagi exhibits the same clean pat- 
tern traits as the 22-element Yagi (see 
Fig 20.116). Measured gain of the 33-ele- 
ment Yagi is 19.9 dBi at 432 MHz. A mea- 
sured gain sweep of the 33-element Yagi 
gave a «1 dB gain bandwidth of 14 MHz 
with the «1 dB points at 424.5 MHz and 
438.5 MHz. 


mize this effect and allow the builder to 
select any desired boom length. This 
Yagi's design capabilities per boom length 
are listed in Table 20.28. 

The gain of any Yagi built around this 
design will be within 0.1 to 0.2 dB of the 
maximum theoretical gain at the design 
frequency of 144.2 MHz. The design is 
intentionally peaked high in frequency 
(calculated gain peak is about 
144.7 MHz). It has been found that by 
doing this, the SWR bandwidth and pat- 
tern at 144.0 to 144.3 MHz will be better, 
the Yagi will be less affected by weather 
and its performance in arrays will be more 
predictable. This design starts to drop off 
in performance if built with fewer than 10 
elements. Atless than 2 À, more traditional 
designs perform well. 

Table 20.29 gives free-space element 
lengths for '/a-inch-diameter elements. 
The use of metric notation allows for much 
easier dimensional changes during the 
design stage. Once you become familiar 
with the metric system, you'll probably 
find that construction is easier without the 
burden of cumbersome English fractional 
units. For "/ie-inch-diameter elements, 
lengthen all parasitic elements by 3 mm. 
If ?/s-inch-diameter elements are used, 


Table 20.26 


Dimensions for the 22-Element 
.432-MHz Yagi 


ALL ЗЕРЕ Y^ x БОС АДЫ i | -f| Element Element Element Boom 
© 8/16" DIAM 6061-6 | 3/8" WIDE Number Position Length Diam 
(mm from (mm) (in.) 
Й rear of boom) 
REF 30 346 
DE 134 340 
T WIRE: 122 mm T WIRE 140 mm LENGTH OF NO.12 WIRE D1 176 321 
. mm Е 
LENGTH ОЕ MAKE STRAIGHT PORTION . D2 254 311 
SOLDER NO. 12 WIRE OF T WIRE {22mm LONG; 7 рз . 362 ` 305 7/8 
, LUG | f ‘FORM AND SOLDER TO` | D4 | 496 301 
M $ . , N-CONNECTOR | . i D5 652 297. 
NOTE: T.WIRES ARE PARALLEL TO DRIVEN ELEMENT Сі : ned 1588 Р 298 
f ay * D8 1226 291 . 
i | ЖЕ D10 . 1672 ` 288 
BALUN: MAKE FROM UT-141 COPPER-SHIELDED COAX : Ner D11 1909 286 1 
- D12 2152 | 285 i 
Gea E = 
Ea jte. : ` ; | fe . D13 2403 284 
. EE ` . D14 2659 283 
5 233 mm 5mm 
DIELECTRIC © SHIELD : ; DIELECTRIC D15 2920 . 281 
- D16 3184 280 
D17 3452 279 7/8 
2 i : | . D18 3723 - 278 
soLoer 79^". CENTERLINE OF DRIVEN ELEMENT TO REAR D19 3997 277 
j FACE OF N-CONNECTOR BRACKET 'D20 4272 276 | 


CENTERLINE OF 
N CONNECTOR 
ABOVE 

800M 15 mm 


SOLDER LUG ATTACHED TO.BOTTOM SCREW 
‚ОМ CONNECTOR, BENT 90° AND SOLDERED 
` TO UT~141 SHIELD ‚ 


SIDE VIEW 


Fig 20.112—Details of the driven element and T match for the 22-element Yagi. 
Lengths are given in millimeters to allow precise duplication of the antenna. See 
text. Use care soldering to connector center pin to prevent damage. 


: ' DOUBLE UP воом WHERE MAST CLAMP 
CENTER В 
FRONT BOOM SECTION "орх Sa МАН. юн MOUNTS. USE 12" OF тив" OD X 0.049 6061 
7/8" OD Х 0.049" WALL : Ў В 


6061—T6 TUBING | 6061- T6 TUBING 


1530 mm (60 - 1/4") LONG i ый BOOM SECTION 


7/8" OD X 0.049" WALL 
NO. 8-32 SCREW CENTER MAST CLAMP SLOT AND USE HOSE 6061- тв TUBING 


(2 PLACES) | SIBETWEEN-DÉQ AND Dit CLAMP (2 PLACES) — ево mm (62-5/16") LONG 


1412 mm киыр РОХ 1415 mm ОСИЯ ЕСЕ aes 1475 тт 


(55- 9/16") — (55-11/16") E (58 — 1/16") 


4302 тт 
(469 - 5/16") 


BOOM LAYOUT 


Fig 20.113—Boom-construction information for the 22-element Yagi. Lengths are given in millimeters to allow precise 
duplication of the antenna. See text. 


Й 
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Table 20.25 
Free-Space Dimensions for 432-MHz Yagi Family 
Element lengths are for °/:s-inch-diameter material. 


EI Element Element Element El Element Element Element 

No. Position Length | Correction* No. Position Length Correction” 
(mm from (mm) (mm from (mm) 
rear of boom) rear of boom) 

REF O . 340 D21 4520 269 0 

DE 104 334 D22 4798 269 0 

01 146 315 D23 5079 268 0 

D2 224 306 D24 5360 268 +1 

Оз 332 299 D25 5642 267 +1 

D4 466 295 D26 5925 267 +1 

D5 622 291 D27 6209 266 +1 

D6 798 289 D28 6494 266 +1 

D7 990 287 D29 6779 265 +2 

D8 1196 285 D30 7064 265 +2 

09 1414 283 D31 7350 264 +2 

D10 1642 281 -2 D32 7636 264 +2 

D11 1879 279 -2 D33 7922 263 +2 

D12 2122 278 -2 D34 8209 263 +2 

D13 2373 277 -2 D35 8496 262 +2 

D14 2629 276 -2 D36 8783 262 +2 

D15 2890 275 -1 D37 9070 261 +3 

D16 3154 274 -1 D38 9359 261 +3 

D17 3422 273 -1 

D18 3693 272 0 *Element correction is the amount to 

D19 3967 271 0 shorten or lengthen all elements when 

D20 4242 270 0 building a Yagi of that length. 


MOUNT BOOM MOUNT BOOM 
pamm HERE SUPPORT HERE 


1470 mm Mea mm ——» 


| 
| ; 2932 mm ——— ————- 
| 


IR — 5941 mm И 


7410 тт = и! 


Fig 20.114—Boom-construction information for the 33-element Yagi. Lengths are 
given in millimeters to allow precise duplication of the antenna. 


las mm 


T WIRE: 136 mm LENGTH OF 
NO.12 WIRE, STRAIGHT PORTION 
NOTE: T WIRES ARE NO. 12 WIRE 122 mm LONG. ADDITIONAL LENGTH 
NOT PARALLEL TO 122 mm LONG APPROX 14 тт. CONNECTS TO 
DRIVEN ELEMENT N-CONNECTOR CENTER PIN 


Fig 20.115—Details of the driven element and T match for the 33-element Yagi. 
Lengths are given in millimeters to allow precise duplication of the antenna. 
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Table 20.27 


Dimensions for the 33-Element 
432-MHz Yagi 


Element Element Element Boom 

Number Position Length Diam 
(mm from (mm) (in.) 
rear of boom) 

REF 30 348 

DE 134 342 

D1 176 323 

D2 254 313 

D3 362 307 

D4 496 303 1 

D5 652 299 

D6 828 297 

D7 1020 295 

D8 1226 293 

D9 1444 291 

D10 1672 290 

D11 1909 288 

D12 2152 287 11/8 

013 2403 286 

014 2659 285 

015 2920 284 

016 3184 284 

017 3452 283 f 

D18 3723 282 TA 

D19 3997 281 

D20 4272 280 

D21 4550 278 

D22 4828 278 

D23 5109 277 | 1'/s 


e 


ae 


Fig 20.116—E-plane pattern for the 33- 
element Yagi. This pattern is drawn on 
a linear dB grid scale, rather than the 
standard ARRL log-periodic grid, to 
emphasize low sidelobes. 


Table 20.29 


Free-Space Dimensions for the 
144-MHz Yagi Family 


Element Diameter is '/4-inch. 


El Element Element 
No Position (mm Length 

from rear of boom) (mm) 
REF 0 1038 
DE 312 955 
D1 447 956 
D2 699 932 
D3 1050 916 
D4 1482 906 
D5 1986 897 
D6 2553 891 
D7 3168 887 
D8 3831 883 
D9 4527 879 
D10 5259 875 
D11 6015 870 
D12 6786 865 
D13 7566 861 
D14 8352 857 
D15 9144 853 
D16 9942 849 
D17 10744 845 
Table 20.30 


Dimensions for the 12-Element 
2.5-1 Yagi 


Element Element | Element Воот 


Number Position Length Diam 
(mm from (mm) (in.) 
rear of boom) 

REF 0 1044 

DE 312 955 

D1 447 962 1 

D2 699 938 

D3 1050 922 

D4 1482 912 

D5 1986 904 

D6 2553 898 | 13/8 

07 3168 894 

рв 3831 889 

09 4527 885 | 11/4 

D10 5259 882 


shorten all of the directors and the reflec- 
tor by 6 mm. The driven element will have 
to be adjusted for the individual Yagi if 
the 12-element design is not adhered to. 
For the 12-element Yagi, '/s-inch- 
diameter elements were selected because 
smaller-diameter elements become rather 
flimsy at2 m. Other diameter elements can 
be used as described previously. The 2.5-A 
boom was chosen because it has an excel- 
lent size and wind load vs gain and pattern 
trade-off. The size is also convenient; 
three 6-ft-long pieces of aluminum tubing 
can be used without any waste. The rela- 
tively large-diameter boom sizes (1!/4 and 
17/s inches) were chosen, as they provide 


Rear Boom Section 
1—1/4" OD x 0.049" wall 
6061— T6 round tubing 
1829 mm (72^) long 


No. 8—32 Screw 
(2 places) 


Center Boom Section 
1—3/8" OD x 0.058” wall 
6061—T6 round tubing 
1829 mm (72°) long 


Front Boom Section 
1-1/4" OD x 0.049" wall 
6061—Т6 round tubing 
1829 mm (72") long 


Slot and use 
hose clamp (2 places) 


Cla 


1829 mm 
(72^) 
BOOM LAYOUT 


Fig 20.117—Boom layout for the 12-element 144-MHz Yagi. Lengths are given in 


millimeters to allow precise duplication. 
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Fig 20.119—H- and E-plane pattern for 
the 12-element 144-MHz Yagi. 


an extremely rugged Yagi that does not 
require a boom support. The 12-element 
17-ft-long design has a calculated wind 
survival of close to 120 mi/h! The absence 
of a boom support also makes vertical po- 
larization possible. 

Longer versions could be made by tele- 
scoping smaller-size boom sections into 
the last section. Some sort of boom sup- 
port will be required on versions longer 
than 22 ft. The elements are mounted on 
shoulder insulators and mounted through 
the boom. However, elements may be 
mounted, insulated or uninsulated, above 


or through the boom, as long as appropri- 
ate element length corrections are made. 
Proper tuning can be verified by checking 
the depth of the nulls between the main 
lobe and first side lobes. The nulls should 
be 5 to 10 dB below the first side-lobe 
level at the primary operating frequency. 
The boom layout for the 12-element model 
is shown in Fig 20.117. The actual cor- 
rected element dimensions for the 12-ele- 
ment 2.5-А Yagi are shown in Table 20.30. 

The design may also be cut for use at 
147 MHz. There is no need to change ele- 
ment spacings. The element lengths 
should be shortened by 17 mm for best 
operation between 146 and 148 MHz. 
Again, the driven element will have to be 
adjusted as required. 

The driven-element size ('/2-inch diam- 
eter) was chosen to allow easy impedance 
matching. Any reasonably sized driven 
element could be used, as long as appro- 
priate length and T-match adjustments are 
made. Different driven-element dimen- 
sions are required if you change the boom 
length. The calculated natural driven-ele- 
ment impedance is given as a guideline. A 
balanced T-match was chosen because it's 
easy to adjust for best SWR and provides 
a balanced radiation pattern. A 4:1 half- 
wave coaxial balun is used, although im- 
pedance-transforming quarter-wave 
sleeve baluns could also be used. The cal- 
culated natural impedance will be useful 
in determining what impedance transfor- 
mation will be required at the 200-Q bal- 
anced feedpoint. The ARRL Antenna Book 
contains information on calculating 
folded-dipole and T-match driven-ele- 
ment parameters. A balanced feed is im- 
portant for best operation on this antenna. 
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NO.8 SCREW~ œ DRIVEN ELEMENT 05" DIAM (12.5 mm) x 0035" 
NUT AND LOCKWASHER 28% WALL ALUMINUM TUBE 


SHORTING И Енес 
STRAP ——®» TBARS SUPPORTED ON 


3/4" HIGH DELRYN 
MAKE FROM 
0.032" FEARTEN ENDS ТОР INSULATORS 
ALUMINUM T TUBES 


T BARS 


" “ 
ATTACH BALUN ENDS 3/8 x0035 


TO T BARS WALL 
ALUMINUM 


TUBING 


(A) 


DRIVEN ELEMENT DETAIL 12 ELEMENT 144 MHz YAGI 


INCHES = mm x 0.0394 


Fig 20.118—Driven-element detail for 
the 12-element 144-MHz Yagi. Lengths 
are given in millimeters to allow 
precise duplication. Use care soldering 
to connector center to prevent pin 
damage. 


DRIVEN ELEMENT SIDE VIEW 


FRONT OF ҮАб!-—— 


— iml ies BALUN SHIELD 1S GROUNDED 
uG-58A/u К\Ч. p : 


— 


MATERIAL 0.062" ALUMINUM à 
CONNECTOR BRACKET em. BALUN CENTER CONDUCTORS ATTACH TO T BARS 


3/4" LONG ie DIAM DELRYN INSULATOR 


HOLES FOR T BAR 
INSUL ATORS 


SHIELD 664mm : 
750 mm 


MATERIAL: RG-142/U OR RG-303/U 
TEFLON -INSULATED COAXIAL CABLE (C) 
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Gamma matches can severely distort the 
pattern balance. Other useful driven-ele- 
ment arrangements are the Delta match 
and the folded dipole, if you’re willing to 
sacrifice some flexibility. Fig 20.118 de- 
tails the driven-element dimensions. | 

A noninsulated driven element was cho- 
sen for mounting convenience. An insu- 
lated driven element may also be used. A 
grounded driven element may be less af- 
fected by static build-up. On the other 
hand, an insulated driven element allows 
the operator to easily check his feed lines 


for water or other contamination by the 
use of an ohmmeter from the shack. 

Fig 20.119 shows computer-predicted 
E- and H-plane radiation patterns for the 
12-element Yagi. The patterns are plotted 
on al-dB-per-division linear scale instead 
of the usual ARRL polar-plot graph. This 
expanded scale plotis used to show greater 
pattern detail. The pattern for the 12-ele- 
ment Yagi is so clean that a plot done іп. 
the standard ARRL format would be al- 
most featureless, except for the main lobe 
and first sidelobes. f 


A HIGH-PERFORMANCE 222-MHz YAGI 


Modern tapered Yagi designs are eas- 
ily applied to 222 MHz. This design 
uses a spacing progression that is in 
between the 12-element 144-MHz de- 
sign, and the 22-element 432-MHz de- 
sign presented elsewhere in this chap- 
ter. The result is a design with maximum 
gain per boom length, a clean, sym- 
metrical radiation pattern, and wide 
. bandwidth. Although it was designed 
for weak-signal work (tropospheric 


scatter and EME), the design is suited to 


all modes of 222-MHz operation, such 
as packet radio, FM repeater operation 
and control links. 


The spacings were chosen as the best 


compromise for a 3.9-А 16-element Yagi. 
The 3.9- design was chosen, like the 12- 


Table 20.31 


Free-Space Dimensions for the ` 
222-MHz Yagi Family 


Element diameter is ?/.e-inch. 


ЕІ Element Element 
No. Position Length 
(mm from rear (mm) 
of boom) 
REF 0 676 
DE 204 647 
D1 292 623 
D2 450 608 . 
D3 668 594 
D4 . 938 497 P 
D5 1251 581 
D6 1602 576 
D7 1985 573 
D8 2395 569 © 
D9 . 2829 565 
3283 562 
D11 3755 558 
D12 4243 556 
D13 4745 554 
D14 5259 553 
D15 5783 552 
D16 6315 551 
. D17 6853 550 
D18 7395 549 
D19 7939 548 
D20 8483 


547 


element 144-MHz design, because it fits 
perfectly on a boom made from three 6-ft- 
long aluminum tubing sections. The de- 
sign is quite extensible, and models from 
12 elements (2.4 А) to 22 elements (6.2 A) 
can be built-from the dimensions given in 
Table 20.31. Note that free-space lengths 
are given. They must be corrected for the 
element mounting method. Specifications 


Rear Boom Section 
1-1/4" OD x 0.049" wall 
6061- T6 round tubing 
1829 mm (72^) long 


No. 8-32 Screw 
(2 places) 


Center Boom Section 
1-3/8" OD x 0.058" wall 


6061- T6 round tubing 
1829 mm (72^) long 


The excellent performance of the 12- 
element Yagi is demonstrated by the re-. 
ception of Moon echoes from several of 
the larger 144-MHz EME stations with 
only one 12-element Yagi. Four of the 
12-element Yagis will make an excellent 


` starter EME array, capable of working 


many EME QSOs while being relatively : 
small in size. The advanced antenna 
builder can use the information in 
Table 20.28 to design a “dream” array of 
virtually any size. 


for various boom lengths are shown in 


Table 20.32. 


Construction 

Large-diameter (1'/4 and 13/s-inch diam- 
eter) boom construction is used, eliminat- 
ing the need for boom supports. The Yagi 
can also be used vertically polarized. 
Three-sixteenths-inch-diameter alumi- 


Table 20.32 

Specifications for the 222-MHz Yagi Family 

No. of Boom Gain FB DE _Beamwidth Stacking 
El Length (A) (ава) Ratio Ітра E/H- E/H 

| (dB) (Q) (°) (ft) 

12 2.4 12.3 22 23 37/39 7.1/6.7 
13 2.8 12.8 19 28 33 / 36 7.8/7.2 
14 3.1 13.2 20 34 32 / 34. 8.1/7.6 
15 3.5 13.6 24 30 30 / 33 8.6/7.8 
16 3.9 14.0 23 23 29/31 8.9 / 8.3 
17 4.3 14:35 20: 24 28 / 30.5 9.3/8.5 
18 4.6 14.7 20 29 27/29 9.6/8.9 
-19 5.0 15.0 22 33 - 26/28 9.9/9.3 
20 ‚5.4 15.3 24 `29 25/27 10.3 / 9.6 
21 5.8 15.55 23 24 24.5 / 26.5 10.5 / 9.8 
22 6.2 15.8 __21 23 24 / 26: 10.7 / 10.2 


Front Boom Section 

1-1/4" OD x 0.049" wall 
` 6061-76 round tubing 

1829 mm (72^) long 


Slot and use 
hose clamp (2 places) 


1829 mm 


(02^) 
BOOM LAYOUT 


Fig 20. 120—Boom layout for the16-element 222-MHz Yagi. Lengths are given in 


millimeters to allow precise duplication. 


Antennas & Projects 20.71 


NO. 10 WIRE MTG BRACKET 


SOLDER BALUN CENTER 
CONDUCTOR TO 'T' WIRES (2 PL) 


UG- 58A/U 


490 mm 


Sam BALUN, UT- 141 OR RG-303/U 


= LUG (2 PL) ; 
5тт [ecu ee 464 mm ТО mm 
(SHIELD) 
t 


ORIVEN ELEMENT 


5 mm 


Fig 20.121—Driven-element detail for the 16-element 222-MHz Yagi. Lengths are 
given in millimeters to allow precise duplication. Use care soldering to connector 


center pin to prevent damage. 


num elements are used. The exact alloy is 
not critical; 6061-T6 was used, but hard 
aluminum welding rod is also suitable. 
Quarter-inch-diameter elements could 
also be used if all elements are shortened 
by 3mm. Three-eighths-inch-diameter 
elements would require 10 mm shorter 
lengths. Elements smaller than 2/16-іпсһ- 
diameter are not recommended. The ele- 
ments are insulated and run through the 
boom. Plastic shoulder washers and stain- 
less-steel retainers are used to hold the 
elements in place. The various pieces 
needed to build the Yagi may be obtained 
from Rutland Arrays in New Cumberland, 
Pennsylvania. Fig 20.120 details the 
boom layout for the 16-element Yagi. 
Table 20.33 gives the dimensions for the 
16-element Yagi as built. The driven ele- 
ment is fed with a T match and a 4:1 balun. 
See Fig 20.121 for construction details. 
See the 432-MHz Yagi project elsewhere 
in this chapter for additional photographs 
and construction diagrams. 

The Yagi has a relatively broad gain and 
SWR curve, as is typical of a tapered de- 
sign, making it usable over a wide fre- 
quency range. The example dimensions 
are intended for use at 222.0 to 
222.5 MHz. The 16-element Yagi is quite 
usable to more than 223 MHz. The best 
compromise for covering the entire band 
is to shorten all parasitic elements by 
4 mm. The driven element will have to be 
adjusted in length for best match. The 
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position of the T-wire shorting straps may 
also have to be moved. 

The aluminum boom provides superior 
strength, is lightweight, and has a low 
wind-load cross section. Aluminum is 
doubly attractive, as it will long outlast 
wood and fiberglass. Using state-of-the- 
art designs, it is unlikely that significant 
performance increases will be achieved in 
the next few years. Therefore, it's in your 
best interest to build an antenna that will 
last many years. If suitable wood or fiber- 
glass poles are readily available, they may 
be used without any performance degra- 
dation, at least when the wood is new and 
dry. Use the free-space element lengths 
given in Table 20.31 for insulated-boom 
construction. 

The pattern of the 16-element Yagi is 
shown in Fig 20.122. Like the 144-MHz 
Yagi,a !-dB-per-division plot is used to 
detail the pattern accurately. This 16-ele- 
ment design makes a good building block 
for EME or tropo DX arrays. Old-style 
narrow-band Yagis often perform unpre- 
dictably when used in arrays. The theo- 
retical 3.0-dB stacking gain is rarely ob- 
served. The 16-element Yagi (and other 
versions of the design) reliably provides 
stacking gains of nearly 3 dB. (The spac- 
ing dimensions listed in Table 20.33 show 
just over 2.9 dB stacking gain.) This has 
been found to be the best compromise 
between gain, pattern integrity and array 
size. Any phasing-line losses will subtract 


KIFO ENHANCED MININEC 
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Water Droplets 
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Fig 20.122—H- and E-plane patterns for 
the 16-element 222-MHz Yagi at A. The 
driven-element T-match dimensions 
were chosen for the best SWR 
compromise between wet and dry 
weather conditions. The SWR vs 
frequency curve shown at B 
demonstrates the broad frequency 
response of the Yagi design. 


Table 20.33 


Dimensions for 16-Element 3.9-A 
222-MHz Yagi 


Element Element Element Boom 


Number Position Length Diam 
(mm from (mm) (in.) 
rear of boom) 

REF 683 

DE 204 664 

D1 292 630 

D2 450 615 1A 

D3 668 601 

D4 938 594 

D5 1251 588 

D6 1602 583 

D7 1985 580 

D8 2395 576 13/5 

D9 2829 572 

D10 3283 569 

D11 3755 565 

D12 4243 563 iA 

D13 4745 561 

D14 5259 560 


| from the possible stacking gain. Mechani- 


` cal misalignment will also degrade the 


performance of an array. 
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adio waves, like light waves 
W and all. other forms of electro- 

magnetic radiation, normally 
travelin straight lines. Obviously this does 
not happen all the time, because long-dis- 
tance communication depends on radio 
waves traveling beyond the horizon. How 
radio waves propagate in other than 
straight-line paths is a complicated sub- 
ject, but one that need not be a mystery. 
This chapter, by Emil Pocock, W3EP, pro- 
vides basic understanding of the principles 
of electromagnetic radiation, the structure 
of the Earth's atmosphere and solar-ter- 
restrial interactions necessary for a work- 
ing knowledge of radio propagation. More 
detailed discussions and the underlying 
mathematics of radio propagation physics 
can be found in the references listed at the 
end of this chapter. 


FUNDAMENTALS OF RADIO 
WAVES 


Radio belongs to a family of electro- 
magnetic radiation that includes infrared 
(radiation heat), visible light, ultraviolet, 
X-rays and the even shorter-wavelength 
gamma and cosmic rays. Radio has the 
longest wavelength and thus the lowest 
frequency of this group. See Table 21.1. 
Electromagnetic waves result from the 
interaction of an electric and a magnetic 
field. An oscillating electric charge in a 
piece of wire, for example, creates an elec- 
tric field and a corresponding magnetic 


Table 21.1 
The Electromagnetic Spectrum 


Radiation Frequency 


‚ X-ray 3 x 105 THz and higher 
Ultraviolet 800 THz - 3 x 105 THz 
Visible light 400 THz - 800 THz 
Infrared 300 GHz - 400 THz 
Radio 10 kHz - 300 GHz 


Fig 21.1—Electric and magnetic field components of the electromagnetic wave. 
The polarization of a radio wave is the same direction as the plane of its electric 
field. 


field. The magnetic field in turn creates an 
electric field, which creates another mag- 
netic field, and so on. 

These two fields sustain themselves as a 
composite electromagnetic wave, which 
propagates itself into space. The electric 
and magnetic components are oriented at 


Wavelength 


10 А and shorter 
4000-10A , 
8000 - 4000 A 

1 mm - .0008 mm 
30,000 km - 1 mm 


right angles to each other and 90° to the 
direction of travel. The polarization of a 
tadio wave is usually designated the same 
as its electric field. This relationship can 
be visualized in Fig 21.1. Unlike sound 
waves or ocean waves, electromagnetic 
waves need no propagating medium, such 
as air or water. This property enables elec- 
tromagnetic waves to travel through the 
vacuum of space. 


Velocity 


Radio waves, like all other electromag- 
netic radiation, travel nearly 300,000 km 
(186,400 mi) per second in a vacuum. 
Radio waves travel more slowly through 
any other medium. The decrease in speed 
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Fig 21.2—Radio energy disperses as 
the square of the distance from its 
source. For the change of one distance 
unit shown the signal is only one 
quarter as strong. Each spherical 
section has the same surface area. 


through the atmosphere is so slight that it 
is usually ignored, but sometimes even this 
small difference is significant. The speed 
of a radio wave in a piece of wire, by con- 
trast, is about 95% that of free space, and 
the speed can be even slower in other 
media. 

The speed of a radio wave is always the 
product of wavelength and frequency, 
whatever the medium. That relationship 
can be stated simply as: 


c=fa 


where 
c = speed in m/s 
f = frequency in hertz 
= wavelength in m 


The wavelength (A) of any radio fre- 
quency can be determined from this simple 
formula. In free space, where the speed is 
3 x 108 m/s, the wavelength of a 30-MHz 
radio signal is thus 10 m. Wavelength de- 
creases in other media because the propa- 
gating speed is slower. In a piece of wire, 
the wavelength of a 30-MHz signal short- 
ens to about 9.5 m. This factor must be 
taken into consideration in antenna de- 
signs and other applications. 


Wave Attenuation and Absorption 


Radio waves weaken as they travel, 
whether in the near vacuum of cosmic 
space or within the Earth's atmosphere. 
Free-space attenuation results from the 
dispersal of radio energy from its source. 
See Fig 21.2. Attenuation grows rapidly 
with distance because signals weaken with 
the square of the distance traveled. If the 
distance between transmitter and receiver 
is increased from 1 km to 10 km (0.6 to 
6 mi), the signal will be only one-hun- 
dredth as strong. Free-space attenuation is 
a major factor governing signal strength, 
but radio signals undergo a variety of other 
losses as well. 
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Refractive 
Index 


Direction of Waves 
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Fig 21.3—Radio waves are refracted as 
they pass at an angle between 
dissimilar media. The lines represent 
the crests of a moving wave front and 
the distance between them is the 
wavelength. The direction of the wave 
changes because one end of the wave 
slows down before the other as it 
crosses the boundary between the two 
media. The wavelength is simul- 
taneously shortened, but the wave 
frequency (number of crests that pass a 
certain point in a given unit of time) 
remains constant. 


Energy is lost to absorption when radio 
waves travel through media other than a 
vacuum. Radio waves propagate through 
the atmosphere or solid material (like a 
wire) by exciting electrons, which then 
reradiate energy at the same frequency. 
This process is not perfectly efficient, so 
some radio energy is transformed into heat 
and retained by the medium. The amount 
of radio energy lost in this way depends on 
the characteristics of the medium and on 
the frequency. Attenuation in the atmo- 
sphere is minor from 10 MHz to 3 GHz, 
but at higher frequencies, absorption due 
to water vapor and oxygen can be high. 

Radio energy is also lost during refrac- 
tion, diffraction and reflection—the very 
phenomena that allow long-distance 
propagation. Indeed, any form of useful 
propagation is accompanied by attenua- 
tion. This may vary from the slight losses 
encountered by refraction from sporadic- 
E clouds near the maximum usable fre- 
quency, to the more considerable losses 
involved with tropospheric forward scat- 
ter or D-Layer absorption in the lower HF 
bands. These topics will be covered later. 
In many circumstances, total losses can 
become so great that radio signals become 
too weak for communication. 


Refraction 


Electromagnetic waves travel in 
straight lines until they are deflected by 
something. Radio waves are refracted, or 
bent, slightly when traveling from one 
medium to another. Radio waves behave 
no differently from other familiar forms 


of electromagnetic radiation in this regard. 
The apparent bending of a pencil partially 
immersed in a glass of water demonstrates 
this principle quite dramatically. 

Refraction is caused by a change in the 
velocity of a wave when it crosses the 
boundary between one propagating me- 
dium and another. If this transition is made 
at an angle, one portion of the wavefront 
slows down (or speeds up) before the 
other, thus bending the wave slightly. This 
is shown schematically in Fig 21.3. 

The amount of bending increases with 
the ratio of the refractive indices of the 
two media. Refractive index is simply the 
velocity of a radio wave in free space di- 
vided by its velocity in the medium. Radio 
waves are commonly refracted when they 
travel through different layers of the at- 
mosphere, whether the highly charged 
ionospheric layers 100 km (60 mi) and 
higher, or the weather-sensitive area near 
the Earth's surface. When the ratio of the 
refractive indices of two media is great 
enough, radio waves can be reflected, just 
like light waves striking a mirror. The 
Earth is a rather lossy reflector, but a metal 
surface works well if it is several wave- 
lengths in diameter. 

Radio waves can also be diffracted or 
bentaround solid objects with sharp edges. 
Fig 21.4 depicts a wavefront passing over 
an idealized knife edge. That portion of a 
wave adjacent to the edge is slowed down 
slightly, thus making the wave front ap- 
pear to bend around it. The net effect is to 
allow some wave energy to appear behind 
an otherwise solid object. 

The direction of radio waves can also be 
altered through scattering. The effect seen 
by a beam of light attempting to penetrate 
fog is a good example of light-wave scat- 
tering. Even on a clear night, a highly di- 
rectional search light is visible due to a 
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Fig 21.4—Radio waves are diffracted 
around sharp edges, such as this 
idealized knife edge. The lower portion 
of the wave is slowed as it approaches 
the edge, causing a portion of the 
signal to bend around it. 


small amount of atmospheric scattering 
perpendicular to the beam. Radio waves are 
similarly scattered when they encounter 
randomly arranged objects of wavelength 
size or smaller, such as masses of electrons 
or water droplets. When the density of scat- 
tering objects becomes great enough, they 
behave more like a propagating medium 
with a characteristic refractive index. 

If the scattering objects are arranged in 
some alignment or order, scattering takes 
place only at certain angles. A rainbow 
provides a good analogy for field-aligned 
scattering of light waves. The arc of arain- 
bow can be seen only at a precise angle 
away from the sun, while the colors result 
from the variance in scattering across the 
light-wave frequency range. Ionospheric 
electrons can be field-aligned by magnetic 
forces in auroras and under other unusual 
circumstances. Scattering in such cases is 
best perpendicular to the Earth’s magnetic 
field lines. 


Reflection 


At amateur frequencies above 30 MHz, 
reflections from a variety of large objects, 
such as water towers, buildings, airplanes, 
mountains and the like can provide a use- 
ful means of extending over-the-horizon 
paths several hundred km. Two stations 
need only beam toward a common reflec- 
tor, whether stationary or moving. Con- 
trary to common sense notions, the best 
position for a reflector is not midway be- 
tween two stations. Signal strength in- 
creases as the reflector approaches one end 
of the path, so the most effective reflectors 
are those closest to one station or the other. 

Maximum range is limited by the radio 
line-of-sight distance of both stations to 
the reflector and by reflector size and 
shape. The reflectors must be many wave- 
lengths in size and ideally have flat sur- 
faces. Large airplanes make fair reflectors 
and may provide the best opportunity for 
long-distance contacts. The calculated 
limit for airplane reflections is 900 km 
(560 mi), assuming the largest jets fly no 
higher than 12,000 m (40,000 ft), but ac- 
tual airplane reflection contacts are likely 
to be considerably shorter. 


Knife-Edge Diffraction 


The crest of a range of hills or moun- 
tains at least 100 A long can serve as a 
reasonable knife-edge diffracter at radio 
frequencies. Hill crests that are sharp, 
clear of trees and horizontal make the best 
edges, but even rounded hills may serve as 
a diffracting edge. Only a small portion of 
the signal energy will be diffracted behind 
the mountains, but it may make it possible 
to complete paths of 100 km (62 mi) or 
more that might otherwise be obstructed 


by the terrain. See Fig 21.5. Knife-edge 
diffraction works in both directions, so 
communications paths over what appear 
to be imposing mountain ranges might 
actually be possible, especially in the VHF 
range and higher. Natural knife edges are 
so variable that some experimentation will 
be needed for optimal signal strength in 
the shadow zone. 


Ground Waves 


A ground wave is the result of a special 
form of diffraction that primarily affects 
longer-wavelength vertically polarized ra- 
dio waves. It is most apparent in the 
80- and 160-m amateur bands, where prac- 
tical ground-wave distances may extend 
beyond 200 km (120 mi). The term ground 
wave is often mistakenly applied to any 
short-distance communication, but the ac- 
tual mechanism is unique to the longer- 
wave bands. 

Radio waves are bent slightly as they 
pass over a sharp edge, but the effect ex- 
tends to edges that are considerably 
rounded. At medium and long wave- 
lengths, the curvature of the Earth looks 
like a rounded edge. Bending results when 
the lower part of the wave front loses en- 
ergy due to currents induced in the ground. 
This slows down the lower part of the 
wave, causing the entire wave to tilt for- 
ward slightly. This tilting follows the cur- 
vature of the Earth, thus allowing low- and 
medium-wave radio signals to propagate 
over distances well beyond line of sight. 

Ground wave is most useful during the 
day at 1.8 and 3.5 MHz, when D-layer 
absorption makes skywave propagation 
more difficult. Vertically polarized anten- 


Signal 
Direction 


nas with excellent ground systems provide 
the best results. Ground-wave losses are 
reduced considerably over saltwater and 
are worst over dry and rocky land. 


SKY-WAVE PROPAGATION AND 
THE SUN 


The Earth’s atmosphere is composed 
primarily of nitrogen (78%), oxygen 
(21%) and argon (1%), with smaller 
amounts of a dozen other gases. Water 
vapor can account for as much as 5% of 
the atmosphere under certain conditions. 
This ratio of gases is maintained until an 
altitude of about 80 km (50 mi), when the 
mix begins to change. At the highest lev- 
els, helium and hydrogen predominate. 

Solar radiation acts directly or indi- 
rectly on all levels of the atmosphere. 
Adjacent to the surface of the Earth, solar 
warming controls all aspects of the 
weather, powering wind, rain and other 
familiar phenomena. Solar ultraviolet 
(UV) radiation creates small concentra- 
tions of ozone (Оз) molecules between 
10 and 50 km (6 and 30 mi). Most UV 
radiation is absorbed by this process and 
never reaches the Earth. 

At even higher altitudes, UV and X-ray 
radiation partially ionize atmospheric 
gases. Electrons freed from gas atoms 
eventually recombine with positive ions 
to recreate neutral gas atoms, but this takes 
some time. In the low-pressure environ- 
ment at the highest altitudes, atoms are 
spaced far apart and the gases may remain 
ionized for many hours. At lower altitudes, 
recombination happens rather quickly, 
and only constant radiation can keep any 
appreciable portion of the gas ionized. 
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Fig 21.5—VHF and UHF diffraction allaws contacts to be made behind a mountain. 
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Propagation Summary, by Band 


Medium Frequencies (300 kHz-3 MHz) 


The only amateur medium-frequency band is 
situated just above the domestic AM broadcast band. 
Ground wave provides reliable communication out to 
150 km (90 mi) or during the day, when no other form 
of propagation is available. Long-distance paths are 
made at night via the F, layer. 


1.8-2.0 MHz (160 m) 


The top band, as it is sometimes called, suffers 
from extreme daytime D-layer absorption. Even at 
high radiation angles, virtually no signal can pass 
through to the F layer, so daytime communication is 
limited to ground-wave coverage. At night, the D layer 
quickly disappears and worldwide 160-m communica- 
tion becomes possible via F-layer skip. Atmospheric 
and man-made noise limit propagation. Tropical and 
midlatitude thunderstorms cause high levels of static 
in summer, making winter evenings the best time to 
work DX at 1.8 MHz. A proper choice of receiving 
antenna can often significantly reduce the amount of 
received noise while enhancing desired signals. 


High Frequencies (3-30 MHz) 


A wide variety of propagation modes are useful on 
the HF bands. The lowest two bands in this range 
share many daytime characteristics with 160 m. The 
transition between bands primarily useful at night or 
during the day appears around 10 MHz. Most long- 
distance contacts are made via Fp-layer skip. Above 
21 MHz, more exotic propagation, including TE, 
sporadic E, aurora and meteor scatter, begin to be 
practical. 


3.5-4.0 MHz (80 m) 


The lowest HF band is similar to 160 m in many 
respects. Daytime absorption is significant, but not 
quite as extreme as at 1.8 MHz. High-angle signals 
may penetrate to the E and F layers. Daytime com- 
munication range is typically limited to 400 km 
(250 mi) by ground-wave and skywave propagation. 
At night, signals are often propagated halfway around 
the world. As at 1.8 MHz, atmospheric noise is a 
nuisance, making winter the most attractive season 
for the 80-m DXer. 


7.0-7.3 MHz (40 m) 


The popular 40-m band has a clearly defined skip 
zone during the day. D-layer absorption is not as 
severe as on the lower bands, so short-distance skip 
via the E and F layers is possible. During the day, a 
typical station can cover a radius of approximately 
800 km (500 mi). Ground-wave propagation is not 
important. At night, reliable worldwide communication 
via Fa is common on the 40-m band. 

Atmospheric noise is less troublesome than on 160 
and 80 m, and 40-m DX signals are often of sufficient 
strength to override even high-level summer static. 
For these reasons, 40 m is the lowest-frequency 
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amateur band considered reliable for DX communica- 
tion in all seasons. Even during the lowest point in the 
solar cycle, 40 m may be open for worldwide DX 
throughout the night. 


10.1-10.15 MHz (30 m) 


The 30-m band is unique because it shares charac- 
teristics of both daytime and nighttime bands. D-layer 
absorption is not a significant factor. Communication 
up to 3000 km (1900 mi) is typical during the daytime, 
and this extends halfway around the world via all- 
darkness paths. The band is generally open via F, on 
a 24-hour basis, but during a solar minimum, the MUF 
on some DX paths may drop below 10 MHz at night. 
Under these conditions, 30 m adopts the 
characteristics of the daytime bands at 14 MHz and 
higher. The 30-m band shows the least variation in 
conditions over the 11-year solar cycle, thus making it 
generally useful for long-distance communication 
anytime. 


14.0-14.35 MHz (20 m) 


The 20-m band is traditionally regarded as the 
amateurs' primary long-haul DX favorite. Regardless 
of the 11-year solar cycle, 20 m can be depended on 
for at least a few hours of worldwide F, propagation 
during the day. During solar maximum periods, 20 m 
will often stay open to distant locations throughout the 
night. Skip distance is usually appreciable and is 
always present to some degree. Daytime E-layer 
propagation may be detected along very short paths. 
Atmospheric noise is not a serious consideration, 
even in the summer. Because of its popularity, 20 m 
tends to be very congested during the daylight hours. 


18.068-18.168 MHz (17 m) 


The 17-m band is similar to the 20-m band in many 
respects, but the effects of fluctuating solar activity on 
Е, propagation are more pronounced. During the 
years of high solar activity, 17 m is reliable for 
daytime and early-evening long-range communica- 
tion, often lasting well after sunset. During moderate 
years, the band may open only during sunlight hours 
and close shortly after sunset. At solar minimum, 

17 m will open to middle and equatorial latitudes, but 
only for short periods during midday on north-south 
paths. 


21.0-21.45 MHz (15 m) 


The 15-m band has long been considered a prime 
DX band during solar cycle maxima, but it is sensitive 
to changing solar activity. During peak years, 15 m is 
reliable for daytime F2-layer DXing and will often stay 
open well into the night. During periods of moderate 
solar activity, 15 m is basically a daytime-only band, 
closing shortly after sunset. During solar minimum 
periods, 15 m may not open at all except for infre- 
quent north-south transequatorial circuits. Sporadic E 


is observed occasionally in early summer and mid- 
winter, although this is not common and the effects ~ 
are not as pronounced as on the higher frequencies. 


24.89-24.99 MHz (12 m) 


This band offers propagation that combines the 
best of the 10- and 15-m bands. Although 12 m is 
primarily a daytime band during low and moderate ` 
sunspot years, it may stay open well after sunset, 
during the solar maximum. During years of moderate 
solar activity, 12 m opens to the low and middle ` 
latitudes during the daytime hours, but it seldom 
remains open after sunset. Periods of low solar 
activity seldom cause this band to go completely 
dead, except at higher latitudes. Occasional daytime 
openings, especially in the lower latitudes, are likely 
over north-south paths. The main sporadic-E season 
on 24 MHz lasts from late spring through summer and 
short openings may be observed in mid-winter. ` ` 


28.0-29.7 MHz (10 m) 


The 10-m band is well known for extreme variations 


in characteristics and variety of propagation modes. 
During solar maxima, long-distance Р propagation is 


so efficient that very low power can produce loud. ’ 


signals halfway around the globe. DX is abundant _ 
with modest equipment. Under these conditions, the 


band is usually open from sunrise to a few hours past : 


sunset. During periods of moderate solar activity, 

10 m usually opens only to low and transequatorial . 
latitudes around noon. During the solar minimum, 
there may be no Е propagation at any time during - 
the day or.night. 

. Sporadic E is fairly common on 10 m, especially 
May through August, although it may appear at any 
time. Short skip, as it is sometimes called on the HF 


bands, has little relation to the solar cycle and occurs . 


regardless of F-layer conditions. It provides single- 
hop communication from 300 to 2300 km (190 to | 
1400 mi) and multiple-hop opportunities of 4500 km 
(2800 mi) and farther. 
Ten meters is a transitional band in that it also 

shares some of the propagation modes more charac- 
teristic of VHF. Meteor scatter, aurora, auroral E and 
_transequatorial spread-F provide the means ої. 
making contacts out.to 2300 km (1400 mi) and 
farther, but these modes often go unnoticed at 


28 MHz. Techniques similar to those used at VHF can : 


be very effective on 10 m, as signals are usually 
stronger and more persistent. These exotic modes . 
: can be more fully exploited, especially during the 
solar minimum when F, DXing has waned. 


Very High Frequencies (30- -300 MHZ) - 


A wide variety of propagation modes are useful in. ` 


the VHF range. F-layer skip appears on 50 MHz 
during solar cycle peaks. Sporadic E and séveral . 
. other E-layer phenomena are most effective in the 


VHF range. Still other forms of VHF ionospheric 


. propagation, such as field-aligned irregularities (FAI) , 
‚апа transequatorial spread Е (TE), are rarely ob- 


served at HF. Tropospheric propagation, which is not 


. afactor at HF, becomes increasingly important. above 
50 MHz. 


50-54 MHz (6 m) 
. The lowest amateur VHF band shares many of the 
characteristics of both lower and higher frequencies. 


‘In the absence of any favorable ionospheric propaga- 


tion conditions, well-equipped 50-MHz stations work 
regularly over a radius of 300 km (190 mi) via tropo- 


` spheric scatter, depending on terrain, power, receiver 


capabilities and antenna. Weak-signal troposcatter 
allows the best stations to make 500-km (310-mi) 


_contacts nearly any time. Weather effects may extend 


the normal range by a few hundred km, especially 


' during the summer months, but true tropospheric 


ducting is rare. 

During the peak of the 11-year sunspot cycle, 
worldwide 50-MHz DX is possible via the F, layer 
during daylight hours. F, backscatter provides an 
additional propagation mode for contacts as far as’ · 


: 4000 km (2500 mi) when the MUF is just below 
- 50 MHz. TE paths as long as 8000 km (5000 mi) - 


across the magnetic equator are common around the . 
spring and fall equinoxes of peak solar cycle years. 
Sporadic E is probably the most common and 
certainly the most popular form of propagation on the 
6-m band. Single-hop E-skip openings may last many 
hours for contacts from 600 to 2300-km (370 to 
1400 mi), primarily during the spring and early 
summer. Multiple-hop E, provides transcontinental 
contacts several times a year, and contacts between | 
the US and South America, Europe and Japan via 
multiple-hop E-skip occur nearly every summer. 


-~ Other types of E-layer ionospheric propagation 


make 6 m an exciting band. Maximum distances of 
about.2300 km (1400 mi) are typical for all types of 


E-layer modes. Propagation via FAI often provides 


additional hours of contacts immediately following 


` "sporadic E events. Auroral propagation often makes 


its appearance in late afternoon when the geomag- 
netic field is disturbed. Closely related auroral-E 
propagation may extend the 6-m range to 4000 km 
(2500 mi) and sometimes farther across the northern 


-states and Canada, usually after midnight. Meteor 


scatter provides brief contacts during the early 
morning hours, especially during one of the dozen or . 
so prominent annual meteor showers. ; 


144-148 MHz (2 in) 


lonospheric effects are significantly reduced at 
144 MHz, but they are far from absent. F-layer ` 
propagation is unknown except for TE, which is 
respohsible for the. current 144-MHz terrestrial DX 
` (Continued on page 21. 16) 
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record of nearly 8000 km (5000 mi). Sporadic E 
occurs as high as 144 MHz less than a tenth as often 
as at 50 MHz, but the usual maximum single-hop 
distance is the same, about 2300 km (1400 mi). 
Multiple-hop sporadic-E contacts greater than 

3000 km (1900 mi) have occurred from time to time 
across the continental US, as well as across 
Southern Europe. 

Auroral propagation is quite similar to that found at 
50 MHz, except that signals are weaker and more 
Doppler-distorted. Auroral-E contacts are rare. 
Meteor-scatter contacts are limited primarily to the 
periods of the great annual meteor showers and 
require much patience and operating skill. Contacts 
have been made via FAI on 144 MHz, but its potential 
has not been fully explored. 

Tropospheric effects improve with increasing 
frequency, and 144 MHz is the lowest VHF band at 
which weather plays an important propagation role. 
Weather-induced enhancements may extend the 
normal 300- to 600-km (190- to 370-mi) range of well- 
equipped stations to 800 km (500 mi) and more, 
especially during the summer and early fall. Tropo- 
spheric ducting extends this range to 2000 km 
(1200 mi) and farther over the continent and at least 
to 4000 km (2500 mi) over some well-known all-water 
paths, such as that between California and Hawaii. 


222-225 MHz (135 cm) 


The 135-cm band shares many characteristics with 
the 2-m band. The normal working range of 222-MHz 
stations is nearly as good as comparably equipped 
144-MHz stations. The 135-cm band is slightly more 
sensitive to tropospheric effects, but ionospheric 
modes are more difficult to use. Aurora and meteor- 
scatter signals are somewhat weaker than at 
144 MHz, and sporadic-E contacts on 222 MHz are 
extremely rare. FAI and TE may also be well within 
the possibilities of 222 MHz, but reports of these 
modes on the 135-cm band are uncommon. In- 
creased activity on 222-MHz will eventually reveal the 
extent of the propagation modes on the highest of 
amateur VHF bands. 


Ultra-High Frequencies (300-3000 MHz) and 
Higher 


Tropospheric propagation dominates the bands at 
UHF and higher, although some forms of E-layer 
propagation are still useful at 432 MHz. Above 
10 GHz, atmospheric attenuation increasingly 
becomes the limiting factor over long-distance paths. 
Reflections from airplanes, mountains and other 
stationary objects may be useful adjuncts to propaga- 
tion at 432 MHz and higher. 
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420-450 MHz (70 cm) 


The lowest amateur UHF band marks the highest 
frequency on which ionospheric propagation is com- 
monly observed. Aurora signals are weaker and more 
Doppler distorted; the range is usually less than at 144 
or 222 MHz. Meteor scatter is much more difficult than 
on the lower bands, because bursts are significantly 
weaker and of much shorter duration. Although sporadic 
E and FAI are unknown as high as 432 MHz and 
probably impossible, TE may be possible. 

Well-equipped 432-MHz stations can expect to work 
over a radius of at least 300 km (190 mi) in the 
absence of any propagation enhancement. Tropo- 
spheric refraction is more pronounced at 432 MHz and 
provides the most frequent and useful means of 
extended range contacts. Tropospheric ducting 
supports contacts of 1500 km (930 mi) and farther 
over land. The current 432-MHz terrestrial DX record 
of more than 4000 km (2500 mi) was accomplished via 
ducting over water. 


902-928 MHz (33-cm) and Higher 


lonospheric modes of propagation are nearly 
unknown in the bands above 902 MHz. Aurora scatter 
may be just within amateur capabilities at 902 MHz, 
but signal levels will be well below those at 432 MHz. 
Doppler shift and distortion will be considerable, and 
the signal bandwidth may be quite wide. No other 
ionospheric propagation modes are likely, although 
high-powered research radars have received echoes 
from auroras and meteors as high as 3 GHz. 

Almost all extended-distance work in the UHF and 
microwave bands is accomplished with the aid of 
tropospheric enhancement. The frequencies above 
902 MHz are very sensitive to changes in the weather. 
Tropospheric ducting occurs more frequently than in 
the VHF bands and the potential range is similar. At 
1296 MHz, 2000-km (1200-mi) continental paths and 
4000-km (2500-mi) paths between California and 
Hawaii have been spanned many times. Contacts of 
1000 km (620 mi) have been made on all bands 
through 10 GHz in the US and over 1600 km (1000 mi) 
across the Mediterranean Sea. Well-equipped 903- 
and 1296-MHz stations can work reliably up to 300 km 
(190 mi), but normal working ranges generally shorten 
with increasing frequency. 

Other tropospheric effects become evident in the GHz 
bands. Evaporation inversions, which form over very 
warm bodies of water, are usable at 3.3 GHz and 
higher. It is also possible to complete paths via scatter- 
ing from rain, snow and hail in the lower GHz bands. 
Above 10 GHz, attenuation caused by atmospheric 
water vapor and oxygen become the most significant 
limiting factors in long-distance 
communication. 


Structure of the Earth’s 
Atmosphere 

The atmosphere, which reaches to more 
than 600 km (370 mi) altitude, is divided 
into a number of regions, shown in 
Fig 21.6. The weather-producing tropo- 


sphere lies between the surface and an - 


average altitude of 10 km (6 mi). Between 


10 and 50 km (6 and 30 mi) are the strato- ` 


sphere and the imbedded ozonosphere, 


where ultraviolet absorbing ozone reaches | 
its highest concentrations. About 99% of. 


atmospheric gases are contained within 
these two lowest regions. | 

Above 50 km to about 600 km (370 mi) 
is the ionosphere, notable for its effects on 
radio propagation. At these altitudes, 
atomic oxygen and nitrogen predominate 
under very low pressure. High-energy so- 
lar UV and X-ray radiation ionize these 
gases, creating a broad region where ions 
are created. in relative abundance. The 


ionosphere is subdivided into distinctive 


D, E and F regions. 

The magnetosphere begins around 
600 km (370 mi) and extends as far as 
160,000 km (100,000 mi) into space. The 
predominant component of atmospheric 
gases gradually shifts from atomic oxy- 
gen, to helium and finally to hydrogen at 
the highest levels. The lighter gases may 
reach escape velocity or be swept off the 


. atmosphere by the solar wind. At about, 


3,200 and 16,000 km (2000 and 9900 mi), 
the Earth’s magnetic field traps energetic 
electrons and protons in two bands, 
known as the Van Allen belts. These have 
only a minor effect on terrestrial radio 
propagation. 


The lonosphere E 


The ionosphere plays a basic role in 
long-distance communication in all the 
amateur bands from 1.8 MHz to 30 MHz. 
Ionospheric effects are less apparent in the 

. very high frequencies (30-300 MHz), but 
they persist at least through 432 MHz. As 
early as 1902, Oliver Heaviside and Arthur 


E. Kennelly independently suggested the . 


existence of a layer in the upper atmo- 
sphere that could account for the long-dis- 
tance radio transmissions made the previ- 


ous year by Guglielmo Marconi and 


others. Edward Appleton confirmed the 
existence of the Kennelly-Heaviside layer 
during the early 1920s and used the letter 
E on his diagrams to designate the electric 
waves that were apparently reflected from 
it. р 

In 1924, Appleton discovered two addi- 
tional layers in the ionosphere, as he and 
Robert Watson-Watt named this atmo- 


spheric region, and noted them with the’ 


letters D and F. Appleton was reluctant to 
alter this arbitrary nomenclature for fear 
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Fig 21.6—Regions of.the atmosphere. 


of discovering yet other layers, so it has 
stuck to the present day. The basic physics 
of ionospheric propagation was largely 
worked out by the 1920s, yet both amateur 
and professional experimenters made fur- 
ther discoveries through the 1930s and 
1940s. Sporadic E, aurora, meteor scatter 
and several types of field-aligned scatter- 
ing were among additional ionospheric 
phenomena that required explanation. . 


lonospheric Refraction 


The refractive index of an ionospheric 
layer increases with the density of free- 
moving electrons. In the most dense re- 
gions of the F layer, that density can 
reach a trillion electrons per cubic meter 
(1012 e/m3). Even at this high level, radio 
waves are refracted gradually: over a 
considerable vertical distance, usually 
amounting to tens of km. Radio waves 
become useful for terrestrial propagation 
only when they are refracted enough to 
bring them back to Earth. See Fig 21.7. 

Although refraction is the primary 


0—10 km 


mechanism of ionospheric propagation, it 
is usually more convenient to think of the 
process as a reflection. The virtual height 
of an ionospheric layer is the equivalent 
altitude of a reflection that would produce 
the same effect as the actual refraction. 
The virtual height of any ionospheric layer - 
can be determined using an ionospheric 
sounder, or ionosonde, a sort of vertically 
oriented radar. The ionosonde sends 
pulses that sweep over a wide frequency 
range, generally from 2 MHz to 6 MHz or 
higher, straight up into the ionosphere. 
The frequencies of any echoes are re- 
corded against time and then plotted as 


- distance on an ionogram. Fig 21.8 depicts 


a simple ionogram. 

The highest frequency that returns - 
echoes at vertical incidence is known as 
the vertical incidence or critical fre- 
quency. The critical frequency is almost 
totally a function of ion density. The 
higher the ionization at a particular alti- 
tude, the higher becomes the critical fre- 
quency. Physicists are more apt to call this 
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Fig 21.7—Gradual refraction in the ionosphere allows radio signals to be propa- 
gated long distances. It is often convenient to imagine the process as a reflection 
with an imaginary reflection point at some virtual height above the actual refracting 
region. The other figures in this chapter show ray paths as equivalent reflections, 
but you should keep in mind that the actual process is a gradual refraction. The 
other figures in this chapter show ray paths as equivalent reflections, but you 
should keep in mind that the actual process is a gradual refraction. 


Mid—Path Reflection Point 


Fig 21.9—The relationships between critical frequency, maximum usable frequency 
(MUF) and skip zone can be visualized in this simplified, hypothetical case. The 
critical frequency is 7 MHz, allowing frequencies below this to be used for short- 
distance ionospheric communication by stations in the vicinity of point M. These 
stations cannot be communicated by the ionosphere at 14 MHz. Stations at points B 
and E (and beyond) can communicate because signals at this frequency are 
refracted back to Earth because they encounter the ionosphere at an oblique angle 
of incidence. At greater distances, higher frequencies can be used because the MUF 
is higher at the larger angles of incidence (low launch angles). In this figure, the 
MUF for the path between points A and F, with a small launch angle, is shown to be 
28 MHz. Each pair of stations can communicate at frequencies at or below the MUF 
of the path between them, but not below the LUF—see text. 


lonosphere 


28 MHz 
Transmitter 


Fig 21.10—Signals at the MUF propagated at a low angle to the horizon provide 
the longest possible one-hop distances. In this example, 28-MHz signals entering 
the ionosphere at higher angles are not refracted enough to bring them back to 
Earth. 
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Fig 21.8—Simplified vertical incidence 
ionogram showing echoes returned 
from the E, F4 and F, layers. The 
critical frequencies of each layer (4.1, 
4.8 and 6.8 MHz) can be read directly 
from the ionogram scale. 


the plasma frequency, because technically 
gases in the ionosphere are in a plasma, or 
partially ionized state. F-layer critical fre- 
quencies commonly range from about 
1 MHz to as high as 15 MHz. 


Maximum and Lowest Usable 
Frequencies 


When the frequency of a vertically inci- 
dent signal is raised above the critical fre- 
quency of an ionospheric layer, that por- 
tion of the ionosphere is unable to refract 
the signal back to Earth. However, a sig- 
nal above the critical frequency may be 
returned to Earth if it enters the layer at an 
oblique angle, rather than at vertical inci- 
dence. This is fortunate because it permits 
two widely separated stations to commu- 
nicate on significantly higher frequencies 
than the critical frequency. See Fig 21.9. 

The highest frequency supported by the 
ionosphere between two stations is the 
maximum usable frequency (MUF) for that 
path. If the separation between the stations 
is increased, a still higher frequency can 
be supported at lower launch angles. The 
MUF for this longer path is higher than the 
MUF for the shorter path. When the dis- 
tance is increased to the maximum one- 
hop distance, the launch angle of the sig- 
nals between the two stations is zero (that 
is, the ray path is tangential to the Earth at 
thetwo stations) and the MUF for this path 
is the highest that can be supported by that 
layer of the ionosphere at that location. 
This maximum distance is about 4000 km 
(2500 mi) for the Fz layer and about 2300 
km (1400 mi) for the E layer. 

The MUF is a function of path, time of 
day, season, location, solar UV and X-ray 
radiation levels and ionospheric distur- 
bances. For vertically incident waves, the 


Table 21.2 

Maximum Usable Frequency 

Factors (MUFF) 
Maximum Useful 
Critical Operating 

Layer Frequency MUFF Frequencies 
(MHz) (MHz) 

F5 15.0 3.3-4.0 1-60 

F,* 5.5 4.0 10-20 

E* 4.0 4.8: 5-20 

Es 30.0 5.3 20-160 

D* Not observed — None 


x Daylight only 


П 


MUF is the same as the critical frequency. 
For path lengths at the limit of one-hop 
propagation, the MUF can be several times 
the critical frequency. See Table 21.2. The 
ratio between the MUF and the critical 
frequency is known as the maximum us- 
able frequency factor (MUFF). 

The term skip zone is closely related to 
MUF. When two stations are-unable to 
communicate with each other on a particu- 
lar frequency because the ionosphere is 
unable to refract the signal from one to the 
other through the required angle — that is, 


the frequency is below the MUF — the ' 


stations are said to be in thé skip zone for 
that frequency. Stations within the skip 
zone may be able to work each other at a 
lower frequency, or by ground wave if they 
are close enough. There is no skip zone at 
frequencies below the critical frequency. 
The MUF at any time on a particular 
path is just that — the maximum usable 
frequency. Frequencies below the MUF 
will also propagate along the path, but 
‘ionospheric absorption and noise at the 


receiving location (perhaps due to thun- — 


: derstorms, local or distant) may make the 
received signal-to-noise ratio too low to 
be usable. In this case, the frequency is 
said to be below the lowest usable fre- 
quency (LUF). This occurs most fre- 
quently below 10 MHz, where. atmo- 
spheric and man-made noises.are most 
troublesome. The LUF can be lowered 
somewhat by the use of high power and 
directive antennas, or through the use of 
communications modes that permit re- 


duced receiver bandwidth or are less de- 
manding of SNR — CW instead of SSB, 
for example. This is not true of the MUF, 
which is limited by the physics of iono- 
spheric refraction, no matter how high 
your transmitter power or how narrow 


your receiver bandwidth. The LUF can be: 


higher than the MUF, in which case there 
is no frequency that supports communica- 
tion on the particular path at that time. 


lonospheric Fading 


- 


HF signal strengths typically ri rise and. 


fall over periods of a few seconds to sev- 


.eral minutes, and rarely hold at a constant 


level. for very long. Fading is generally 
caused by the interaction of several radio 
waves from the same source arriving along 
different propagation paths. Waves that 
arrivein phase combine to produce a stron- 
ger signal, while those out of phase cause 
destructive interference and a lower net 
signal strength. Short-term variations in 
ionospheric conditions may change indi- 
vidual path lengths or signal strengths 
enough to cause fading. Even signals.that 
arrive primarily over-a single path may 


_ vary as the propagating medium changes. 
` Fading may be most notable at sunrise and . 


sunset, especially near the MUF, when the 
ionosphere undergoes dramatic transfor- 
mations. Other ionospheric traumas, such 
as auroras and geomagnetic storms, also 
produce severe forms of HF fading. 


"The 11-Year Solar Cycle. 


The density of ionospheric layers de- 
pends on the amount of solar radiation 
reaching the Barth, but solar radiation is 
not constant. Variations result from daily 
and seasonal motions of the Earth, the 
sun's own 27-day rotation and the 11-year 
cycle of solar activity. One visual indica- 
tor of both the sun's rotation and the solar 
cycle is the periodic appearance. of dark 


. spots on the sun, which have been ob- 


served continuously since the mid18th 
century. On average, the number of sun- 
spots reachés a maximum every 10.7 
years, but the period has varied between 7 
and 17 years. Cycle 19 peaked in 1958, 
with an average sunspot number of over 
200, 


T 
Cycle 20 
October 
1964 


T 
Cycle 22 
September 
. 1986 


Fig 21.11—Average monthly sunspot numbers for Solar Cycles 19 to 22. 


the highest recorded to date. ` 


Fig 21.11 shows average monthly sunspot 
numbers for the past four cycles. 
Sunspots are cooler areas on the sun’s 
surface associated with high magnetic ac- 
tivity. Active regions adjacent to sun-spot 


. groups, called plages, are capable of pro- 


ducing great flares and sustained bursts of 
radiation in the radio through X-ray spec- 
trum. During the peak of the 11-year solar 
cycle, average solar radiation increases 
along with the number of flares and sun- 
spots. The ionosphere becomes more in- 


.tensely ionized as a consequence, result- 


ing in higher critical frequencies, 
particularly in the F, layer. The possibili- 
ties for long-distance communications are 
considerably improved during solar 
maxima, especially in the higher-fre- 
quency bands. 

One key to forecasting F-layer critical 
frequencies, and thus long-distance propa- 
gation, is the intensity of ionizing. UV and 
X-ray radiation. Until the advent of satel- 
lites, UV and X-ray radiation could not be 


measured directly, because they were al- 


most entirely absorbed in the upper atmo- 
sphere. The sunspot number provided the 
most convenient approximation of general 
solar activity. The sunspot number is not a 
simple count of the number of visual spots, 
but rather the result of a complicated for- 
mula that takes into consideration size, 
number and grouping. The sunspot num- 
ber varies from near zero during the solar- 
cycle minimum to over 200.. ` 

Another method of gauging solar activ- 
ity is the solar flux, which is a measure 
of the intensity of 2800-MHz (10.7 cm) 
radio noise coming from the sun., The 
2800-MHz radio flux correlates well with 
the intensity of ionizing UV and X-ray 
radiation and provides a convenient alter- 
native to sunspot. numbers. It commonly 
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Fig 21.12—Approximate conversion 
between solar flux and sunspot 
number. 
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varies on a scale of 60-300 and can be re- 
lated to sunspot numbers, as shown in 
Fig 21.12. The Dominion Radio Astro- 
physical Observatory, Penticton, British 
Columbia, measures the 2800-MHz solar 
flux daily at local noon. (Prior to June 
1991, the Algonquin Radio Observatory, 
Ontario, made the measurements.) Radio 
station WWV broadcasts the latest solar- 
flux index at 18 minutes after each hour; 
WW'VH does the same at 45 minutes after 
the hour. The Penticton solar flux is em- 
ployed in a wide variety of other applica- 
tions. Daily, weekly, monthly and even 
13-month smoothed average solar flux 
readings are commonly used in propaga- 
tion predictions. 

High flux values generally result in 
higher MUFs, but the actual procedures 
for predicting the MUF at any given hour 
and path are quite complicated. Solar flux 
is not the sole determinant, as the angle of 
the sun to the Earth, season, time of day, 
exact location of the radio path and other 
factors must all be taken into account. 
MUF forecasting a few days or months 
ahead involves additional variables and 
even more uncertainties. 


The Sun's 27-Day Rotation 


Sunspot observations also reveal that 
the sun rotates on its own axis. The sun is 
composed of extremely hot gases and does 
not turn uniformly. At the equator, the 
period is just over 25 days, but it ap- 
proaches 35 days at the poles. Sunspots 
that affect the Earth's ionosphere, which 
appear almost entirely within 35? of the 
sun's equator, take about 26 days for one 
rotation. After taking into account the 
Earth's movement around the sun, the 
apparent period of solar rotation is about 
27 days. 

Active regions must face the Earth in 
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Fig 21.13—Geomagnetic activity 
(measured as the A-index) also follows 
an 11-year cycle. Average values over 
the past few cycles show that 
geomagnetic activity peaks before and 
after the peak of solar flux. 
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the proper orientation to have an impact 
on the ionosphere. They may face the 
Earth only once before rotating out of 
view, but they often persist for several 
solar rotations. The net effect is that solar 
activity often appears in 27-day cycles 
corresponding to the sun’s rotation, even 
though the active regions themselves may 
last for several solar rotations. 


Solar-lonospheric Disturbances 


The sun’s surface sometimes erupts 
into cataclysmic events known as solar 
flares. Solar flares release huge amounts 
of energy in the form of electromagnetic 
radiation in a wide frequency range from 
HF radio to X-rays and cosmic rays, 
as well as ejecting particles, including 
electrons and protons. The first indica- 
tions of a solar flare reach the Earth in 
eight minutes as a visible brightness near 
a sunspot group, increases in UV and X- 
ray radiation and high levels of noise in 
the VHF radio band. The flare and associ- 
ated radiation may last only a minute or 
two, but its effects can be dramatic. 

The extra X-ray radiation causes an im- 
mediate increase in D- and E-layer ioniza- 
tion known as a sudden ionospheric distur- 


Table 21.3 

Geomagnetic Indices 

Description Typical К A Range 

Quiet 0-1 0-7 

Unsettled 2 8-15 

Active 3 16-29 

Minor storm 4 30-49 

Major storm 5 50-99 

Severe storm 6-9 100 and greater 
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Fig 21.14—Typical electron densities 
for the various ionospheric regions. 


bance (SID). Extreme D-layer absorption 
may cause a short-term blackout of all HF 
communications on the sun-facing side of 
the Earth. Signals in the 2 to 30-MHz range 
may completely disappear. In extreme 
cases, nearly all background noise will be 
gone as well. SIDs may last up to an hour, 
when ionospheric conditions temporarily 
return to normal. Cosmic rays penetrate 
deep into the ionosphere at the poles. This 
radiation produces intense ionization and 
consequent absorption of HF signals 
known as a polar cap absorption (PCA) 
event. A PCA event may last for days. 

When a solar flare occurs, most of the 
time the electrons and protons ejected 
from the sun do not reach the Earth, be- 
cause their trajectory takes them in another 
direction. If they do reach Earth, they do 
so 20 to 40 hours after the flare. As these 
relatively low-energy charged particles 
sweep past, they distort the Earth's geo- 
magnetic field, causing a geomagnetic 
storm. This results in acceleration of the 
particles to energy levels that permit them 
to penetrate into the ionosphere at the 
poles. This tremendous influx causes au- 
roral displays at mid-latitudes and can dis- 
rupt HF communications for several hours 
or longer. Extraordinary radio noise and 
interference can accompany geomagnetic 
storms and associated auroras, especially 
at HF. Radio emissions from solar flares 
may be heard as sudden increases in noise 
on the VHF bands. 

Many geomagnetic storms result from 
particle clouds unrelated to solar flares. 
These clouds come from coronal holes, 
disappearing filaments and coronal mass 
ejections from the sun. 

Effects of ionospheric storms at HF 
vary considerably. Communications may 
be temporarily blacked out during a sudden 
ionospheric disturbance, but ionospheric 
paths may be generally noisy, weakened or 
disrupted for several days. Transpolar sig- 
nals at 14 MHz and higher may be consid- 
erably attenuated and take on a hollow 
multipath sound. The number of geomag- 
netic storms varies considerably from year 
to year, with peak geomagnetic activity 
following the peak of solar activity. See 
Fig 21.13. 

Geomagnetic activity is monitored by 
devices known as magnetometers, which 
may be as simple as a magnetic compass 
rigged to record its movements. Small 
variations in the geomagnetic field are 
scaled to two measures known as the K and 
A indices. The K index provides an indica- 
tion of magnetic activity during the previ- 
ous three hours on a finite scale of 0-9. 
Very quiet conditions are reported as O or 1, 
while geomagnetic storm levels begin at 4. 
Daily geomagnetic conditions are summa- 


rized in an A index that corresponds to daily 
K index values. See Table 21.3. A world- 
wide network of magnetometers monitors 
the Earth’s magnetic field, because mag- 
netic activity varies with location. 

At 18 minutes past the hour, radio sta- 
tions WWV and WWVH broadcast the 
latest solar flux number, the average 
planetary A-Index and the latest Boulder 
K-Index. In addition, they broadcast a 
descriptive account of the condition of the 
geomagnetic field and a forecast for the 


next three hours. You should keep in mind ` 
that the A-Index is a description of what 


happened yesterday. Strictly speaking, 


the K-Index is valid only for Boulder, | 


Colorado. However, the trend of the 
K-Index is very important for propaga- 
tion analysis and forecasting. A rising K 
foretells worsening HF propagation con- 
ditions, particularly for transpolar paths. 
At the same time, a rising K alerts VHF 
operators to the possibility of enhanced 
auroral activity, particularly when the 
K-Index rises above 3. 


D-Layer Propagation 

The D layer is the lowest region of the 
ionosphere, situated between 55 and 
90 km (30 and 60 mi). See Fig 21.14. It is 
ionized primarily by the strong ultraviolet 
emission of solar hydrogen and short X- 
rays, both of which penetrate through the 
upper atmosphere. The D layer exists only 
during daylight, because constant radia- 
tion is needed to replenish ions that 
quickly recombine into neutral molecules. 
The D layer abruptly disappears at night 
so far as amateur MF and HF signals are 
concerned. D-layer ionization varies a 
small amount over the solar cycle. It is 
unsuitable as a refracting medium for any 
radio signals. 


Daytime D-Layer Absorption 


Nevertheless, the D layer plays an im- 
portant role in HF communications. Dur- 
ing daylight hours, radio energy as high as 
5 MHz is effectively absorbed by the 
D layer, severely limiting the range of 
daytime 1.8- and 3.5-MHz signals. Sig- 
nals at 7 MHz and 10 MHz pass through 
the D layer and on to the E and F layers 
only at relatively high angles. Low-angle 
waves, which must travel a much longer 
distance through the D layer, are subject 
to greater absorption. As the frequency 
increases above 10 MHz, radio waves pass 
through the D layer with increasing ease. 


Nighttime D Layer 


D-layer ionization falls 100-fold as 
soon as the sun sets and the source of ion- 
izing radiation is removed. Low-band HF 
signals are then free to pass through to the 


E layer (also greatly diminished at night) 
and on to the F layer, where the MUF is 
almost always high enough to propagate 
1.8- and 3.5-MHz signals half way around 
the world. Long-distance propagation at 7 
and 10 MHz generally improves at night 


as well, because absorption is less and : 


low-angle waves are able to reach the 
F layer. 


D-Layer Ionospheric Forward Scatter 


Radio signals in the 25-100 MHz range 
can be scattered by ionospheric irregulari- 
ties, turbulence and stratification in the D 
and lower reaches of the E layers. Signals 
propagated by ionospheric forward scat- 
ter undergo very high losses, so signals 
are apt to be very weak. Typical scatter 
distances at 50 MHz are 800-1500 km 
(500-930 mi). This is not a common mode 
of propagation, but under certain condi- 
tions, ionospheric forward scatter can be 
very useful. 

Ionospheric forward scatter is best dur- 
ing daylight hours from 10 AM to 2 PM 
local time, when the sun is highest in the 
sky and D-layer ionization peaks. It is 
worst at night. Scattering may be margin- 
ally more effective during the summer and 
during the solar cycle maximum due to 
somewhat higher D-layer ionization. The 
maximum path length of about 2000 km 
(1200 mi) is limited by the height of the 
scattering region, which is centered about 
70 km (40 mi). Ionospheric scatter signals 
are typically weak, fluttery and near the 
noise level: Ionization from meteors 
sometimes temporarily raises signals well 
‘out of the noise for up to a few seconds at 
a time. | 

This mode may find its greatest use 
when all other forms of propagation are 
absent, primarily because ionospheric 
scatter signals are so weak. For best re- 
sults at 28 and 50 MHz, а 3-element Yagi 
or larger, several hundred watts of power 
and a sensitive receiver are required. The 
paths are direct. CW is preferred, al- 
though, under optimal conditions, iono- 
spheric scatter signals may be consistent 
enough to support SSB communications. 
Scattering is not efficient below 25 MHz. 
The very best-equipped pairs of 144-MHz 
stations may also be able to complete iono- 
spheric scatter contacts. 


E-Layer Propagation р 
The E layer lies between 90 and 150 km 
(60 and 90 mi) altitude, but a narrower re- 
gion centered at 95 to 120 km (60 to 
70 mi) is more important for radio propa- 
gation. E-layer nitrogen and oxygen atoms 
are ionized by short UV and long X-ray 
radiation. The normal E layer exists pri- 
marily during daylight hours, because like 
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the D layer, it requires a constant source 
of ionizing radiation. Recombination is 
not as fast as in the denser D layer and 
absorption is much less. The E layer has a 
daytime critical frequency that varies be- 
tween 3 and-4 MHz with the solar cycle. 
At night, the normal E layer all but disap- 
pears. 


Daytime E Layer 


The E layer plays a small role in propa- 
gating HF signals during daytime hours. 
Its usual critical frequency of 3 to 4 MHz, 
with a maximum MUF factor of about 
4.8, suggests that single-hop E-layer skip 
might be useful between 5 and 20 MHz at 
distances up to 2300 km (1400 mi). In 
practice this is not the case, because the 
potential for E-layer skip is severely lim- 
ited by D-layer absorption. Signals radi- 
ated atlow angles at 7 and 10 MHz, which 
might be useful for the longest-distance 
contacts, are largely absorbed by the 
D layer. Only high-angle signals pass 
through the D layer at these frequencies, 
but high-angle E-layer skip is typically 
limited to 1200 km (750 mi) or so. Signals 
at 14 MHz penetrate the D layer at lower 
angles at the cost of some absorption, but 
the casual operator may not be able to dis- 
tinguish between signals propagated by 
the E layer or higher-angle F-layer propa- 
gation. 

An astonishing variety of other propa- 
gation modes finds their home in the E 
layer, and this perhaps more than makes 
up for its ordinary limitations. Bach of 
these other modes— sporadic E, field- 
aligned irregularities, aurora, auroral E 
and meteor scatter—are aberrant forms of 
propagation with unique characteristics. 
They are primarily useful only on the high- 
est HF and lower VHF bands. | 


Sporadic Е 


Short skip, long familiar оп the 10-m 
band during the summer months, affects 
the VHF bands as high as 222 MHz. Spo- 
radic E (E,), as this phenomenon is prop- 
erly called, commonly propagates 28, 50 
and 144-MHz radio signals between 500 
and 2300 km (300 and 1400 mi). Signals 
are apt to be exceedingly strong, allowing 
even modest stations to make E, contacts. 
At 21 MHz, the skip distance may only 
be a few hundred km. During the most 
intense E, events, skip may shorten to 
less than 200 km (120 mi) on the 10-m 
band and disappear entirely on 15 m. Un- 
usual multiple-hop E, has supported con- 
tacts up to 10,000 km (6200 mi) on 28 
and 50 MHz and more than 3,000 km 
(1900 mi) on 144 MHz. The first con- 
firmed 220-MHz E, contact was made in 
June 1987, but such contacts are likely to 
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remain very rare. 

Sporadic E at midlatitudes (roughly 15 
to 45°) may occur at any time, but it is 
most common in the Northern Hemi- 
sphere during May, June and July, with a 
less-intense season at the end of Decem- 
ber and early January. Its appearance is 
independent of the solar cycle. Sporadic E 
is most likely to occur from 9 AM to noon 
local time and again early in the evening 
between 5 PM and 8 PM. Midlatitude E, 
events may last only a few minutes to 
many hours. In contrast, sporadic E is an 
almost constant feature of the polar re- 
gions at night and the equatorial belt dur- 
ing the day. 

Efforts to predict midlatitude E, have 
not been successful, probably because its 
causes are complex and not well under- 
stood. Studies have demonstrated that thin 
and unusually dense patches of ionization 
in the E layer, between 100 and 110 km 
(60 and 70 mi) altitude and 10 to 100 km 
(6 to 60 mi) in extent, are responsible for 
most E, reflections. Sporadic-E clouds 
may form suddenly, move quickly from 
their birthplace, and dissipate within a few 
hours. Professional studies have recently 
focused on the role of heavy metal ions, 


Sporadic-E 
Cloud 


probably of meteoric origin, and wind 
shears as two key factors in creating the 
dense patchy regions of E-layer ioni- 
zation. 

Sporadic-E clouds exhibit an MUF that 
can rise from 28 MHz through the 50-MHz 
band and higher in just a few minutes. 
When the skip distance on 28 MHz is as 
short as 400 or 500 km (250 or 310 mi), it 
is an indication that the MUF has reached 
50 MHz for longer paths at low launch 
angles. Contacts at the maximum one- 
hop sporadic-E distance, about 2300 km 
(1400 mi), should then be possible at 
50 MHz. E-skip contacts as short as 
700 km (435 mi) on 50 MHz, in turn, may 
indicate that 144-MHz contacts in the 
2300-km (1400 mi) range can be com- 
pleted. See Fig 21.15. Sporadic-E openings 
occur about a tenth as often at 144 MHz in 
comparison to 50 MHz and for much 
shorter periods. 

Sporadic E can also have a detrimental 
effect on HF propagation by masking the 
F, layer from below. HF signals may be 
prevented from reaching the higher levels 
of the ionosphere and the possibilities of 
long F» skip. Reflections from the tops of 
sporadic-E clouds can also have a mask- 


^"Tallahossee 


Fig 21.15—50 MHz sporadic-E contacts of 700 km (435 mi) or shorter (such as 
between Peoria and Little Rock) indicate that the MUF on longer paths is above 
144 MHz. Using the same sporadic-E region reflecting point, 144-MHz contacts of 
2200 km (1400 mi), such as between Pierre and Tallahassee, should be possible. 


21.12 Chapter 21 


ing effect, but they may also lengthen the 
F, propagation path with a top-side inter- 
mediate hop that never reaches the Earth. 


E-Layer Field-Aligned Irregularities 


Amateurs have experimented with a 
little-known scattering mode known as 
E-layer field-aligned irregularities (FAI) 
at 50 and 144 MHz since 1978. FAI com- 
monly appears directly after sporadic-E 
events and may persist for several hours. 
Oblique-angle scattering becomes pos- 
sible when electrons associated with E, 
clouds become aligned vertically along 
magnetic field lines. 

Most reports suggest that 8 PM to 
midnight may be the most productive 
time for FAI. Stations attempting FAI con- 
tacts point their antennas toward a com- 
mon scattering region that corresponds to 
an active or recent E, reflection point. The 
best direction must be probed experimen- 
tally, for the result is rarely along the 
great-circle path. Stations in south Florida, 
for example, have completed 144-MHz 
FAI contacts with north Texas when par- 
ticipating stations were beamed toward a 
common scattering region over northern 
Alabama. 

FAI-propagated signals are weak and 
fluttery, reminiscent of aurora signals. 
Doppler shifts of as much as 3 kHz have 
been observed in some tests. Stations run- 
ning as little as 100 W and a single Yagi 
should be able to complete FAI contacts 
during the most favorable times, but 
higher power and larger antennas may 
yield better results. Contacts have been 
made on 50 and 144 MHz and 222-MHz 
FAI seems probable as well. Expected 
maximum distances should be similar to 
other forms of E-layer propagation, or 
about 2300 km (1400 mi). 


Aurora 


Radar signals as high as 3000 MHz have 
been scattered by the aurora borealis or 
northern lights (aurora australis in the 
Southern Hemisphere), but amateur au- 
rora contacts are common only from 28 
through 432 MHz. By pointing directional 
antennas generally north toward the cen- 
ter of aurora activity, oblique paths be- 
tween stations up to 2300 km (1400 mi) 
apart can be completed. See Fig 21.16. 
High power and large antennas are not 
necessary. Stations with small Yagis and 
as little as 10 W output have used auroras 
on frequencies as high as 432 MHz, but 
contacts at 902 MHz and higher are ex- 
ceedingly rare. Aurora propagation works 
just as well in the Southern Hemisphere, 
in which case antennas must be pointed 
south. 

The appearance of auroras is closely 


Maximum 
1100 km 


| Fig 21.16—Point antennas generally north to make oblique long-distance contacts 


on 28 through 432 MHz via aurora scattering. Optimal antenna headings may shift 


considerably to the east or west depending on the location of the aurora. 


_ linked to solar activity. During massive 
` geomagnetic storms, high-energy par- 
* ticles flow into the ionosphere near the 


polar regions, where they ionize the gases 


of the E layer and higher. This unusual 


ionization produces spectacular visual: 


auroral displays, which often’ spread 


southward into the midlatitudes. Auroral, 


ionization in the E layer scatters radio sig- 
‘ nals in the VHF and UHF ranges. 


In addition to scattering radio signals, 


auroras have other effects on worldwide 
‚ radio propagation. Communication below 
20 MHz is disrupted in high latitudes, pri- 
marily by absorption, and is especially 
noticeable over polar and near polar paths. 
Signals on the AM broadcast band throu gh 
the 40-m band late-in the afternoon may 
_ become weak and watery. The 20-m band 
may close down altogether. Satellite op- 
erators have also noticed that 144-MHz 
‘downlink signals are often weak and dis- 
torted when satellites pass near the polar 
regions. At the same time, the MUF in 
equatorial regions may temporarily rise 
dramatically, providing transequatorial 


paths at frequencies as high as 50 MHz. | 
Auroras occur most often around the 


spring and fall equinoxes (March-April 
_ and September-October), but auroras may 
appear in any month. Aurora activity gen- 
erally peaks about two years before and 
after solar cycle maximum. Radio aurora 
activity is usually heard first in late after- 
noon and may reappear later in the 
evening. Auroras may be anticipated by 
following the A- and K-index reports on 
WWV. А K index of five or greater and an 


A index of at least 30 are indications that. 


a geomagnetic storm is in progress and an 
aurora likely. The probability, intensity 
and southerly extent of auroras increase as 
the two index numbers rise. Stations north 
of 42° latitude in North America experi- 
ence many aurora openings each year, 


while those in the Gulf Coast states may : 

hear aurora signals no more than once a 

_ year, if that often. 
Aurora-scattered signals are easy to' 


identify. On 28- and 50-MHz SSB, signals 
sound very distorted and somewhat wider 


than normal; at 144 MHz and above, the’ 


distortion may be so severe that only CW 


is useful. Aurora CW signals have a dis-. 


tinctive note variously described as a 
buzz, hiss or mushy sound. This charac- 
teristic aurora signal is due to Doppler 
broadening, caused by the movement of 
electrons within the aurora. An additional 
Doppler shift of 1 kHz or more may be 
evident at 144 MHz and several kilohertz 
at 432 MHz. This second Doppler shift is 
the result of massive electrical currents 


that sweep electrons toward the sun side ` 


of the Earth during magnetic storms. 


Doppler shift and distortion increase with 
higher frequencies, while signal dide 


dramatically decreases. 


It is not necessary to see an aurora to 
: make aurora contacts. Useful auroras may 


be 500-1000 km (310-620 mi) away and 


“below the visual horizon. Antennas should 


be pointed generally north and then probed 
east and west to peak signals, because 
auroral ionization is field aligned. This 
means that for any pair of stations, there is 
an optimal direction for aurora scatter. 


Offsets from north are usually greatest 


. when the aurora is closest and often pro- 
`. vide the longest contacts. There may be 


some advantage to antennas that can be 
elevated, especially when auroras are high 


in the sky. 
Auroral E 


Radio auroras may evolve into a propa- 
gation mode known as auroral E at 28, 


50 and rarely 144 MHz. Doppler distortion | 


disappears and signals take on the charac- 


‘teristics of sporadic E. The most effective 


antenna headings shift dramatically away 


: from oblique aurora paths to direct great- 


circle bearings. The usual maximum dis- 
tance’ is 2300 km (1400 mi), typical for 
E-layer modes, but 28- and 50-MHz 
auroral-E contacts of 5000 km (3100 mi) 
are sometimes made across Canada and the 
northern US, apparently using two hops. 
Contacts at 50 MHz between Alaska and 
the east coasts of Canada and the northern 
US have been completed this way. Transat- 
lantic 50-MHz.auroral-E paths are also 


. likely, although only one such contact has 


been reported. 


Typically, 28- and 50-MHz auroral E .: 


appears across the northern third of the US 
and southern Canada when aurora activity 
is diminishing. This usually happens after 
midnight on the eastern end of the path. 
Auroral-E signals sometimes have a 
slightly hollow sound to them and build 
slowly in strength over an hour or two, but 
otherwise they are indistinguishable from 
sporadic E. Auroral-E paths are almost 
always east-west oriented, perhaps be- 
cause there are few stations at very north- 
ern latitudes to take advantage of this 
propagation. ` 

Auroral E may also appear while espe- 


: cially intense auroras are still in progress, 
‘as happened during the great aurora of 


March 1989. On that occasion, 50-MHz 
propagation shifted from Doppler-dis- 
torted aurora paths to clear-sounding 
auroral E over a period of a few minutes. 


Many 6-m operators as far south as Florida | 


and Southern California made single- and | 


double-hop auroral-E contacts across the 
country. At about the same time, the MUF 
reached 144 MHz for stations west of the 
Great Lakes to the Northeast, the first time 
auroral E had been reported so high in fre- 
quency. At least two other rare instances 
of 2-m auroral E have been reported. 


Meteor Scatter | 
Contacts between 800 and 2300 km 


(500 and 1400 mi) can be made at 28 | 


through 432 MHz via reflections from the 
ionized trails left by meteors as they travel 


‘through the ionosphere. The kinetic en- - 
ergy of meteors no. larger than grains of. 
rice are sufficient to ionize a column of air 
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Table 21.4 

Major Annual Meteor Showers 
Approximate 
Rate 

Name Peak Dates (теіеогѕ/һоиг) 

Quadrantids Jan 3 50 

Arietids Jun 7-8 60 

Perseids Aug 11-13 80 

Orionids Oct 20-22 20 

Geminids Dec 12-13 60 


20 km (12 mi) long in the E layer. The 
particle itself evaporates and never 
reaches the ground, but the ionized col- 
umn may persist for a few seconds to a 
minute or more before it dissipates. This is 
enough time to make very brief contacts 
by reflections from the ionized trails. Mil- 
lions of meteors enter the Earth’s atmo- 
sphere every day, but few have the re- 
quired size, speed and orientation to the 
Earth to make them useful for meteor-scat- 
ter propagation. 

Radio signals in the 30- to 100-MHz 
range are reflected best by meteor trails, 
making the 50-MHz band prime for me- 
teor-scatter work. The early morning 
hours around dawn are usually the most 
productive, because the Earth’s rotation 
contributes to the high speed of meteors 
heading into the Earth’s path. Meteor con- 
tacts ranging from a second or two to more 
than a minute can be made nearly any 
morning at 28 or 50 MHz. Meteor-scatter 
contacts at 144 MHz and higher are more 
difficult because reflected signal strength 
and duration drop sharply with increasing 
frequency. A meteor trail that provides 30 
seconds of communication at 50 MHz will 
last only a few seconds at 144 MHz, and 
less than a second at 432 MHz. 

Meteor scatter opportunities are some- 
what better during July and August be- 
cause the average number of meteors en- 
tering the Earth’s atmosphere peaks 
during those months. The best times are 
during one of the great annual meteor 
showers, when the number of useful 
meteors may increase ten-fold over the 
normal rate of five to ten per hour. See 
Table 21.4. A meteor shower occurs when 
the Earth passes through a relatively dense 
stream of particles, thought to be the rem- 
nants of a comet, that are also in orbit 
around the sun. The most-productive 
showers are relatively consistent from 
year to year, although several can produce 
great storms periodically. 

Because meteors provide only fleeting 
moments of communication even during 
one of the great meteor showers, special 
operating techniques are often used to in- 
crease the chances of completing a con- 
tact. Prearranged schedules between two 
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stations establish times, frequencies and 
precise operating standards. Usually, each 
station transmits on alternate 15-second 
periods until enough information is pieced 
together a bit at a time to confirm contact. 
Nonscheduled random meteor contacts are 
common on 50 MHz and 144 MHz, but 
short transmissions and alert operating 
habits are required. 

It is helpful to run several hundred watts 
to a single Yagi, but meteor-scatter can be 
used by modest stations under optimal 
conditions. During the best showers, a few 
watts and a small directional antenna are 
sufficient at 28 or 50 MHz. At 144 MHz, 
at least 100 W output and a long Yagi are 
needed for consistent results. Proportion- 
ately higher power is required for 222 and 
432 MHz even under the best conditions. 


F-Layer Propagation 

The region of the F layers, from 150 km 
(90 mi) to over 400 km (250 mi) altitude, 
is by far the most important for long-dis- 
tance HF communications. F-region oxy- 
gen atoms are ionized primarily by ultra- 
violet radiation. During the day, ionization 
reaches maxima in two distinct layers. The 
F, layer forms between 150 and 250 km 
(90 and 160 mi) and disappears at night. 
The F, layer extends above 250 km (160 
mi), with a peak of ionization around 
300 km (190 mi). At night, F-region ion- 
ization collapses into one broad layer at 
300-400 km (190-250 mi) altitude. Ions 
recombine very slowly at these altitudes, 
because molecular density is relatively 
low. Maximum ionization levels change 
significantly with time of day, season and 
year of the solar cycle. 


F; Layer 

The daytime F, layer is not important to 
HF communication. It exists only during 
daylight hours and is largely absent in 
winter. Radio signals below 10 MHz are 
not likely to reach the F; layer, because 
they are either absorbed by the D layer or 
refracted by the E layer. Signals higher 
than 20 MHz that pass through both of the 
lower ionospheric regions are likely to 
pass through the F} layer as well, because 
the Е MUF rarely rises above 20 MHz. 
Absorption diminishes the strength of any 
signals that continue through to the Р» 
layer during the day. Some useful F;-layer 
refraction may take place between 10 and 
20 MHz during summer days, yielding 
paths as long as 3000 km (1900 mi), but 
these would be practically indistinguish- 
able from F; skip. 


F, and Nighttime F Layers 


The F, layer forms between 250 and 
400 km (160 and 250 mi) during the day- 


time and persists throughout the night as 
a single consolidated F region 50 km 
(30 mi) higher in altitude. Typical ion den- 
sities are the highest of any ionospheric 
layer, with the possible exception of some 
unusual E-layer phenomenon. In contrast 
to the other ionospheric layers, Ел ioniza- 
tion varies considerably with time of day, 
season and position in the solar cycle, but 
it is never altogether absent. These two 
characteristics make the F, layer the most 
important for long-distance HF communi- 
cations. 

The F5-layer MUF is nearly a direct 
function of UV solar radiation, which in 
turn follows closely the solar cycle. During 
the lowest years of the cycle, the daytime 
MUF may climb above 14 MHz for only a 
few hours a day. In contrast, the MUF may 
rise beyond 50 MHz during peak years and 
stay above 14 MHz throughout the night. 
The virtual height of F, averages 330 km 
(210 mi), but varies between 200 and 
400 km (120 and 250 mi) Maximum 
one-hop distance is about 4000 km (2500 
mi), but it may be effectively longer when 
the MUF is above 40 MHz. Near-vertical 
incidence skywave propagation just below 
the critical frequency provides reliable 
coverage out to 200-300 km (120-190 mi) 
with no skip zone. Itis most often observed 
on 7 MHz during the day. 

In general, both F,-layer ionization and 
MUF build rapidly at sunrise, usually 
reach a maximum in the afternoon, and 
then decrease to a minimum prior to sun- 
rise. Depending on the season, the MUF is 
generally highest within 20? of the equa- 
tor and lower toward the poles. For this 
reason, transequatorial paths may be open 
at a particular frequency when all other 
paths are closed. 

In contrast to all the other ionospheric 
layers, daytime ionization in the winter Е 
layer averages four times the level of the 
summer at the same period in the solar 
cycle, doubling the MUF. The reasons for 
this winter anomaly are complex, but the 
consequences are significant to long- 
range propagation. Wintertime F, condi- 
tions are much superior to those in sum- 
mer, because the MUF is much higher . 


Multihop F-Layer Propagation 

Most HF communication beyond 
4000 km (2500 mi) takes place via mul- 
tiple ionospheric hops. Radio signals are 
reflected from the Earth back toward space 
for additional ionospheric refractions. A 
series of ionospheric refractions and ter- 
restrial reflections commonly create paths 
half-way around the Earth. Each hop in- 
volves additional attenuation and absorp- 
tion, so the longest-distance signals tend 
to be the weakest. Even so, it is possible 


for signals to be propagated completely 
around the world and arrive back at their 
originating point. Multiple reflections 
within the F layer may bypass ground re- 
flections altogether, creating what are 
known as chordal hops, with lower total 
. attenuation. It takes a radio signal about 
0.15 second to make a round-the-world 
trip. 

Multihop paths can take on many "dif- 
ferent configurations, as shown in the ex- 
amples of Fig 21.17. E-layer (especially 
.sporadic E) and F-layer hops may be 
mixed. In practice, multihop signals arrive 
via many different paths, which often in- 
creases the problems of fading. Analyzing 
multihop paths is complicated by the ef- 
fects of D- and E-layer absorption, pos- 
sible reflections from the tops of sporadic- 
E layers, disruptions in the auroral zone 
and other phenomena. 


F-Layer Long Path 


‘Most HF communication takes place 
along the shortest great-circle path. be- 
. tween two stations. Short-path propaga- 


tion is always less than 20,000 km (12,000 - 


mi)—halfway around the Earth. Neverthe- 
less, it may be possible at times to make 
the same contact in exactly the opposite 
direction via the Jong path. The long-path 
distance will be 40,000 km (25,000 mi) 
minus the 'short-path length. Signal 
strength via the long path is usually con- 


siderably less than the more direct short- 


path. When both paths are open simulta- 
‚ neously, there may be a distinctive sort 


terval ofthe echo represents the difference 
between the short- -path and long-path 
distances. 

Sometimes there is a great advantage 
to using the long path when it is open, be- 
cause signals can be stronger and fading 
less troublesome. There are times when 
the short path may be closed or disrupted 
by E-layer blanketing, D-layer absorption 
or F-layer gaps, especially when. operat- 
ing just below the MUF. Long paths that 
predominantly cross the night side of the 
Earth, for example, are sometimes useful 
‘because they generally avoid blanketing 
and absorption problems. Daylight-side 
long paths may take advantage of higher 
F-layer MUFs that occur over the sunlit 
portions of the Earth. 


F-Layer Gray-Line 


Gray-line paths can be considered a 
_ special form of long-path propagation that 
take into account the unusual ionospheric 


configuration along the twilight region. 


between night and day. The gray line, as 
the twilight region is sometimes called, 


extends completely around the world. It is · 


\ 


E above MUF 


Fig 21.17—Multihop paths can take 
‘many different configurations, 


of echo on received signals. The time in- - including a mixture of E- and F-layer 


hops. (A) Two. F-layer hops. Five or 
more consecutive F-layer hops are 
possible. (B) An E-layer hookup to the 
F layer. (C) A top-side E-layer reflection 
can shorten the distance of two F-layer 
hops. (D) Refraction in the E layer 
above the MUF is insufficient to return 
the signal to Earth, but it can go on to 
be refracted in the F layer. (E) The 
Pedersen ray, which originates from a 
signal launched at a relatively high 
'angle above the horizon into the E or 
'F region, may result in a single-hop 
path, 5000 km (3100 mi) or more. This 
is considerably further than the normal 
4000-km (2500 mi) maximum F-region 
single-hop distance, where the signal 
is launched at a very low takeoff angle. 
The Pedersen ray can easily be 
disrupted by any sort of ionospheric 
gradient. 


not precisely a line, for the distinction 
between daylight and darkness is a gradual 
transition due to atmospheric scattering. 
On one side, the gray line heralds sunrise 
and the beginning of a new day; on the 


opposite side, it marks the end of the дау 


and sunset. 


The ionosphere undergoes a significant | 


North pole 


Fig 21.18—The gray line encircles the 
Earth, but the tilt at the equator to the 
poles varies over 46? with the seasons. 
Long-distance contacts can often be 
made halfway around the Earth along 
the gray line, even as low as 1.8 and 
3.5 MHz. The strength of the signals, 
characteristic of gray-line propagation, 


. indicates that multiple Earth- 


ionosphere hops are not the only mode 
of propagation, since losses in many 
such hops would be very great. 
Chordal hops, where the signals are 
confined to the ionosphere for at least 
part of the journey, are involved. 


transformation between night and day. As 
day begins, the highly absorbent D and E 
layers are recreated, while the F-layer 
MUF rises from its pre-dawn minimum. 
At the end of the day, the D and E layers 
quickly disappear, while the F-layer MUF 
continues its slow decline from late after- 
noon. For a brief period just along the 
gray-line transition, the D and E layers are 
not well formed, yet the Е, MUF usually 
remains higher than 5 MHz. This provides 
a special opportunity for stations at 1.8 and 
3.5 MHz. 

Normally, long-distance communica- 
tion on the lowest two amateur bands can 
take place only via all-darkness paths be- 
cause of daytime D-layer absorption. The 
gray-line propagation path, in contrast, 
extends completely around the world. See 
Fig 21.18. This unusual situation lasts less 
than an hour at sunrise and sunset when 
the D-layer is largely absent, and may sup- 
port contacts that are difficult or impos- 
sible at other times. 

The gray line generally runs north- 
south, but it varies by 23? either side of 
true north as measured at the equator over 
the course of the year. This variation is 
caused by the tilt in the Earth's axis. The 
gray line is exactly north-south through 
the poles at the equinoxes (March 21 and 
September 21) and is at its 23? extremes 
on June 21 and December 21. Over a one- 
year period, the gray line crosses a 46? 
sector of the Earth north and south of the 
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equator, providing optimum paths to 
slightly different parts of the world each 
day. Many commonly available computer 
programs plot the gray line on a flat map 
: A dr or globe. The ARRL Operating Manual 

lonosphere = provides sunrise and sunset times over the 
entire year for several hundred worldwide 
locations. The position of the gray line on 
any date can also be plotted manually ona 
globe from these data. 


F-Layer Backscatter and Sidescatter 


Fig 21.19—Schematic of a simple backscatter path. Stations A and B are too close Special forms of F-layer scattering can 
to make contact via normal F-layer ionospheric refraction. Signals scattered back create unusual paths within the skip zone. 
from a distant point on the Earth's surface (S), often the ocean, may be accessible Backscatter and sidescatter signals are 


to both and create a backscatter circuit. usually observed just above the MUF for 
the direct path and allow communications 

Twilight not normally possible by other means. 

(Gray Line) They also provide a useful clue to propa- 

y gation conditions, because reception of 


backscatter or sidescatter signals suggests 
that the MUF is just below the operating 
frequency. Backscattered signals are gen- 
erally weak and have a characteristic hol- 

UE. low sound. Useful communication dis- 
lonosphere tances range from 100 km (60 mi) to the 
normal one-hop distance of 4000 km 
(2500 mi). 

Backscatter and sidescatter are closely 
related and the terminology does not pre- 
cisely distinguish between the two. Back- 
scatter usually refers to single-hop signals 
Fig 21.20—Backscatter path across the gray line. Stations A and B are too close that have been scattered by the Earth or 
A cocina ea pus ctr ees oe eM аа 
signals sca Е і и - un ; ; 
the day side of the Bray iine. where the MUF is high. Station B pak te use of a жулан ы D DN UM 


night-time refraction, with a lower MUF and lower angle of propagation. Note that ; : 
station A points away from B to complete the circuit. communicate via a backscatter path near 


Geographic 
Equator 


Magnetic 
Equator 


Southern limit of TE 


_————. 
— — 


Fig 21.21—Transequatorial spread-F propagation takes place between stations equidistant across the geomagnetic equator. 
Distances up to 8000 km (5000 mi) are possible on 28 through 432 MHz. Note the geomagnetic equator is considerably south 
of the geographic equator in the Western Hemisphere. 


21.16 Chapter 21 


‘the MUF. See Fig 21.19. 
Sidescatter usually refers to a circuit 


that is oblique to the normal great-circle’ 


path. Two stations can’ make use of a 
common side-scattering region well off 
the direct path, often toward the south. 
European and North American stations 


sometimes complete 28-MHz contacts - 


via a scattering region over Africa. US 
and Finnish 50-MHz operators observed 


a similar effect early one morning in 


November 1989 when they made contact 
by beaming off the coast of West Africa. 

When backscattered signals cross an 
area where there is a sharp gradient in 
ionospheric density, such as between night 
and day, the path may take on a different 
geometry, as shown in Fig 21.20. In this 
case; stations can communicate because 


backscattered signals return via the day ` 


side ionosphere on a shorter hop than the 
night side. This is possible because the 
. dayside MUF is higher and thus the skip 
distance shorter. The net effect is to create 
a backscatter path between two stations 
within the normal skip zone. 


Transequatorial Spread-F 


Discovered in 1947, transequatorial 
spread-F (TE) supports propagation be- 
tween 5000.and 8000 km (3100 and 
5000 mi) across the equator from 28 MHz 
to as high as 432 MHz. Stations attempt- 
ing TE contacts must be nearly equidistant 
from the geomagnetic equator. Many con- 
tacts have been made at 50 and 144 MHz 
between Europe and South Africa, Japan 
and Australia and the Caribbean region 
and South America. Fewer contacts have 
been made on the 222-MHz band. TE sig- 
nals have been heard at 432 MHz, but so 


far, no two-way contacts have resulted. . 


Unfortunately for most continental US 

‚ Stations, the geomagnetic equator dips 
south of the geographic equator. in 
the Western Hemisphere, as shown in 
Fig 21.21, making only the most south- 


erly portions of Florida and Texas within 


TE range. TE contacts from the southeast- 


ern part of the country may be possible - 


with Argentina, Chile and even South 
Africa. 


Transequatorial spread- F “peaks, be- 


tween 5 PM and 10 PM during the spring 
and fall equinoxes, especially during the 
peak years of the solar cycle: The lowest 


probability is during the summer. Quiet .. 


geomagnetic conditions are required for 
TE to form. Signals have a rough aurora- 
like note, sometimes termed flutter fad- 
ing. High power and large antennas are 
not required to work TE, as VHF stations 
with 100 W and single long Yagis have 
been successful. 

The best explanation of TE E propagation 


Geographic | 
Equator 


' Geomagnetic 
Equator ' 


Fig 21.22—Cross-section of a transequatorial spread-F signal path, showing the 
effects of ionospheric bulging and a double refraction above the normal MUF. 


East Coast to Eastern Europe 


00 04 08 12 16 20 O0 


Fig 21.23—Propagation prediction 
chart for East Coast to Europe that 
appeared in QST for December 1994. 
An average 2800-MHz (10.7-cm) solar ' 
flux of 82 was assumed for the mid- 
December to mid-January period. On | 
10% of these days, the highest 
frequency propagated was predicted at 
least as high as the uppermost curve 
(the Highest Possible Frequency, or 
HPF, approximately 21 MHz), and for. 
50% of the days as high as the middle 
curve, the MUF. The broken lines show 
the Lowest Usable Frequency (LUF) for 
a 1500-W CW transmitter. | 


| suggests that the F, layer near the equator 


bulges and intensifies slightly, particularly 
during solar maxima. Irteg 
aligned ionization forms shortly after sun- 
set in an area 100-200 km (60-120 mi) 


' north and south of the geomagnetic equator 


and 500-3000 km (310-1900 mi) wide. For 


‘this reason, the mode is sometimes called 


transequatorial field-aligned irregulari- 


ties. It moves west with the setting sun. The ` 
MUF may increase to twice its normal level 


15° either side of the geomagnetic equator. 
Field alignment of ionospheric irregu- 


larities favors refraction along magnetic. 


field lines, that is north-south. VHF and 


ЗОНЕ signals are refracted twice over the 
geomagnetic equator at angles that nor- ` 


mally would be insufficient to bring the 


` signals back toward Earth. See Fig 21.22. 
. The geometry is such that two shallow 


Irregular. field- . 


Table 21.5 
Shortwave Broadcasting Bands 
' Frequency Band 
(MHz) (m) \ 
2.300-2.495 120 
3.200-3.400 90 
` 3.900-4.000 75 
‚ 4.750-5.060 60 
5.959-6.200 . 49 
7.100-7.300 | 41 
9.500-9.900 31 
- 11.650-12.050 25 
` 13.600-13.800 22 
15.100-15.600 19 
17.550-17.900 16 
21.450-21.850 13 


25.600-26.100 11 


reflections in ће F; layer can create north- 
south terrestrial paths up to 8000 km 
(5000 mi). 

Spread-F propagation also occurs over 
the polar regions, but because of low popu- 
lation densities, amateurs have rarely re- 
ported making use of it. Near the northern 


. magnetic pole (located in extreme north- 


eastern Canada), spread-F is a nearly per- 

manent feature of winter. During summer, 

it appears most summer nights and at least 

half the time during the day. There is a 

greater probability of polar spread-F ap- 

pearing during the équinox periods and 

during the solar cycle maximum. Field- 

alignment in the polar regions suggests 

that some form of backscatter signals, 
similar to aurora, would be most likely. 


-MUF PREDICTION 


F-layer MUF prediction i is key to fore- 
casting HF communications paths at par- 
ticular frequencies, dates and times, but 
forecasting is complicated by several 
variables. Solar radiation varies over 
the course of the day, season, year and so- 
lar cycle. These regular intervals provide 
the main basis for prediction, yet recur- 
rence is far from reliable. In addition, fore- 


- casts are predicated on a quiet geomagnetic , 


field, but the condition of the Earth's mag- 
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MUT Prediction on the Nome Computer 


Like predicting the weather, predicting propagation— 
even with the best computer software available—is not 
an exact science. The processes occurring as a signal 
is propagated from one point on the Earth to another 
are enormously complicated and subject to an incred- 
ible number of variables. Experience and a knowledge 
of propagation conditions (as related to solar activity) 
are needed when you actually get on the air to check 
out the bands. Keep in mind, too, that ordinary com- 
puter programs are written mainly to calculate propa- 
gation for great-circle paths via the F layer. Scatter, 
skew-path, auroral and other such propagation modes 
may provide contacts when computer predictions 
indicate no contacts are possible. 

Brief information about prediction programs for the 
IBM PC and compatible computers follows. The 
programs can be divided roughly into two categories. 
The first includes programs best suited for quick, on- 
the-fly predictions. Programs such as MINIMUF, 
IONSOUND or MINIPROP are excellent tools for 
assessing what bands are likely to be open in the near 
future, usually using recent propagation indices 
broadcast on WWV as data input—to see, for example, 
whether 21 MHz is likely to be open tomorrow morning 
on the path from Kansas City to Berlin, given a solar 
flux averaging 95 over the last several days. 

The second category includes programs designed 
for long-term analysis and station planning. These 
programs require more investment in computer 
hardware, and will often take a considerable period of 
time to do their complex calculations. Most long-term 
planning programs benefit greatly from the use of a 
math coprocessor, although most of them will run, 
even if slowly, without a math coprocessor in the 
system. ASAPS, IONCAP and CAPMAN typify this 
category of heavy-duty propagation programs. 

Table 21.7 summarizes the features and attributes of 
these programs. Each program is copyrighted unless 
otherwise indicated. 


ASAPS V2.2 


ASAPS, for Advanced Stand-Alone Prediction 
System, was developed in Australia. It rivals IONCAP 
(see below) in its analysis capability but performs 
calculations in significantly less time. It is also interac- 
tive with the user; transmit power levels, antennas and 
other parameters may be changed and the new results 


viewed almost instantly without further menu entries. 
Available from: IPS Radio and Space Services. 


IONCAP, Version PC.27 


IONCAP, short for lonospheric Communications 
Analysis and Prediction, was written by an agency of 
the US government. This program is considered by 
many amateurs and professionals alike as the most 
comprehensive and best HF prediction program 
available. The program has been under development 
for almost 30 years, and was ported to PCs from a 
mainframe environment. It offers no menu; rather, an 
ASCII input file containing instructions and data must 
be prepared for program execution. This is public- 
domain software. (CAUTION: Under federal law, this 
software cannot be given to nonUS citizens without 
export approval.) Available from: National Technical 
Information Service. 


IONSOUND HDX, IONSOUND, IONSOUND PRO 


There are now three versions of IONSOUND, at 
price levels from $15 to $75. The low-end IONSOUND 
HDX program is tailored specifically for the locations 
shown in the *How's DX?" column in QST. It provides 
calculated data that one would not expect from a 
program of its price class. Its bigger brothers, of 
course, provide more features—IONSOUND PRO is 
the top of the line model. Graphs present mode chirp 
plots (frequency versus delay time versus intensity), 
much as an ionsonde oblique-incidence sounder might 
produce. For each path calculation, the user must first 
answer several screens of questions, such as noise 
environment at the terminal points, receiver bandwidth, 
required S/N ratio, order of layer modes and so on. 
Available from Skywave Technologies. 


MINIMUF, Version 3.5 


Written in BASIC, this was the first prediction 
program to become available for use on home comput- 
ers. The program was published in Dec 1982 QST 
(R. B. Rose, "MINIMUF, A Simplified MUF-Prediction 
Program for Microcomputers," pp 36-38). This is 
public-domain software that has been customized by 
many subsequent software writers. The core 
algorithm's accuracy suffers outside the range from 
250 to 6000 miles. MINIMUF calculations do not 
consider the E region, further limiting its accuracy. 


netic field is most difficultto predict weeks 
or months ahead. For professional users of 
HF communications, uncertainty is a nui- 
sance for maintaining reliable communica- 
tions paths, while for many amateurs it pro- 
vides an aura of mystery and chance that 
adds to the fun of DXing. Nevertheless, 
many amateurs want to know what to ex- 
pect on the HF bands to make best use of 
available on-the-air time, plan contest 
strategy, ensure successful net operations 
or engage in other activities. 


MUF Forecasts 


Long-range forecasts several months 
ahead, such as those published in QST and 
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other journals, provide only the most gen- 
eral form of prediction. A series of 30 
charts, similar to Fig 21.23, forecast aver- 
age propagation for a one-month period 
over specific paths each month in QST. The 
charts assume a single average solar flux 
value for the entire period. Early editions 
of The ARRL Operating Manual included a 
similar series of such charts for three rep- 
resentative sunspot values and a variety of 
paths. 

The uppermost curve shows the highest 
frequency that will be propagated on at 
least 1096 of the days. The given values 
might be exceeded considerably on a few 
rare days. On at least half the days, propa- 


gation will be possible as high as the 
middle curve. Propagation will exceed the 
lowest curve on at least 90% of the days. 
The MUF on any particular day cannot be 
determined from the charts, but the calcu- 
lated time of the MUF is reliable. 
Short-range forecasts a few days ahead 
still depend on predictions of solar 
radiation and geomagnetic indices, but 
the previous 27-day history and current 
conditions improve these estimates 
considerably. Daily forecasts are even 
more reliable, as they are based on 
measurements of solar and geomagnetic 
activity no more than a few hours old. 
Forecasts can be made at home using 


MINIPROP PLUS, Version 2.0 


MINIPROP has undergone several revisions since it 
first appeared. It was written primarily for the amateur 
community, and has an excellent user interface, with 
great graphics. In addition to the customary propaga- 
tion data, it provides sunrise-sunset and gray-line 
information, along with a worid map showing either 
long- or short-path propagation graphically. MINIPROP 
PLUS also produces a unique “DX Compass" showing 
the MUF in 12 azimuth directions for a given time of 
day. Available from Sheldon C. Shallon, W6EL. 


Application Tips 

Because of the lag in F-layer response to a rapid 
increase in solar activity, it is best to use either a 
5, 15 or 90-day running average of the 2800-MHz 
(10.7-cm) solar flux for prediction calculations. The 
type of application determines which is best. The 
5-day mean is a short-term dynamic input; the 90-day 
mean is appropriate for long-term planning. The 
ultimate test, of course, of a prediction program is to 
get on the air and listen to the signals arriving from the 
part of the world you just modeled! 


Table 21.7 
Features and Attributes of Propagation Prediction Programs 

ASAPS IONCAP | IONSOUND MINIMUF MINIPROP CAPMAN 

V. 2.2 PC.27 PRO PLUS 2.0 
User friendliness Good Poor Fair/Good Good Good Good 
Review data Yes No No No Yes Yes 
User library of QTHs Yes No Yes No Yes Yes 
Bearings, distances Yes Yes Yes No Yes Yes 
MUF calculation Yes Yes Yes Yes Yes Yes 
LUF calculation Yes Yes Yes No No Yes 
Wave angle calculation Yes Yes Yes No Yes Yes 
Vary minimum wave angle Yes Yes Yes No Yes Yes 
Path regions and hops Yes Yes Yes No Yes Yes 
Multipath effects No Yes Yes No No Yes 
Path probability Yes Yes Yes No Yes Yes 
Signal strengths Yes Yes Yes No Yes Yes 
S/N ratios Yes Yes Yes No No Yes 
Long path calculation Yes Yes Yes No Yes Yes 
Antenna selection Yes Yes Yes No No Yes 
Vary antenna height Indirectly Yes No No No Yes 
Vary ground characteristics Indirectly Yes No - No No Yes 
Vary transmit power Yes Yes Yes No Yes Yes 
Graphic displays Herc/VGA ASCII Herc/VGA No Herc/VGA Herc/VGA 
UT-day graphs Yes Yes Yes No Yes Yes 
Color monitor support Yes No Yes No Yes Yes 
Hard disk required Yes Yes No No No Yes 
Save data to disk Yes Yes No No No Yes 
Documentation 48 p 226 p 52p QST art. 56р Үе$ 
Price class Aus. $350t $128 fee — $75* — $60 $89 


"Review data" indicates ability to review previous program display screens. 


Herc = Hercules/compatible; CGA is also compatible with EGA/VGA systems. ASCII uses characters such as .... and xxxx, no 


graphics card is required. 


Price classes are for early 1994 and subject to change. 


*STD version, with reduced features, available for $35. Version tailored for *How's DX?" column from QST available for $15. 


tAustralian dollars, equivalent to about $280 US at early-1994 exchange rates. 


several popular programs for the per- 
sonal computer, including IONCAP, 
IONSOUND, MINIMUF and MINIPROP 
PLUS. These are described in more detail 
in the accompanying sidebar. 


Direct Observation 


Propagation conditions can be deter- 
mined directly by listening to the HF band. 
The simplest method is to tune higher in 
frequency until no more long-distance sta- 
tions are heard. This point is roughly just 
above the MUF to anywhere in the world 
at that moment. The highest usable ama- 
teur band would be the next lowest one. If 
HF stations seem to disappear around 


23 MHz, for example, the 15-m band at 
21 MHz might make a good choice for 
DXing. By carefully noting station loca- 
tions as well, the MUF in various direc- 
tions can also be determined quickly. 
The shortwave broadcast bands (see 
Table 21.5) are most convenient for MUF 
browsing, because there are many high- 
powered stations on regular schedules. 
Take care to ensure that programming is 
actually transmitted from the originating 
country. A Radio Moscow or BBC pro- 
gram, for example, may be relayed to a 
transmitter outside Russia or England for 
retransmission. An excellent guide to 
shortwave broadcast stations is the World 


Radio TV Handbook, available through the 
ARRL. 


WWV and WWVH 


The standard time stations WWV (Ft 
Collins, Colorado) and WWVH (Kauai, 
Hawaii), which transmit on 2.5, 5, 10, 15 
and 20 MHz, are also popular for propa- 
gation monitoring. They transmit 24 hours 
a day. Daily monitoring of these stations 
for signal strength and quality can quickly 
provide a good basic indication of propa- 
gation conditions. In addition, each hour 
they broadcast the geomagnetic A and K 
indices, the 2800-MHz (10.7-cm) solar 
flux, and a short forecast of conditions for 
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the next day. These are heard on WWV at 
18 minutes past each hour and on WWVH 
at 45 minutes after the hour. The same in- 
formation is also available by telephoning 
the recorded message at 303-497-3235. 
The K index is updated every three hours, 
while the A index and solar flux are up- 
dated after 2100 UTC. These data are use- 
ful for making predictions on home com- 
puters, especially when averaged over 
several days of solar flux observations. 


Beacons 


Automated beacons in the higher ama- 
teur bands can also be useful adjuncts to 
propagation watching. Beacons are ideal 
for this purpose because most are designed 
to transmit 24 hours aday. Among the best 
organized beacon system is one designed 
by the Northern California DX Founda- 
tion for the 20-m band. Nine beacons on 
five continents transmit in successive one- 
minute intervals, with the tenth minute 
silent. More on this system, along with a 
longer list of HF, VHF and UHF beacons, 
can be found in The ARRL Operating 
Manual. Other interested groups publish 
updated lists of beacons with call sign, 
frequency, location, transmitter mode, 
power, and antenna. Beacons often in- 
clude location as part of their automated 


message, and many can be located from 
their call sign. Thus, even casual scanning 
of beacon subbands can be useful. Table 
21.6 provides the frequencies where bea- 
cons useful to HF propagation are most 
commonly placed. 


PROPAGATION IN THE 
TROPOSPHERE 


All radio communication involves 
propagation through the troposphere for 
at least part of the signal path. Radio waves 
traveling through the lowest part of the 
atmosphere are subject to refraction, scat- 
tering and other phenomena, much like 
ionospheric effects. Tropospheric condi- 
tions are rarely significant below 30 MHz, 
but they are very important at 50 MHz and 
higher. Much of the long-distance work 
on the VHF, UHF and microwave bands 
depends on some form of tropospheric 
propagation. Instead of watching solar 
activity and geomagnetic indices, those 
who use tropospheric propagation are 
much more concerned about the weather. 


Line of Sight 


At one time it was thought that commu- 
nications in the VHF range and higher 
would be restricted to line-of-sight paths. 
Although this has not proven to be the case 


Table 21.6 

Popular Beacon Frequencies 

Frequencies 

(MHz) Comments 

14.100 Northern California DX Foundation beacons 
28.2-28.3 Several dozen beacons worldwide 

50.0-50.1 Most US beacons are within 50.06-50.08 MHz 
70.03-70.13 Beacons in England, Ireland, Gibraltar and Cyprus 


Common Scattering 
Volume 


A Maximum BEEN 


Fig 21.24—Tropospheric-scatter path geometry. The lower boundary of the 
common scattering volume is limited by the take-off angle of both stations. The 
upper boundary of 10 km (6 mi) altitude is the limit of efficient scattering in the 
troposphere. Signal strength increases with the scattering volume. 
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even in the microwave region, the concept 
of line of sight is still useful in understand- 
ing tropospheric propagation. In the 
vacuum of space or in a completely homo- 
geneous medium, radio waves do travel 
essentially in straight lines, but these con- 
ditions are almost never met in terrestrial 
propagation. 

Radio waves traveling through the tro- 
posphere are ordinarily refracted slightly 
earthward. The normal drop in tempera- 
ture, pressure and water-vapor content 
with increasing altitude change the index 
of refraction of the atmosphere enough to 
cause refraction. Under average condi- 
tions, radio waves are refracted toward 
Earth enough to make the horizon appear 
1.15 times farther away than the visual 
horizon. Under unusual conditions, tropo- 
spheric refraction may extend this range 
significantly. 

A simple formula can be used to esti- 
mate the distance to the radio horizon un- 
der average conditions: 


а = 42h 


where 
d = distance to the radio horizon, miles 
h = height above average terrain, ft, 


d= 17h 


where 
d = distance to the radio horizon, km 
h = height above average terrain, m. 


The distance to the radio horizon for an 
antenna 30 m (98 ft) above average terrain 
is thus 22.6 km (14 mi), a station on top of 
a 1000-m (3280-ft) mountain has a radio 
horizon of 130 km (80 mi). 


Atmospheric Absorption 


Atmospheric gases, most notably oxy- 
gen and water vapor, absorb radio signals, 
but neither is a significant factor below 
10 GHz. Attenuation from rain becomes 
important at 3.3 GHz, where signals 
passing through 20 km (12 mi) of heavy 
showers incur an additional 0.2 dB loss. 
That same rain would impose 12 dB addi- 
tional loss at 10 GHz and losses continue 
to increase with frequency. Heavy fog is 
similarly a problem only at 5.6 GHz 
and above. More detailed information 
about atmospheric absorption in the mi- 
crowave bands can be found in the ARRL 
UHF/Microwave Experimenter's Manual. 


Tropospheric Scatter 


Contacts beyond the radio horizon out 
to a working distance of 100 to 500 km 
(60 to 310 mi), depending on frequency, 
equipment and local geography, are made 
every day without the aid of obvious 
propagation enhancement. At 1.8 and 


z 


3.5 MHz, local communication is due 
mostly to ground wave. Athigher frequen- 
cies, especially in the VHF range and 
above, the primary mechanism is scatter-. 
ing in the troposphere, or troposcatter. 

Most amateurs are unaware that they use 
troposcatter even though it plays an essen- 
tial role in most local communication. 
Water vapor droplets, small gradients in 
the index of refraction of the lower atmo- 
sphere due to turbulence, changes in tem- 
perature and humidity, clouds, dust and 
other naturally occurring particles scatter 
a portion of the radio signal. That tiny part 
that is scattered forward and toward the 
Earth creates the over-the-horizon paths. 
Troposcatter path losses are considerable 
and increase with frequency. 

The maximum distance that can be 


. linked via troposcatter is limited by the 


height of a scattering volume common to 
two stations, shown schematically in 
Fig 21.24. The highest altitude for which 


scattering is efficient at amateur power, 


levels is about 10 km (6 mi). An applica- 
tion of the distance-to-the-horizon for- 
mula yields 800 km (500 mi) as the limit 
for troposcatter paths, but typical maxima 
are more like half that. Tropospheric scat- 


ter varies little with season or time of day, 


but it is difficult to assess the effect of 
weather on troposcatter alone. Variations 


‘in tropospheric refraction, which is уёгу 


sensitive to the weather, probably account 
for most of the observed day-to-day dif- 


‘ferences in troposcatter signal strength. 


Troposcatter does not require special 
operating techniques or equipment, as it is 
used unwittingly all the time. In the ab- 
sence of all other forms of propagation, 
especially at VHF and above, the usual 
working range is essentially the maximum 
troposcatter distance. Ordinary working 
range increases most dramatically with 


antenna height, because that lowers the. 


take-off angle to the horizon. Working 
range increases less quickly with antenna 
gain and transmitter power. For this rea- 
son, a mountaintop is the choice location 
for extending ordinary troposcatter work- 
ing distances. | 


Rain Scatter in the Troposphere 


Scatter from raindrops is a special case 
of troposcatter practical in the 1296-MHz 
to 10-GHz range. Stations simply point 
their antennas toward a common area of 
rain..A certain portion of radio energy is 
scattered by the raindrops, making pos- 
sible over-the-horizon or obstructed-path 


contacts, even with low power. The theo- . 


retical range for rain scatter is as great as 
600 km (370 mi), but the experience of 
amateurs in the microwave bands suggests 
that expected distances are less than 


‚ 


200 km (120 mi). Snow and hail make less 
efficient scattering media unless the ice 
particles are partially melted.. Smoke and 
dust particles are too small for extraordi- 
nary scattering, even їп the microwave 
bands. 


Refraction and Ducting in the 
Troposphere 


Radio waves are refracted by natural 
gradients in the index of refraction of air 
with altitude, due to changes in tempera- 
ture, humidity and pressure. Refraction 
under standard atmospheric conditions 
extends the radio horizon somewhat be- 
yond the visual line of sight. Favorable 
weather conditions further enhance nor- 
mal tropospheric refraction, lengthening 
the useful VHF and UHF range by several 
hundred kilometers and increasing signal 
strength. Higher frequencies are more sen- 


sitive to refraction, so its effects may be ` 


observed in the microwave bands before 

they are apparent at lower frequencies. 
Ducting takes place when refraction is 

so great that radio waves are bent back to 


the surface of the Earth. When .tropo-- ' 
spheric ducting conditions exist. over a 


wide geographic area, signals may remain 


very strong over distances of 1500 km , 


(930 mi) or more. Ducting results from the 
gradient created by a sharp increase in 
temperature with altitude, quite the oppo- 
site of normal atmospheric conditions. A 


` simultaneous drop in humidity contributes 


to increased refractivity. Useful tempera- 
ture inversions form between 250 and 
2000 m (800-6500 ft) above ground. The 
elevated inversion and the Earth's surface 
act something like the boundaries of a 
natural open-ended waveguide. Radio 
waves of the right frequency range caught 
inside the duct will be propagated for long 
distances with relatively low losses. Sev- 


.eral common weather conditions can cre- 
, ate temperature inversions. 
4 


Radiation Inversions in the ` 
Troposphere | 


Radiation inversions are probably the 
most common and widespread of the vari- 
ous weather conditions that affect propa- 
gation. Radiation inversions form only 


over land after sunset as a result of pro- . 


gressive cooling of the air near the Earth's 
surface. As: the Earth cools by radiating 


heat into space, the air just above the - 
ground is cooled in turn. At higher alti- 
tudes, the air remains relatively warmer, 


thus creating the inversion. A typical 


radiation-inversion temperature profile . 


is shown in Fig 21.25. 


The cooling process may continue 


through the evening and predawn hours, 
C . B 1 A . 
creating inversions that extend as high as 
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Fig 21.25—Temperature and dewpoint 
profile of an early-morning radiation | 
inversion. Fog may form near the 
ground. The midday surface 
temperature would be at least 30?C. 
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Fig 21.26—Temperature and humidity 
profile across an elevated duct at 
1000 m altitude. Such inversions 
typically form in summertime high- 
pressure systems. Note the air is very 


dry in the inversion. 


500 m (1500 feet). Radiation inversions 
are most common during clear, calm, 
summer evenings. They. are more distint 
in dry climates, in valleys and over open ` 
ground. Their formation is inhibited by ' 


: wind, wet ground and cloud cover. Al- 


though radiation inversions are common 
and widespread, they are rarely strong 
enough to cause true ducting. The en- 
hanced conditions so often observed after : 
sunset during the summer are usually a 

result of this mild kind of inversion. | 
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Fig 21.27—-Surface weather map for September 13, 1993, shows that the eastern 
US was dominated by a sprawling high-pressure system. The shaded portion 
shows the area in which ducting conditions existed on 144 through 1286 MHz and 


higher. 


Fig 21.28—Surface weather map for June 2, 1980, with a typical spring wave 
cyclone over the southeastern quarter of the US. The shaded portion shows where 
ducting conditions existed. 


High-Pressure Weather Systems 


Large, sluggish, high-pressure systems 
(or anticyclones) create the most dramatic 
and widespread tropospheric ducts. Inver- 
sions in high-pressure systems are created 
by air that is sinking. As air descends, it 
is compressed and heated. Layers of 
warmer air—temperature inversions— 
often form between 500 and 3000 m 
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(1500-10,000 ft) altitude, as shown in 
Fig 21.26. Ducts usually intensify during 
the evening and early morning hours, 
when surface temperatures drop and sup- 
press the tendency for daytime ground- 
warmed air to rise. In the Northern Hemi- 
sphere, the longest and strongest radio 
paths usually lie to the south of high-pres- 
sure centers. See Fig 21.27. 

Sluggish high-pressure systems likely 


to contain strong temperature inversions 
are common in late summer over the east- 
ern half of the US. They generally move 
southeastward out of Canada and linger 
for days over the Midwest, providing 
many hours of extended propagation. The 
southeastern part of the country and the 
lower Midwest experience the most high- 
pressure openings; the upper Midwest and 
East Coast somewhat less frequently; the 
western mountain regions rarely. 

Semipermanent high-pressure systems, 
which are nearly constant climatic fea- 
tures in certain parts of the world, sustain 
the longest and most exciting ducting 
paths. The Eastern Pacific High, which 
migrates northward off the coast of Cali- 
fornia during the summer, has been re- 
sponsible for the longest ducting paths 
reported to date. Countless contacts in the 
4000-km (2500 mi) range have been made 
from 144 MHz through 5.6 GHz between 
California and Hawaii. The Bermuda High 
is anearly permanent feature of the Carib- 
bean area, but during the summer it moves 
north and often covers the southeastern 
US. It has supported contacts in excess of 
2800 km (1700 mi) from Florida and the 
Carolinas to the West Indies, but its full 
potential has not been exploited. Other 
semipermanent highs lie in the Indian 
Ocean, the western Pacific and off the 
coast of western Africa. 


Wave Cyclone 


The wave cyclone is a more dynamic 
weather system that usually appears dur- 
ing the spring over the middle part of the 
American continent. The wave begins as a 
disturbance along a boundary between 
cooler northern and warmer southern air 
masses. Southwest of the disturbance, a 
cold front forms and moves rapidly east- 
ward, while a warm front moves slowly 
northward on the eastward side. When the 
wave is in its open position, as shown in 
Fig 21.28, north-south radio paths 
1500 km (930 mi) and longer may be pos- 
sible in the area to the east of the cold front 
and south of the warm front, known as the 
warm sector. East-west paths nearly as 
long may also open in the southerly parts 
of the warm sector. 

Wave cyclones are rarely productive for 
more than a day, because the eastward- 
moving cold front eventually closes off the 
warm sector. Wave cyclone temperature 
inversions are created by a southwesterly 
flow of warm, dry air above 1000 m (3200 
ft) that covers relatively cooler and 
moister gulf air flowing northward near 
the Earth’s surface. Successive waves 
spaced two or three days apart may form 
along the same frontal boundary. 


Warm Fronts and Cold Fronts 


Warm fronts and cold fronts sometimes 
bring enhanced tropospheric conditions, 
but rarely true ducting. A warm front 
marks the surface boundary between a 
mass of warm air flowing over an area of 
relatively cooler and more stationary air. 
Inversion conditions may be stable enough 
several hundred kilometers ahead of the 
warm front to create extraordinary paths. 

A cold front marks the surface bound- 
ary between a mass of cool air that is try- 
ing to wedge itself under more stationary 
warm air. The warmer air is pushed aloft 
in a narrow band behind the cold front, 


creating a strong but highly unstable tem- . 


perature inversion. The best chance for 


enhancement occurs parallel to and behind ' 


the passing cold front. 


Advective Winds 


Certain kinds of wind may also create 
useful inversions. The Chinook wind that 
blows off the eastern slopes of the Rockies 


can flood the Great Plains with warm and . 


very dry air, primarily in the springtime. If 
the ground is cool or snow-covered, a 
strong inversion can extend as far as 
Canada to Texas and east to the Missis- 
sippi River. Similar kinds of foehn winds, 


as these mountain breezes are called, can ` 


be found in the Alps, Caucasus Mountains 
and other places. 

The land breeze is a light, steady, cool 
wind that blows 50 to 100 km (30to 60 mi) 
across coastal areas. Land breezes develop 
after sunset on clear summer evenings. 
The land cools more quickly than the ad- 
jacent ocean. Air cooled over the land 
flows near the surface of the Earth toward 
the ocean to displace relatively warmer air 
that is rising. See Fig 21.29. The warmer 
ocean air, in turn, travels at 200-300 m 
(600-1000 ft) altitude to replace the cool 
surface air. The land-sea circulation of 
cool air near the ground and warm air aloft 
creates a mild inversion that may remain 
for hours. Land-breeze inversions often 


bring enhanced conditions and occasion- . 


ally allow contacts in excess of 800 km 
: (500 mi) along coastal areas. 

, In southern Europe, a hot, dry wind 
known as the sirocco sometimes blows 


northward from the Sahara Desert over . 


relatively cooler and moister Mediterra- 
nean air. Sirocco inversions can be very 
strong and extend from Israel and Lebanon 
westward past the Straits of Gibraltar. 
Sirocco-type inversions are. probably re- 
sponsible for record-breaking microwave 
contacts in excess of 1500 km (930 mi) 
across the Mediterranean. 


Evaporation Inversion 
Over warm water, such as the Caribbean 


Worm air flow 
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Fig 21.29—Land-breeze convection along a coast after sunset creates a 


temperature inversion over the land. 


and other tropical seas, evaporation inver- 
sions may create ducts that are useful 
in the microwave region between 3.3 and 


24 GHz. This inversion depends on a sharp 


drop in water-vapor content rather than on 
an increase in temperature to create duct- 


` ing conditions. Air just above the surface 


of water at least 30?C is saturated because 
of evaporation. Humidity drops signifi- 
cantly within 3 to 10 m (10 to 30 ft) alti- 
tude, creating a very shallow but stable 
duct. Losses due to water vapor absorp- 
tion may be intolerable at the highest duct- 
ing frequencies, but breezes may raise the 
effective height of the inversion and open 
the duct to longer wavelengths. Stations 


must be set up right on the beaches to - 


ensure being inside an evaporation 
inversion. 


Tropospheric Fading 
Tropospheric turbulence and small 


changes in the weather are responsible for 
most fading at VHF and higher. Local 


weather conditions, such as precipitation, 


warm air rising over cities and the effects 


of lakes and rivers, can all contribute to | 


tropospheric instabilities that affect radio 
propagation. Fast-flutter fading at 
28 MHz and above is often the result of an 
airplane that temporarily creates a second 
propagation path. Flutter results as the 
phase relationship between the ordinary 
tropospheric signal and that reflected by 


- the airplane change with the airplane’s 
movement. 


EXTRATERRESTRIAL . 
PROPAGATION 


Communication of all sorts into space 


has become increasingly important. Ama- 
teurs confront extraterrestrial propagation 


when accessing satellite repeaters or us- 
ing the moon as a reflector. Special propa- 
gation problems arise from signals that 
travel from the Earth through the iono- 
sphere (or a substantial portion of it) and 
back again. Tropospheric and ionospheric 
phenomena, so useful for terrestrial paths, 
are unwanted and serve only as a nuisance 
for space communication. A phenomenon 
known as Faraday rotation may change the 
polarization of radio waves traveling 
through the ionosphere, presenting special 
problems to receiving weak signals. Cos- 
mic noise also becomes an important fac- 
tor when. antennas · аге intentionally 
pointed into space. . 


Faraday Rotation 


Magnetic and electrical forces rotate the 
polarization of radio waves passing 
through the ionosphere. For example, sig- 
nals that leave the Earth as horizontally 
polarized, and return after a reflection 
from the moon may not arrive with the 
same polarization. An additional 20 dB of : 
path loss is incurred when polarization is 
shifted by 90°, an intolerable amount when 
signals are marginal. 

Faraday rotation is difficult to predict 
and its effects change over time and with 
operating frequency. At 144 MHz, the po- 
larization of space waves may shift back 
into alignment with the antenna within a 


‚ few minutes, so often just waiting can 


solve the Faraday problem. At 432 MHz, 
it may take half an hour or longer for the 
polarization to become realigned. Use of 
circular polarization completely elimi- 
nates this problem, but creates a new one: 
for EME paths. The sense of circularly 
polarized signals is reversed with reflec- 
tion, so two complete antenna systems are 
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normally required, one with left-hand and 
one with right-hand polarization. 


Earth-Moon-Earth 


Amateurs have used the moon as a reflec- 
tor on the VHF and UHF bands since 1960. 
Maximum allowable power and large an- 
tennas, along with the best receivers, are 
normally required to overcome the extreme 
free-space and reflection losses involved in 
Earth-Moon-Earth (EME) paths. More 
modest stations make EME contacts by 
scheduling operating times when the Moon 
is at perigee on the horizon. The Moon, 
which presents a target only one-half degree 
wide, reflects only 7% of the radio signals 
that reach it. Techniques have to be designed 
to cope with Faraday rotation, cosmic noise, 
Doppler shift (due to the Moon’s move- 
ments) and other difficulties. In spite of the 
problems involved, hundreds of stations 
have made contacts via the Moon on all 
bands from 50 MHz to 10 GHz. The tech- 
niques of EME communication are dis- 
cussed in the chapter on Repeaters, Satel- 
lites, EME and DFing. 


Satellites 


Accessing amateur satellites generally 
does not involve huge investments in an- 
tennas and equipment, yet station design 
does have to take into account special 
challenges of space propagation. Free- 
space loss is a primary consideration, but 
it is manageable when satellites are only a 
few hundred kilometers distant. Free- 
space path losses to satellites in high Earth 
orbits are considerably greater, and ap- 
propriately larger antennas and higher 
powers are needed. 

Satellite frequencies below 30 MHz 
can be troublesome. Ionospheric absorption 
and refraction may prevent signals from 
reaching space, especially to satellites at 
very low elevations. In addition, man-made 
and natural sources of noise are high. VHF 
and especially UHF are largely immune 
from these effects, but free-space path losses 
are greater. Problems related to polarization, 
including Faraday rotation, intentional or 
accidental satellite tumbling and the orien- 
tation of a satellite’s antenna in relation to 
terrestrial antennas, are largely overcome 
by using circularly polarized antennas. 
More on using satellites can be found in the 
chapter on Repeaters, Satellites, EME 
and DFing. 


NOISE AND PROPAGATION 


Noise simply consists of unwanted 
radio signals that interfere with desired 
communications. In some instances, noise 
imposes the practical limit on the lowest 
usable frequencies. Noise may be classi- 
fied by its sources: man-made, terrestrial 
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and cosmic. Interference from other trans- 
mitting stations on adjacent frequencies is 
not usually considered noise and may be 
controlled, to a some degree anyway, by 
careful station design. 


Man-Made Noise 


Many unintentional radio emissions re- 
sult from man-made sources. Broadband 
radio signals are produced whenever there 
is a spark, such as in contact switches, 
electric motors, gasoline engine spark 
plugs and faulty electrical connections. 
Household appliances, such as fluorescent 
lamps, microwave ovens, lamp dimmers 
and anything containing an electric motor 
may all produce undesirable broadband 
radio energy. Devices of all sorts, espe- 
cially computers and anything controlled 
by microprocessors, television receivers 
and many other electronics also emit radio 
signals that may be perceived as noise well 
into the UHF range. In many cases, these 
sources are local and can be controlled 
with proper measures. See the EMI 
chapter. 

High-voltage transmission lines and 
associated equipment, including trans- 
formers, switches and lightning arresters, 
can generate high-level radio signals over 
a wide area, especially if they are corroded 
or improperly maintained. Transmission 
lines may act as efficient antennas at some 
frequencies, adding to the noise problem. 
Certain kinds of street lighting, neon signs 
and industrial equipment also contribute 
their share of noise. 


Lightning 

Static is a common term given to the 
ear-splitting crashes of noise commonly 
heard on nearly all radio frequencies, al- 
though it is most severe on the lowest fre- 
quency bands. Atmospheric static is pri- 
marily caused by lightning and other 
natural electrical discharges. Static may 
result from close-by thunderstorms, but 
most static originates with tropical storms. 
Like any radio signals, lightning-produced 
static may be propagated over long dis- 
tances by the ionosphere. Thus static is 
generally higher during the summer, when 
there are more thunderstorms, and at night, 
when radio propagation generally im- 
proves. Static is often the limiting factor 
on 1.8 and 3.5 MHz, making winter a more 
favorable time for using these frequencies. 


Precipitation Static 


Precipitation static is an almost continu- 
ous hash-type noise that builds in inten- 
sity, abruptly ends, and then builds again 
in cycles of a few seconds to as long as a 
minute. Precipitation static most often 
accompanies summer thunderstorms, but 


it occurs with winter rain and snow as well. 
Passing raindrops or snowflakes induce an 
electrical charge on an antenna, especially 
Yagi arrays on tall towers. When the volt- 
age builds to some critical level, it dis- 
charges into the atmosphere, sometimes 
with an audible pop, and then begins re- 
charging. Precipitation static can be a 
nuisance from HF well into the VHF 
range. 


Cosmic Sources 


The sun, distant stars, galaxies and other 
cosmic features all contribute radio noise 
well into the gigahertz range. These cos- 
mic sources are perceived primarily as a 
more-or-less constant background noise at 
HF. In the VHF range and higher, specific 
sources of cosmic noise can be identified 
and may be a limiting factor in terrestrial 
and space communications. The sun is by 
far the greatest source of radio noise, but 
its effects are largely absent at night. The 
center of our own galaxy is nearly as noisy 
as the sun. Galactic noise is especially 
noticeable when high-gain VHF and UHF 
antennas, such as may be used for satellite 
or EME communications, are pointed to- 
ward the center of the Milky Way. Other 
star clusters and galaxies are also radio 
hot-spots in the sky. Finally, there is a 
much lower cosmic background noise that 
seems to cover the entire sky. 
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Station $ 


Access" Projects 


A. Ithough many hams never try to 
fax. build a major project, such as a 
E transmitter, receiver or amplifier, 
they do have to assemble the various com- 
ponents into a working station. There are 
many benefits to be derived from assem- 
bling a safe, comfortable, easy-to-operate 
collection of radio gear, whether the shack 
is at home, in the car or in a field. This 
chapter, written by Wally Blackburn, 
AABDX, covers the many aspects of set- 
ting up an efficient station. 

This chapter will detail some of the 
"how tos" of setting up a station for fixed, 


Fixed Stations 


SELECTING A LOCATION 


Selecting the right location for your sta- 
tion is the first and perhaps the most im- 
portant step in assembling a safe, comfort- 
able, convenient station. The exact 
location will depend on the type of home 
you have and how much space can be de- 
voted to your station. Fortunate amateurs 
will have a spare room to devote to hous- 
ing the station; some may even have a 
separate building for their exclusive use. 
Most must make do with a spot in the cel- 
lar or attic, or a corner of the living room 
is pressed into service. 


mobile and portable operation. Such top- 
ics as station location, finding adequate 
power sources, station layout and cable 
routing are covered, along with some of 
the practical aspects of antenna erection 
and maintenance. 

Regardless of the type of installation 
you are attempting, good planning greatly 
increases your chances of success. Take 
the time to think the project all the way 
through, consider alternatives, and make 
rough measurements and sketches during 
your planning and along the way. You will 


Examine the possibilities from several 
angles. A station should be comfortable; 
odds are good that you'll be spending a lot 
of time there over the years. Some un- 
finished basements are damp and drafty— 
notan ideal environment for several hours 
of leisurely hamming. Attics have their 
drawbacks, too; they can be stifling dur- 
ing warmer months. If possible, locate 
your station away from the heavy traffic 
areas of your home. Operation of your 
station should not interfere with family 
life. A night of chasing DX on 80 m may 
be exciting to you, but the other members 
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save headaches and time by avoiding 
"shortcuts." What might seem to save time 
now may come back to haunt you with 
extra work when you could be enjoying 
your shack. 

One of the first considerations should 
beto determine what type of operating you 
intend to do. While you do not want to 
strictly limit your options later, you need 
to consider what you want to do, how much 
you have to spend and what room you have 


‘to work with. There is a big difference 


between a casual operating position and a 
“big gun" contest station, for example. 


Fig 22.1—Danny, KD4HQV, appreciates 
the simplicity that his operating 
position affords. (Photo courtesy 
Conard Murray, WS4S) 
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Fig 22.2—VE6AFO's QSL card reveals an impressive array 
of gear. Although many hams would appreciate having this 
much space to devote to a station, most of us must make 


do with less. 


of your household may not share your 
enthusiasm. 

Keep in mind that you must connect 
your station to the outside world. The lo- 
cation you choose should be convenient to 
a good power source and an adequate 
ground. If you use a computer and modem, 
you may need access to a telephone jack. 
There should be a fairly direct route to the 
outside for running antenna feed lines, 
rotator control cables and the like. 

Although most homes will not have an 
“ideal” space meeting all requirements, 
the right location for you will be obvious 
after you scout around. The amateurs 
whose stations are depicted in Figs 22.1 
through 22.3 all found the right spot for 
them. Weigh the trade-offs and decide 
which features you can do without and 
which are necessary for your style of op- 
eration. If possible pick an area large 
enough for future expansion. 


THE STATION GROUND 


Grounding is an important factor in 
overall station safety, as detailed in the 
Safety chapter. An effective ground sys- 
tem is necessary for every amateur station. 
The mission of the ground system is two- 
fold. First, it reduces the possibility of 
electrical shock if something in a piece of 
equipment should fail and the chassis or 
cabinet becomes "hot." If connected to a 
properly grounded outlet, a three-wire 
electrical system grounds the chassis. 
Much amateur equipment still uses the 
ungrounded two-wire system, however. A 
ground system to prevent shock hazards is 
generally referred to as dc ground. 

The second job the ground system must 
perform is to provide a low-impedance 
path to ground for any stray RF current 
inside the station. Stray RF can cause 
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Fig 22.3—Scott, KA9FOX, operated this well laid-out station, 


W9UP, during a recent contest. (Photo courtesy NOBSH) 


equipment to malfunction and contributes 
to RFI problems. This low-impedance 
path is usually called RF ground. In most 
stations, dc ground and RF ground are 
provided by the same system. 


Ground Noise 


Noise in ground systems can affect our 
sensitive radio equipment. It is usually 
related to one of three problems: 


1) Insufficient ground conductor size 
2) Loose ground connections 
3) Ground loops 


These matters are treated in precise sci- 
entific research equipment and certain in- 
dustrial instruments by attention to cer- 
tain rules. The ground conductor should 
be at least as large as the largest conductor 
in the primary power circuit. Ground con- 
ductors should provide a solid connection 
to both ground and to the equipment being 
grounded. Liberal use of lock washers and 
star washers is highly recommended. A 
loose ground connection is a tremendous 
source of noise, particularly in a sensitive 
receiving system. 

Ground loops should be avoided at all 
costs. A short discussion of what a ground 
loop is and how to avoid them may lead 
you down the proper path. A ground loop 
is formed when more than one ground 
current is flowing in a single conductor. 
This commonly occurs when grounds are 
“daisy-chained” (series linked). The 
correct way to ground equipment is to 
bring all ground conductors out radially 
from a common point to either a good 
driven earth ground or a cold-water 
system. If one or more earth grounds are 
used, they should be bonded back to the 
service entrance panel. Details appear in 
the Safety chapter. 


Ground noise can affect transmitted and 
received signals. With the low audio levels 
required to drive amateur transmitters, and 
the ever-increasing sensitivity of our re- 
ceivers, correct grounding is critical. 


STATION POWER 


Amateur Radio stations generally re- 
quire a 120-V ac power source. The 
120-V ac is then converted to the proper ac 
or dc levels required for the station equip- 
ment. Power supply theory is covered in 
the Power Supplies chapter, and safety 
issues are covered in the Safety chapter. If 
your station is located in a room with elec- 
trical outlets, you’re in luck. If your sta- 
tion is located in the basement, an attic or 
another area without a convenient 120-V 
source, you will have to run a line to your 
operating position. 


Surge Protection 


Typically, the ac power lines provide an 
adequate, well-regulated source of elec- 
trical power for most uses. At the same 
time, these lines are fraught with frequent 
power surges that, while harmless to most 
household equipment, may cause damage 
to more sensitive devices such as comput- 
ers or test equipment. À common method 
of protecting these devices is through the 
use of surge protectors. More information 
on these and lightning protection is in the 
Safety chapter. 


STATION LAYOUT 


Station layout is largely a matter of per- 
sonal taste and needs. It will depend 
mostly on the amount of space available, 
the equipment involved and the types of 
operating to be done. With these factors in 
mind, some basic design considerations 
apply to all stations. 


Fig 22.4—The basement makes a good 
location if it is dry. A ready-to- 
assemble computer desk makes an 
ideal operating table at a reasonable 
price. This setup belongs to WK8H. 
(Photo courtesy AA8DX) 


The Operating Table 


The operating table may be an office or 
computer desk, a kitchen table or a cus- 
tom-made bench. What you use will de- 
pend on space, materials at hand and cost. 
Thetwo most important considerations are 
height and size of the top. Most commer- 
cial desks are about 29 inches above the 
floor. This is a comfortable height for most 
adults. Heights much lower or higher than 
this may cause an awkward operating 
position. 

The dimensions of the top are an impor- 
tant consideration. A deep (36 inches or 
more) top will allow plenty of room for 
equipment interconnections along the 
back, equipment about midway and room 
for writing toward the front. The length of 
the top will depend on the amount of 
equipment being used. An office or com- 
puter desk makes a good operating table. 
These are often about 36 inches deep and 
60 inches wide. Drawers can be used for 
storage of logbooks, headphones, writing 
materials, and so on. Desks specifically 
designed for computer use often have 
built-in shelves that can be used for equip- 
ment stacking. Desks ofthis type are avail- 
able ready-to-assemble at most discount 
and home improvement stores. The low 
price and adaptable design of these desks 
make them an attractive option for an op- 
erating position. An example is shown in 
Fig 22.4. 


Stacking Equipment 


No matter how large your operating 
table is, some vertical stacking of equip- 
ment may be necessary to allow you to 
reach everything from your chair. Stack- 
ing pieces of equipment directly on top of 
one another is not a good idea because 
most amateur equipment needs air flow 
around it for cooling. A shelf like that 
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Fig 22.5—A simple but strong equipment shelf can be built from readily available 
materials. Use */.-inch plywood along with glue and screws for the joints for 


adequate strength. 
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Fig 22.6—Example station layout as seen from the front (A) and the top (B). The 
equipment is spaced far enough apart that air circulates on all sides of each 


cabinet. 


shown in Fig 22.5 can improve equipment 
layout in many situations. Dimensions of 
the shelf can be adjusted to fit the size of 
your operating table. 


Arranging the Equipment 


When you have acquired the operating 
table and shelving for your station, the next 
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task is arranging the equipment in a con- 
venient, orderly manner. The first step is 
to provide poweroutlets and a good ground 
as described in a previous section. Be con- 
servative in estimating the number of 
power outlets for your installation; radio 
equipment has a habit of multiplying with 
time, so plan for the future at the outset. 


22.3 


Fig 22.6 illustrates a sample station lay- 
out. The rear of the operating table is 
spaced about 1'/2 ft from the wall to allow 
easy access to the rear of the equipment. 
This installation incorporates two separate 
operating positions, one for HF and one 
for VHF. When the operator is seated at 
the HF operating position, the keyer and 
transceiver controls are within easy reach. 
The keyer, keyer paddle and transceiver 
are the most-often adjusted pieces of 
equipment in the station. The speaker is 
positioned right in front of the operator for 
the best possible reception. Accessory 
equipment not often adjusted, including 
the amplifier, antenna switch and rotator 
control box, is located on the shelf above 
the transceiver. The SWR/power meter 
and clock, often consulted but rarely 
touched, are located where the operator 
can view them without head movement. 
All HF-related equipment can be reached 
without moving the chair. 

This layout assumes that the operator is 
right-handed. The keyer paddle is oper- 
ated with the right hand, and the keyer 
speed and transceiver controls are oper- 
ated with the left hand. This setup allows 
the operator to write or send with the right 
hand without having to cross hands to ad- 
just the controls. If the operator is left- 
handed, some repositioning of equipment 
is necessary, but the idea is the same. For 
best results during CW operation, the 
paddle should be weighted to keep it from 
*walking" across the table. It should be 
oriented such that the operator'sentire arm 
from wrist to elbow rests on the table top 
to prevent fatigue. 

Some operators prefer to place the sta- 
tion transceiver on the shelf to leave the 
table top clear for writing. This arrange- 
ment leads to fatigue from having an un- 
supported arm in the air most of the time. 
If you rest your elbows on the table top, 
they will quickly become sore. If you 
rarely operate for prolonged periods, how- 
ever, you may not be inconvenienced by 
having the transceiver on the shelf. The 
real secret to having a clear table top for 
logging, and so on, is to make the operat- 
ing table deep enough that your entire arm 
from elbow to wrist rests on the table with 
the front panels of the equipment at your 
fingertips. This leaves plenty of room for 
paperwork, even with a microphone and 
keyer paddle on the table. 

The VHF operating position in this sta- 
tion is similar to the HF position. The 
amplifier and power supply are located on 
the shelf. The station triband beam and 
VHF beam are on the same tower, so the 
rotator control box is located where it can 
be seen and reached from both operating 
positions. This operator is active on packet 


22.4 Chapter 22 


VN 


Fig 22.7—it was back to basics for 
Elias, K4IX, during a recent Field Day. 


De E- ete аа 


Fig 22.8—Richard, WB5DGR, uses a 
homebrew 1.5-kW amplifier to seek 
EME contacts from this nicely laid out 
station. 


Fig 22.9—Labels on the cables make it 
much easier to rearrange things in the 
station. Labeling ideas include masking 
tape, cardboard labels attached with 
string and labels attached to fasteners 
found on plastic bags (such as bread 
bags). 


radio on a local VHF repeater, so the com- 
puter, printer, terminal node controller and 
modem are al: clustered within easy reach 
of the VHF transceiver. 

This sample layout is intended to give 
you ideas for designing your own station. 
Study the photos of station layouts pre- 
sented here, in other chapters of this Hand- 
book and in QST. Visit the shacks of ama- 
teur friends to view their ideas. Station 
layout is always changing as you acquire 


new gear, dispose of old gear, change 
operating habits and interests or become 
active on different bands. Configure the 
station to suit your interests, and keep 
thinking of ways to refine the layout. 
Figs 22.7 and 22.8 show station arrange- 
ments tailored for specific purposes. 

Equipment that is adjusted frequently 
sits on the table top, while equipment re- 
quiring infrequent adjustment is perched 
on a shelf. All equipment is positioned so 
the operator does not have to move the 
chair to reach anything at the operating 
position. 


Aids for Hams with Disabilities 


A station used by an amateur with physi- 
cal disabilities or sensory impairments 
may require adapted equipment or particu- 
lar layout considerations. The station may 
be highly customized to meet the 
operator's needs or just require a bit of 
“tweaking.” 

The myriad of individual needs makes 
describing all of the possible adaptive 
methods impractical. Each situation must 
be approached individually, with consid- 
eration to the operator’s particular needs. 

However, many types of situations have 
already been encountered and worked 
through by others, eliminating the need to 
start from scratch in every case. 

An excellent resource is the Courage 
Handi-Ham System. The Courage Handi- 
Ham System, a part of the Courage Cen- 
ter, provides a number of services to hams 
(and aspiring hams) with disabilities. 
These include study materials, equipment 
loans, adapted equipment, a newsletter 
and much more. Information needed to 
reach the Courage Handi-Hams is in the 
References chapter. 


INTERCONNECTING YOUR 
EQUIPMENT 


Once you have your equipment and get 
it arranged, you will have to interconnect 
it all. No matter how simple the station, 
you will at least have antenna, power and 
microphone or key connections. Equip- 
ment such as amplifiers, computers, TNCs 
and so on add complexity. By keeping 
your equipment interconnections well or- 
ganized and of high quality, you will avoid 
problems later on. 

Often, ready-made cables will be avail- 
able. But in many cases you will have to 
make your own cables. A big advantage of 
making your own cables is that you can 
customize the length. This allows more 
flexibility in arranging your equipment 
and avoids unsightly extra cable all over 
the place. Many manufacturers supply 
connectors with their equipment along 
with pinout information in the manual. 


OMAT VI 


Fig 22.10—The back of this Ten-Tec Omni VI HF transceiver shows some of the 
many types of connectors encountered in the amateur station. Note that this 
variety is found on a single piece of equipment. (Photo courtesy AA8DX) 


This allows you to make the necessary 
cables in the lengths you need for your 
particular installation. 

Always use high quality wire, cables 
and connectors in your shack. Take your 
time and make good mechanical and elec- 
trical connections on your cable ends. 
Sloppy cables are often a source of trouble. 
Often the problems they cause are inter- 
mittent and difficult to track down. You 
can bet that they will crop up right in the 
middle of a contest or during a rare DX 
QSO! Even worse, a poor quality connec- 
tion could cause RFI or even create a fire 
hazard. A cable with a poor mechanical 
connection could come loose and short a 
power supply to ground or apply a voltage 
where it should not be. Wire and cables 
should have good quality insulation that is 
rated high enough to prevent shock 
hazards. 

Interconnections should be neatly 
bundled and labeled. Wire ties, masking 
tape or paper labels with string work well. 
See Fig 22.9. Whatever method you use, 
proper labeling makes disconnecting and 
reconnecting equipment much easier. 
Fig 22.10 illustrates the number of poten- 
tial interconnections in a modern, full- 
featured transceiver. 


Wire and Cable 


The type of wire or cable to use depends 
on the job at hand. The wire must be of 
sufficient size to carry the necessary cur- 
rent. Use the tables in the Component Data 
chapter to find this information. Never use 
underrated wire; it will be a fire hazard. Be 
sure to check the insulation too. For high- 
voltage applications, the insulation must be 
rated at least a bit higher than the intended 
voltage. A good rule of thumb is to use a 
rating at least twice what is needed. 

Use good quality coaxial cable of suffi- 
cient size for connecting transmitters, 


transceivers, antenna switches, antenna 
tuners and so on. RG-58 might be fine for 
a short patch between your transceiver and 
SWR bridge, but is too small to use be- 
tween your legal-limit amplifier and 
Transmatch. 

Hookup wire may be stranded or solid. 
Generally, stranded is a better choice since 
it is less prone to break under repeated 
flexing. Many applications 
shielded wire to reduce the chances of RF 
getting into the equipment. RG-174 is a 
good choice for control, audio and some 
low-power applications. Shielded micro- 
phone or computer cable can be used 
where more conductors are necessary. For 
more information, see the Transmission 
Lines chapter. 


Connectors 


While the number of different types of 
connectors is mind-boggling, many manu- 
facturers of amateur equipment use a few 
standard types. If you are involved in any 
group activities such as public service or 
emergency-preparedness work, check to 
see what kinds of connectors others in the 
group use and standardize connectors 
wherever possible. Assume connectors are 
not waterproof, unless you specifically 
buy one clearly marked for outdoor use 
(and assemble it correctly). 


Audio, Power and Control Connectors 


The simplest form of connector is found 
on terminal blocks. Although it is possible 
to strip the insulation from wire and wrap 
it around the screw, this method is not 
ideal. The wire tends to “squirm” out from 
under the screw when tightening, allow- 
ing strands to hang free, possibly shorting 
to other screws. 

Terminal lugs, such as those in Fig 
22.11, solve the problem. These lugs may 
be crimped (with the proper tool), soldered 
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Fig 22.11—The wires on one side of 
this terminal block have connectors; 
the others do not. The connectors 
make it possible to secure different 
wire sizes to the strip and also make it 
much easier to change things around. 


(A) 


(C) 


Fig 22.12—The plugs shown at A are 
often used to connect equipment to 
remote power supplies. The multipin 
connectors at B are used for control, 
signal and power lines. The DIN plug at 
C offers shielding and is often used for 
connecting accessories to transceivers. 


22.5 


or both. Terminal lugs are available in 
different sizes. Use the appropriate size 
for your wire to get the best results. 

Some common multipin connectors are 
shown in Fig 22.12. The connector in Fig 
22.12A is often referred to as a “Cinch- 
Jones connector.” It is frequently used for 
connections to power supplies from vari- 
ous types of equipment. Supplying from 
two to eight conductors, these connectors 
are keyed so that they go together only one 
way. They offer good mechanical and 
electrical connections, and the pins are 
large enough to handle high current. If 
your cable is too small for the strain relief 
fitting, build up the outer jacket with a few 
layers of electrical tape until the strain 
relief clamps securely. The strain relief 
will keep your wires from breaking away 
under flexing or from a sudden tug on the 
cable. 

The plug in Fig 22.12B is usually called 
a “molex” connector. This plug consists of 
an insulated outer shell that houses the 
individual male or female “fingers.” Each 
finger is individually soldered or crimped 
onto a conductor of the cable and inserted 
in the shell, locking into place. These con- 
nectors are used on many brands of amateur 
gear for power and accessory connections. 

Fig 22.12C shows a DIN connector. 
Commonly having five to eight pins, these 
connectors are a European standard that 
have found favor with amateur equipment 
manufacturers around the world. They are 
generally used for accessory connections. 
A smaller version, the Miniature DIN, is 
becoming popular. It is most often used in 
portable gear but can be found on some 
full-size equipment as well. 


The ARRL-Recommended 12-V Power 
Connector 


As mentioned above, it is very useful to 
have equipment used for emergency- 
preparedness and public service work 
share common connectors. A good choice 
for a 12-V power connector is the MOLEX 
Series 1545 connector. The ARRL Field 
Services Department recommends this 
connector for use in promoting compati- 
bility and interchangeability among VHF/ 
UHF equipment at disaster and public 
event sites. The 1545 connector is widely 
available and is rated at 25 V, 8 A. 

An in-line fuse between the power 
source and first connector is recom- 
mended. See Fig 22.13 for an illustration 
of the connector and recommended polar- 
ity. The polarity should always be verified 
prior to connecting equipment and power 
supplies. 

Various types of phone plugs are shown 
in Fig 22.14. The '/4-inch (largest) is usu- 
ally used on amateur equipment for head- 
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Fig 22.13—As a result of a study commissioned by the ARRL Volunteer 
Resources Committee, the Field Services Department is recommending the 
MOLEX Series 1545 connector for use in promoting compatibility and 
interchangeability among personal VHF/UHF radio equipment at disaster and 
public event sites. Polarity should always be verified prior to connecting radios 
and power supplies. The 1545 connector is rated at 25 V, 8 A. Wire size 
requirement is #18 AWG or greater. An in-line fuse between the power source and 
first connector is recommended. The connector is available at Radio Shack 


stores, part #274-222. 


phone and Morse key connections. They 
are available with plastic and metal bodies. 
The metal is usually a better choice because 
it provides shielding and is more durable. 

Fig 22.14 also shows the !/s-inch phone 
plug. These plugs, sometimes called min- 
iature phone plugs, are used for earphone, 
external speaker, key and control lines. 
There is also a subminiature (3/32-inch) 
phone plug that is not common on amateur 
gear. 

The phono, or RCA, plug shown in 
Fig 22.15 is popular among amateurs. It is 
used for everything from amplifier relay- 
control lines, to low-voltage power lines, 
to low-level RF lines, to antenna lines. 
Several styles are available, but the best 
choice is the shielded type with the screw- 


Fig 22.14—The phone-plug family. The 
1/a-inch type is often used for head- 
phone and key connections on amateur 
equipment. The three-circuit version is 
used with stereo headphones. The mini 
phone plug is commonly used for con- 
necting external speakers to receivers 
and transceivers. A submini-phone plug 
is shown in the foreground for 
comparison. The shielded style with 
metal barrel is more durable than the 
plastic style. 


Fig 22.15—Phono plugs have countless 
uses around the shack. They are small 
and shielded; the type with the metal 
body is easy to grip. Be careful not to 
use too much heat when soldering the 
ground (outer) conductor—you may 
melt the insulation. 


Fig 22.16—The four-pin mike connector 
is common on modern transmitters and 
receivers. More elaborate rigs use the 
eight-pin type. The extra conductors 
may be used for switches to remotely 
control the frequency or to power a 
preamplifier built into the mike case. 
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Fig 22.17—The PL-259, or UHF, connector is almost universal for amateur HF work and is popular for equipment operating in 
the VHF range. Steps A through E are described in detail in the text. 
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1. Strip cable — don't nick braid, dielectric or conductor. Slide їег- 
rule, then coupling ring on cable. Flare braid slightly by rotating 
conductor and dielectric in circular motion. 


ГЕ: 


TRIM CONDUCTOR AFTER ASSEMBLY 


2. Slide body on dielectric, barb going under braid until flange is 


against outer jacket. Braid will fan out against body flange. 3) Position adapter to dimension shown. Press 


braid down over body of adapter and trim to 
3/8". Bare 5/8" of conductor. Tin exposed 
center conductor. 


3. Slide nut over body. Grasp cable with hand and push ferrule over 
barb until braid is captured between ferrule and body flange. 
Squeeze crimp tip only of center contact with pliers; alternate-solder 
tip. 


PLUG ASSEMBLY 
SOLDER HOLE 


83-1SP (PL-259) PLUG WITH ADAPTERS 4) Screw the plug assembly on adapter. Solder 
(UG-176/U OR UG-175/U) braid to shell through solder holes. Solder con- 
ductor to contact sleeve. 


COUPLING RING ADAPTER 


1) Cut end of cable even. Remove vinyl jacket 


3/4" — don't nick braid. Slide coupling rin , 
and adapter оп cable. 9 ring 5) Screw coupling ring on plug assembly. 


Fig 22.18—Crimp-on connectors and adapters for use with standard PL-259 connectors are popular for connecting to RG-58 
and RG-59 type cable. (Courtesy Amphenol Electronic Components, RF Division, Bunker Ramo Corp) 


Station Setup and Accessory Projects 22.7 


on metal body. As with the phone plugs, 
the metal bodies provide shielding and are 
very durable. 

Nowhere is there more variation than 
among microphone connectors. Manufac- 
turers seem to go out of their way to use 
incompatible connectors! The most popu- 
lar types of physical connectors are the 
four- and eight-pin microphone connec- 
tors shown in Fig 22.16. The simplest con- 
nectors provide three connections: audio, 
ground and push-to-talk (PTT). More 
complex connectors allow for such things 
as control lines from the microphone for 
frequency changes or power to the micro- 


BNC CONNECTORS 


Standard Clamp 


Yar (АС-58/0) [— 71 
пн (RG-59/U} 


yne c 
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phone for a preamplifier. When connect- 
ing a microphone to your rig, especially an 
after-market one, consult the manual. Fol- 
low the manufacturer's recommendations 
for best results. 

If the same microphone will be used for 
multiple rigs with incompatible connec- 
tors, one or more adapters will be neces- 
sary. Adapters can be made with short 
pieces of cable and the necessary connec- 
tors at each end. 


RF Connectors 


There are many different types of RF 
connectors for coaxial cable, but the three 


Improved Clamp 


1. Cut cable and even. Strip jacket. Fray braid 
and strip dielectric. Don't níck braid or center 


conductor. Tin center conductor. 


NH 4 CLAMP 


"NUT “GASKET 
2. Taper braid. Slide nut, washer, gasket and 


clamp over braid. Clamp inner shoulder should 


fit squarely against end of jacket. 


£23 


3. With clamp in place, comb out braid, fold 
back smooth as shown. Trim center 
conductor. 


P 


SOLOER HOLE 


4. Solder contact on conductor through solder 


hole. Contact should butt against dielectric. 
Remover excess solder from outside of con- 
tact. Avoid excess heat to prevent swollen 
dielectric which would interfere with connec- 
tor body. 


5. Push assembly into body. Screw nut into 
body with wrench until tight. Don't rotate 
body on cable to tighten. 
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Follow 1, 2, 3 and 4 in BNC connectors (stan- 
dard clamp) except as noted. Strip cable as 
shown. Slide gasket on cable with groove fac- 
ing clamp. Slide clamp on cable with sharp 
edge facing gasket. Clamp should cut gasket 
to seal properly. 


most common for amateur use are the 
UHF, Type N and BNC families. The type 
of connector used for a specific job de- 
pends on the size of the cable, the fre- 
quency of operation and the power levels 
involved. 

The so-called UHF connector is found 
on most HF and some VHF equipment. It 
is the only connector many hams will ever 
see on coaxial cable. PL-259 is another 
name for the UHF male, and the female is 
also known as the SO-239. These connec- 
tors are rated for full legal amateur power 
at HF. They are poor for UHF work be- 
cause they do not present a constant 
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1) Foltow steps 1, 2 and 3 as outlined for the 
standard-clamp BNC connector. 


2) Slide on the bushing, rear insulator and 
contact. The parts must butt securely against 
each other, as shown. 


3) Solder the center conductor to the contact. 
Remove flux and excess solder. 


4) Slide the front insulator over the contact, 
making sure it butts against the contact 
shoulder. 

5) Insert the prepared cable end into the con- 
nector body and tighten the nut. Make sure 
that the sharp edge of the clamp seats proper- 
ly in the gasket. 


Fig 22.19—BNC connectors are common on VHF and UHF equipment at low power levels. (Courtesy Amphenol Electronic 
Components, RF Division, Bunker Ramo Corp) 
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impedance, so the UHF label is a mis- 
nomer. PL-259 connectors are designed to 
fit RG-8 and RG-11 size cable (0.405-inch 
OD). Adapters are available for use with 
smaller RG-58, RG-59 and RG-8X size 


cable. UHF connectors are not weather- 
proof. 

Fig 22.17 shows how to install the sol- 
der type of PL-259 on RG-8 cable. Proper 
preparation of the cable end is the key to 


success. Follow these simple steps. Mea- 
sure back about 7/s-inch from the cable end 
and slightly score the outer jacket around 
its circumference. With a sharp knife, cut 
through the outer jacket, through the braid, 


Type N assembly instructions 


CLAMP TYPES 


washer gasket clamp male contact plug body female contact jack body 


Connector 
Type 


N Plug 

N Panel Jack 

N Jack 

N Bulkhead Jack 
N Plug 8, 9, 144, 165, 213, 214, 216, 225 


82-202-1006 | N Plug Belden 9913 
82-835 N Angle Plug 8, 9, 87A, 144, 165, 213, 214, 216, 225 
18750 


N Plug 
[35028 — | N Jack 
[36500 — |NJack —— | 


Amphenol 
Number 


82-61 
82-62 
82-63 


Cable Strip Dims., inches (mm) 
RG-/U a I с 
8, 9, 144, 165, 213, 214, 216, 225 | .359(9.1) | .234(6.0) 


3127.9) | 18767 
8, 9, 87A, 144, 165, 213, 214, 216, 225 


.281(7.1) | .156(4.0) 
3590.1) | : 


58, 141, 142 


.375(9.5) | .187(4.7) 


59, 62, 71, 140, 210 
58, 141, 142 
59, 62, 71, 140, 210 


.410(10.4) 


.484(12.3) | .200(5.1) 


Place nut and gasket, with "V" groove toward clamp, over 
cable and cut off jacket to dim. a. 


Comb out braid and fold out. Cut off cable dielectric to 
dim. c as shown. 


Pull braid wires forward and taper toward center conductor. 
Place clamp over braid and push back against cable 
jacket. 


Fold back braid wires as shown, trim braid to proper length 
and form over clamp as shown. Solder contact to center 
conductor. 


Insert cable and parts into connector body. Make sure 
sharp edge of clamp seats properly in gasket. Tighten nut. 


Fig 22.20—Type N connectors are a must for high-power VHF and UHF operation. (Courtesy Amphenol Electronic 
Components, RF Microwave Operations) 
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Fig 22.21—Various computer 
connectors. 


Data Carrier Detect (DCD) 
Receive Data (RX) 
Transmit Data (TX) 

Data Terminal Ready (DTR) 
Signal Ground (GND) 

Data Set Ready (DSR) 
Request To Send (RTS) 
Clear To Send (CTS) 

Ring Indicator (RI) 


(A) 
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Description 

Earth Ground 

Transmit Data (TX) 
Receive Data (RX) 
Request To Send (RTS) 
Clear To Send (CTS) 

Data Set Ready (DSR) 
Signal Ground (GND) 

Data Carrier Detect (DCD) 
Data Terminal Ready (DTR) 
Ring Indicator (В!) 


(в) 


NNOANOUF WH 
2. 
o 


NO 
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Fig 22.22—The two most common 
implementations of EIA-232-D serial 
connections on personal computers 
use 9- and 25-pin connectors. 


and through the dielectric, right down to 
the center conductor. Be careful not to 
score the center conductor. Cutting 
through all outer layers at once keeps the 
braid from separating. Pull the severed 
outer jacket, braid and dielectric off the 
end of the cable as one piece. Inspect the 
area around the cut, looking for any 
strands of braid hanging loose and snip 
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them off. There won’t be any if your knife 
was sharp enough. Next, score the outer 
jacket about */:e-inch back from the first 
cut. Cut through the jacket lightly; do not 
score the braid. This step takes practice. If 
you score the braid, start again. Remove 
the outer jacket. 

Tin the exposed braid and center con- 
ductor, but apply the solder sparingly and 
avoid melting the dielectric. Slide the cou- 
pling ring onto the cable. Screw the con- 
nector body onto the cable. If you prepared 
the cable to the right dimensions, the cen- 
ter conductor will protrude through the 
center pin, the braid will show through the 
solder holes, and the body will actually 
thread onto the outer cable jacket. 

Solder the braid through the solder 
holes. Solder through all four holes; poor 
connection to the braid is the most com- 
mon form of PL-259 failure. A good con- 
nection between connector and braid is 
just as important as that between the cen- 
ter conductor and connector. Use a large 
soldering iron for this job. With practice, 
you'll learn how much heat to use. If you 
use too little heat, the solder will bead up, 
not really flowing onto the connector 
body. If you use too much heat, the dielec- 
tric will melt, letting the braid and center 
conductor touch. Most PL-259s are nickel 
plated, but silver-plated connectors are 
much easier to solder and only slightly 
more expensive. 

Solder the center conductor to the cen- 
ter pin. The solder should flow on the in- 
side, not the outside, of the center pin. If 
you wait until the connector body cools 
off from soldering the braid, you'll have 
less trouble with the dielectric melting. 
Trim the center conductor to be even with 
the end of the center pin. Use a small file 
to round the end, removing any solder that 
built up on the outer surface of the center 
pin. Usea sharp knife, very fine sandpaper 
or steel wool to remove any solder flux 
from the outer surface of the center pin. 
Screw the coupling ring onto the body, and 
you're finished. 

Fig 22.18 shows two options available 
if you want to use RG-58 or RG-59 size 
cable with PL-259 connectors. The crimp- 
on connectors manufactured specially for 
the smaller cable work very well if in- 
stalled correctly. The alternative method 
involves using adapters for the smaller 
cable with standard RG-8 size PL-259s. 
Prepare the cable as shown. Once the braid 
is prepared, screw the adapter into the 
PL-259 shell and finish the job as you 
would a PL-259 on RG-8 cable. 

The BNC connectors illustrated in Fig 
22.19 are popular for low power levels at 
VHF and UHF. They accept RG-58 and 
RG-59 cable, and are available for cable 


mounting in both male and female 
versions. Several different styles are avail- 
able, so be sure to use the dimensions for 
the type you have. Follow the installation 
instructions carefully. If you prepare the 
cable to the wrong dimensions, the center 
pin will not seat properly with connectors 
of the opposite gender. Sharp scissors are 
a big help for trimming the braid evenly. 

The Type N connector, illustrated in 
Fig 22.20, is a must for high-power VHF 
and UHF operation. N connectors are 
available in male and female versions for 
cable mounting and are designed for 
RG-8 size cable. Unlike UHF connectors, 
they are designed to maintain a constant 
impedance at cable joints. Like BNC con- 
nectors, it is important to prepare the cable 
to the right dimensions. The center pin 
must be positioned correctly to mate with 
the center pin of connectors of the opposite 
gender. Use the right dimensions for the 
connector style you have. 


Computer Connectors 


As if the array of connectors related to 
amateur gear were not enough, the preva- 
lence of the computer in the shack has 
brought with it another set of connectors 
to consider. Most connections between 
computers and their peripherals are made 
with some form of multiconductor cable. 
Examples include shielded, unshielded 
and ribbon cable. Common connectors 
used are the 9- and 25-pin D-Subminia- 
ture connector, the DIN and Miniature 
DIN and the 36-pin Amphenol connector. 
Various edge-card connectors are used 
internally (and sometimes externally) on 
many computers. Fig 22.21 shows a vari- 
ety of computer connectors. 


EIA-232 Serial Connections 


The serial port on a computer is argu- 
ably the most used, and often most trouble- 
some, connector encountered by the ama- 
teur. The serial port is used to connect 
modems, TNCs, computer mice and some 
printers to the computer. As the name 
implies, the data is transmitted serially. 

The EIA-232-D (commonly referred to 
as RS-232) standard defines a system used 
to send data over relatively long distances. 
Itis commonly used to send data anywhere 
from a few feet to 50 feet or more. The 
standard specifies the physical connection 
and signal lines. The serial ports on most 
computers comply with the EIA-232-D 
standard only to the degree necessary to 
operate with common peripherals. Fig 
22.22 shows the two most common con- 
nectors used for computer serial ports. A 
9-pin connector can be adapted to a 25-pin 
by connecting like signals. Earth ground 
is not provided in the 9-pin version. 


Equipment connected via EIA-232-D is 


usually classified in one of two ways: DTE 
(data terminal equipment) or DCE (data 
communication equipment). Terminals 
and computers are examples of DTE, 
while modems and TNCs are DCE. 

The binary data is represented by spe- 
cific voltage levels on the signal line. The 
EIA-232-D standard specifies that a bi- 


nary one is represented by a voltage rang- | 


ing from—3 to—25 V. A binary zero ranges 
from 3 to 25 V. +12 V is a common level 
' in many types of equipment, but anything 


within the specified ranges is just as valid. 


"The RTS (request to send), CTS (clear 
to send), DTR (data terminal ready) and 
DSR (data set ready) lines are used for 


handshaking signals. These signals are’ ` 


used to coordinate the communication 
between the DTE and DCE. The RTS and 
DTR line are üsed by the DTE to indicate 
to the DCE that it is ready to receive data 
from the DCE. The DCE uses the CTS/ 
DSR lines to signal the DTE as to whether 


or not it is ready to accept data. DCD (data 


carrier detect) is also sometimes used by 
the DCE to signal the DTE that an active 
carrier is present on the communication 


7 ` Jine. А +12-У signal represents an active 


handshaking signal. The equipment 
“drops” the line to -12 V when it is unable 
to receive data. ЖЕЛ 
You may notice that the name “ready to 
send” is sort of a misnomer for the DTE 
since it actually uses it to signal that it is 
ready to receive. This is a leftover from 
when communication was mostly one- 
way—DTE to DCE. Note also that the sig- 
nal names reaily only make sense from the 
: DTE point of view. For example, pin 2 is 
called TD on both sides, even though the 
DCE is receiving data on that pin. This 
is another example of this one-way 
` terminology. zn 
< It would be much too simple if all 
serial devices implemented all of the 
EIA-232-D specifications. Some equip- 
ment ignores some or all of the hand- 
shaking signals. Other equipment expects 
handshaking signals to be used as speci- 


fied. Connecting these two types of equip- . 


ment together will result in a frustrating 
situation. One side will blindly send data 


while the other side blindly ignores all data 


‚ sent to it! 1 `o 
. Fig 22.23 shows the different possible 
ways to connect equipment. Fig 22.23A 


shows how to connect a “normal” DTE/ 
DCE combination. This assumes both. 


sides correctly implement all of the hand- 
shaking signals. If one or both sides ig- 
nore handshaking signals, the connections 


shown in Fig 22.23B will be necessary. In: 


this scheme, each side is sending the 


handshaking signals to itself. This little 


Fig 22.23—EIA-232-Dserial `- :.`. 


: connections for normal DTE/DCE (A) 


and those that ignore handshaking (B). . 


- 


bit of deceit will almost always work, but 
handshaking signals that are present will 
be ineffective. P 


Null Modem Connections | 


Some equipment does not fall com- 
pletely іп the DTE or DCE category. Some 
serial printers, for example, act as DCE 
while others act as DTE. Whenever a DTE/ 
DTE or DCE/DCE connection is needed a 
special connection, known as a null 


. modem connection, must be made. An 
-example might be connecting two com- 
puters together so they can transmit data: 
back and forth. A null modem connection 


simply crosses the signal and handshaking 


"lines. Fig 22.24 shows a.normal null 


modem connection (A) and one for equip- 
ment that ignores handshaking (B). 
Parallel Connections 


Another common computer port is the 
parallel port. The most popular use for the 


parallel port by far is for printer connec- ` 


tions. As the name implies, data is sent in 


_a parallel fashion. There are eight data 
lines accompanied by a number of control 
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` Fig 22.24—Е!А-232-О null mode 
serial connection. Т 


and handshaking lines. А parallel printer 
connection typically uses a 25-pin D-Sub- 
miniature connector at the computer end 
and a 36-pin Amphenol connector (often 
called an Epson connector) on the printer. 


Connecting Computers to Amateur 
Equipment 
Most modern transceivers provide a 
serial connection that allows external con- 
.trol of the rig, typically with a computer. 
Commands sent over this serial control | 
line can cause the rig to change frequency, 
: mode and other parameters. Logging and 
. contest software running on the computer 
often takes advantage of this capability. 
The serial port of most radios operates 
with the TTL signal levels of 0 V for a 
binary. O and 5 V for a binary 1. This is 
incompatible with the +12 V of the serial 
port on the computer. Forthis reason, level 
shifting is required to connect the radio to 
the computer. З | 
А couple of level shifter projects appear 
in the projects section at the end of this 
chapter. One of these two examples will 
work in most rig control situations, al- 
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s 


Fig 22.25—The basic two-wire bus 
system that ICOM and some Ten-Tec 
radios share among several radios and 
computers. In its simplest form, the 
network would include only one radio 
and one computer. 


though some minor modifications may be 
necessary. Use the manual and technical 
documentation to find out what signals 
your radio requires and choose the circuit 
that fits the bill. The important factors to 
note are whether handshaking is imple- 
mented and what polarity the radio expects 
for the signals. In some cases, a 5-V level 
represents a logic 1 (active high) and in 
others a logic 0 (active low). 


CSMA/CD Bus 


Some equipment, notably ICOM rigs 
with the CI-V interface and recent 
Ten-Tec gear, use a CSMA/CD (carrier- 
sense multiple access/collision detect) bus 
that can interconnect a number of radios 
and computers simultaneously. This bus 
basically consists of a single wire, on 
which the devices transmit and receive 
data, and a ground wire. Fig 22.25 illus- 
trates the CSMA/CD scheme. 

Each device connected to the bus has its 
own unique digital address. A radio comes 
from the manufacturer with a default 
address that can be changed if desired, 
usually by setting dip switches inside the 
radio. Information is sent on the bus in the 
form of packets that include the control 
data and the address of the device (radio or 
computer) for which they are intended. A 
device receives every packet but only acts 
on the data when its address is embedded 
in the packet. 

A device listens to the bus before trans- 
mitting to make sure it is idle. A problem 
occurs when both devices transmit on the 
bus at the same time: They both listen, hear 
nothing and start to send. When this hap- 
pens, the packets garble each other. This is 
known as a collision. That is where the 
CSMA/CD bus collision-detection feature 
comes in: The devices detect the collision 
and each sender waits a random amount of 
time before resending. The sender waiting 
the shorter random time will get to send first. 
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BTI 


9v 
to - 
negative—only li 
switch 
0.01 


to 
positive—only 
Switch 


to 
positive 
line 


to 
negative 
line 


Fig 22.26—Level-shifter circuits for opposite input and output polarities. At A, from 
a negative-only switch to a positive line; B, from a positive-only switch to a 


negative line. 

BT—9-V transistor-radio battery. 

D1—15-V, 1-W Zener diode (1N4744 or 
equiv). 

Q1—IRF620. 


to 
positive—only 
switch 


to 
negative—only 
switch 


Q2—IRF220 (see text). 
R1—100 Q, 10%, 1/4 W. 
R2—10 КО, 10%, '/4 W. 


to 
positive 
line 


to 
negative 
line 


Fig 22.27— Circuits for same-polarity level shifters. At A, for positive-only 
switches and lines; B, for negative-only switches and lines. 


BT1—9-V transistor-radio battery. 

D1—15-V, 1-W Zener diode (1N4744 or 
equiv). 

Q3—IRF620. 

Q4—IRF220 (see text). 


R1—10 КО, 10%, 1/4 W. 

U1—CD4049 CMOS inverting hex 
buffer, one section used (unused 
sections not shown; pins 5, 7, 9, 11 
and 14 tied to ground). 


Computer/TNC Connections 


TNCs (terminal node controllers) also 
connect to the computer (or terminal) via 
the serial port. A TNC typically imple- 
ments handshaking signals. Therefore, a 
connector like the one in Fig 22.23A will 
be necessary. Connectors at the TNC end 
vary with manufacturer. The docu- 
mentation included with the TNC will pro- 
vide details for hooking the TNC to the 
computer. 


DOCUMENTING YOUR STATION 


An often neglected but very important 
part of putting together your station is 
properly documenting your work. Ideally, 
you should diagram your entire station 
from the ac power lines to the antenna on 
paper and keep the information in a spe- 
cial notebook with sections for the various 
facets of your installation. Having the sta- 


tion well documented is an invaluable aid ` 


when tracking down a problem or plan- 
ning a modification. Rather than having to 
search your memory for information on 
what you did a long time ago, you'll have 
the facts on hand. 

Besides recording the interconnections 
and hardware around your station, you 
should also keep track of the performance 
of your equipment. Each time you install a 
new antenna, measure the SWR at differ- 
ent points in the band and make a table or 
plot a curve. Later, if you suspect a prob- 
lem, you'll be able to look in your records 
and compare your SWR with the original 
performance. 

In your shack, you can measure the 
power output from your transmitter(s) and 
amplifier(s) on each band. These measure- 


ments will be helpful if you later suspect 
you have a problem. If you have access to 
a signal generator, you can measure re- 
ceiver performance for future reference. 


INTERFACING HIGH-VOLTAGE 
EQUIPMENT TO SOLID-STATE 
ACCESSORIES 


Many amateurs use a variety of equip- 
ment manufactured or home brewed over 
a considerable time period. For example, a 
ham might be keying a '60s-era tube rig 
with a recently built microcontroller- 
based electronic keyer. Many hams have 
modern solid-state radios connected to 
high-power vacuum-tube amplifiers. 

Often, there is more involved in con- 
necting HV (high-voltage) vacuum-tube 
gear to solid-state accessories than a cable 
and the appropriate connectors. The solid- 
state switching devices used in some 
equipment will be destroyed if used to 
switch the HV load of vacuum tube gear. 
The polarity involved is important too. 
Even if the voltage is low enough, a key- 
line might bias a solid-state device in such 
a way as to cause it to fail. What is needed 
is another form of level converter. 


MOSFET Level Converters 


While relays can often be rigged to in- 
terface the equipment, their noise, slow 
speed and external power requirement 
make them an unattractive solution in 
some cases. An alternative is to use power 
MOSFETs. Capable of handling substan- 
tial voltages and currents, power 
MOSFETs have become common design 
items. This has made them inexpensive 
and readily available. 

Nearly all control signals use a common 
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ground as one side of the control line. This 
leads to one of four basic level-conversion 
scenarios when equipment is intercon- 
nected: 

1) A positive line must be actuated by a 
negative-only control switch. 

2) A negative line must be actuated by a 
positive-only control switch. 

3) A positive line must be actuated by a 
positive-only control switch. 

4) A negative line must be actuated by a 
negative-only control switch. 

In cases 3 and 4 the polarity is not the 
problem. These situations become impor- 
tant when the control-switching device is 
incapable of handling the required open- 
circuit voltage or closed-circuit current. 

Case 1 can be handled by the circuit in 
Fig 22.26A. This circuit is ideal for inter- 
facing keyers designed for grid-block key- 
ing to positive CW key lines. A circuit 
suitable for case 2 is shown in Fig 22.26B. 
This circuit is simply the mirror image of 
that in Fig 22.26A with respect to circuit 
polarity. Here, a P-channel device is used 
to actuate the negative line from a posi- 
tive-only control switch. 

Cases 3 and 4 require the addition of an 
inverter, as shown in Fig 22.27. The in- 
verter provides the logic reversal needed 
to drive the gate of the MOSFET high, 
activating the control line, when the con- 
trol switch shorts the input to ground. 

Almost any power MOSFET can be 
used in the level converters, provided the 
voltage and current ratings are sufficient 
to handle the signal levels to be switched. 
A wide variety of suitable devices is avail- 
able from most large mail-order supply 
houses. 
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Mo»sile and Portable 


Time and again, radio amateurs have 
been pressed into service in times of need. 
New developments outside of Amateur 
Radio (cellular phones, for example) often 
bring with them predictions that amateurs 
will no longer be needed to provide emer- 
gency communications. Just as often, a 
disaster proves beyond doubt the falseness 
of that exclamation. When the call for 
emergency communication is voiced by 
government and disaster relief organiza- 
tions, mobile and portable equipment is 
pressed into service where needed. In ad- 
dition to the occasional emergency or 
disaster type of communications, mobile 
and portable operation under normal 
conditions can challenge and reward the 
amateur operator. 

Most mobile operation today is carried 
out by means of narrow-band repeaters. 
Major repeater frequencies reside in the 
146 and 440-MHz bands. As these bands 
become increasingly congested, the 222 
and 1240-MHz bands are being used for 
this reliable service mode as well. Many 
amateurs also enjoy mobile and portable 
HF operation because of the challenge and 
possibilities of worldwide communication. 


MOBILE STATIONS 


Installation and setup of mobile equip- 
ment can be considerably more challeng- 
ing than for a fixed station. Tight quarters, 
limited placement options and harsher 
environments require innovation and at- 
tention to detail for a successful installa- 
tion. The equipment should be placed so 
that operation will not interfere with driv- 
ing. Driving safely is always the primary 


[Insta]. ations 
consideration; operating radio equipment 
is secondary. See Fig 22.28 for one neat 
solution. If your vehicle has an airbag, be 
sure it can deploy unimpeded. 

Mobile operation is not confined to 
lower power levels than in fixed stations. 
Many modern VHF FM transceivers are 
capable of 25 to 50 W of output. Compact 
HF rigs usually have outputs in the 100-W 
range and run directly from the 13.6-V 
supply. 

If a piece of equipment will draw more 
than a few amps, it is best to run a heavy 
cable directly to the battery. Few circuits 
in an automobile electrical system can 
safely carry the more than 20 A required 
for a 100-W HF transceiver. Check the 
table in the Component Data chapter to 
verify the current handling capabilities of 
various gauges of wire and cable. 
Adequate and well-placed fuses are 
necessary to prevent fire hazards. For 
maximum safety, fuse both the hot and 
ground lines near the battery. Automobile 
fires are costly and dangerous. 

The limited space available makes 
antennas for mobile operation quite 
different than those for fixed stations. This 
is especially true for HF antennas. The 
Antennas chapter contains information 
for building and using mobile antennas. 


Interference 


In the past, interference in mobile in- 
stallations almost always concerned inter- 
ference to the radio equipment. Examples 
include ignition noise and charging-sys- 
tem noise. Modern automobiles—packed 
with arrays of sensors and one or more on- 


Fig 22.28—N8KDY removed the ashtray for his mobile installation. The old 
faceplate for the ashtray is used as a cover for the rig when not in use. This may 
help reduce the temptation for would-be thieves. (Photo courtesy AA8DX) 
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board computers—have made interfer- 
ence a two-way street. The original type of 
interference (to the radio) has also in- 
creased with the proliferation of these 
devices. An entire chapter in the ARRL 
publication Radio Frequency Interfer- 
ence: How to Find It and Fix It, is devoted 
to ways to prevent and cure this problem. 


PORTABLE STATIONS 


Many amateurs experience the joys of 
portable operation once each year in the 
annual emergency exercise known as Field 
Day. Setting up an effective portable sta- 
tion requires organization, planning and 
some experience. For example, some 
knowledge of propagation is essential to 
picking the right band or bands for the 
intended communications link(s). Por- 
table operation is difficult enough without 
dragging along excess equipment and an- 
tennas that will never be used. 

Some problems encountered in portable 
operation that are not normally experi- 
enced in fixed-station operation include 
finding an appropriate power source and 
erecting an effective antenna. The equip- 
ment used should be as compact and light- 
weight as possible. A good portable setup 
is simple. Although you may bring gobs of 
gear to Field Day and set it up the day 
before, during a real emergency speed is 
of the essence. The less equipment to set 
up, the faster it will be operational. 


Portable AC Power Sources 


There are two popular sources of ac 
power for use in the field. One is referred 
to as a dc-to-ac converter, or more com- 
monly, an inverter. The ac output of an 
inverter is a square wave. Therefore, some 
types of equipment cannot be operated 
from the inverter. Certain types of motors 
are among those devices that require a 


Fig 22.34—Photograph of a commercial 
dc-to-ac inverter that operates from 6 
to 12 V dc and delivers 120 V ac 
(square wave) at 175 W. 


sine-wave output. Fig 22.34 shows a 
typical commercial inverter. This model 
delivers 120 V of ac at 175 W continuous 
power rating. It requires 6 or 12 V dc input. 

Besides having a square-wave output, 
inverters have some other traits that make 
them less than desirable for field use. Com- 
monly available models do not provide a 
great deal of power. The 175-W model 
shown in Fig 22.34 could barely power a 
few light bulbs, let alone a number of trans- 
ceivers. Higher-power models are avail- 
able but are quite expensive. Another prob- 
lem is that the batteries supplying the 
inverter with primary power are discharged 
as power is drawn from the inverter. 

Popularity and a number of competing 
manufacturers have caused gasoline 
generators to come down considerably in 
price. For a reliable, adequate source of ac 
(with sine-wave output), the gasoline-en- 
gine-driven generator is the best choice. 
(While still referred to as generators, prac- 
tically all modern units actually use alter- 
nators to generate ac power.) Generators 
have become smaller and lighter as manu- 
facturers have used aluminum and other 
lightweight materials in their construc- 
tion. Fig 22.35 shows the type of genera- 
tor often used during Field Day. 

Generators in the 3 to 5-kW range are 
easily handled by two people and can 
provide power for a relatively large 
multioperator field site. Most generators 
provide 12 V dc output in addition to 
120/240 V ac. 


Generator Maintenance 


Proper maintenance is necessary to 
obtain rated output and a decent service 
life from a gasoline generator. A number 
of simple measures will prolong the life 


of the equipment and help maintain . 


reliability. 

Itis a good idea to log the dates the unit 
is used and the operating time in hours. 
Many generators have hour-meters to 
make this simple. Include dates of mainte- 
nance and the type of service performed. 
The manufacturer's manual should be the 
primary source of maintenance infor- 
mation and the final word on operating 
procedures and safety. The manual should 
be thoroughly covered by all persons who 
will operate and maintain the unit. 

Particular attention should be paid to 
fuel quality and lubricating oil. A typical 
gasoline generator is often used at or near 
its rated capacity. The engine driving the 
alternator is under a heavy load that varies 
with the operation of connected electrical 
equipment. For these reasons, the de- 
mands on the lubricating oil are usually 
greater than for most gasoline-engine 
powered equipment such as lawn mowers, 


tractors and even automobiles. Only the 
grades and types of oil specified in the 
manual should be used. The oil should be 
changed at the specified intervals usually 
given as a number of operating hours. 

Fuel should be clean, fresh and of good 
quality. Many problems with gasoline 
generators are caused by fuel problems. 
Examples include dirt or water in the fuel 
and old, stale fuel. Gasoline stored for any 
length of time changes as the more vola- 
tile components evaporate. This leaves 
excess amounts of varnish-like substances 
that will clog carburetor passages. If the 
generator will be stored for a long period, 
itis a good idea to run it until all of the fuel 
is burned. Another option is the use of fuel 
stabilizers added to the gasoline before 
storage. 

Spark plugs should be changed as speci- 
fied. Faulty spark plugs are a common 
cause of ignition problems. A couple of 
spare spark plugs should always be kept 
with the unit, along with tools needed to 
change them. Always use the type of spark 
plug recommended by the manufacturer. 


Generator Ground 


A proper ground for the generator is 
absolutely necessary for both safety rea- 
sons and to ensure proper operation of 
equipment powered from the unit. Most 
generators are supplied with a three-wire 
outlet, and the ground should connect to 
the plug as shown in Fig 22.36. Some 
generators require that the frame be 
grounded also. An adequate pipe or rod 
should be driven into the ground near 
the generator and connected to the pro- 
vided clamp or lug. If no connection is 
provided, a clamp can be used to connect 
the ground lead to the frame of the genera- 
tor. As always, follow the manufacturer's 
recommendations. 


Portable Antennas 


An effective antenna system is essential 
to all types of operation. Effective portable 
antennas, however, are more difficult to 
devise than their fixed-station counter- 
parts. A portable antenna must be light, 
compact and easy to assemble. It is also 
important to remember that the portable 
antenna may be erected ata variety of sites, 
not all of which will offer ready-made 
supports. Strive for the best antenna 
system possible because operations in the 
field are often restricted to low power by 
power supply and equipment con- 
siderations. Some antennas suitable for 
portable operation are described in the 
Antennas chapter. 


Antenna Supports 
While some amateurs have access to a 
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Fig 22.35—Modern gasoline engine- 
powered generators offer considerable 
ac power output in a relatively compact 
and lightweight package. 


CIRCUIT 
BREAKER 


Fig 22.36—A simple accessory that 
provides overload protection for 
generators that do not have such 
provisions built in. 


truck or trailer with a portable tower, 
most are limited to what nature supplies, 
along with simple push-up masts. Se- 
lect a portable site that is as high and 
clear as possible. Elevation is especially 
important if your operation involves 
VHF. Trees, buildings, flagpoles, tele- 
phone poles and the like can be pressed 
into service to support wire antennas. 
Drooping dipoles are often chosen over 
horizontal dipoles because they require 
only one support. 
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1 ROTATOR 
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GUYS (3 PAIRS) 
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LADDER 


MAST HEIGHT 


HOLE IN GROUND TO KEEP 
BASE FROM "WALKING" 


Fig 22.38—An aluminum extension ladder makes a simple but sturdy portable 
antenna support. Attach the antenna and feed lines to the top ladder section while 
it is nested and laying on the ground. Push the ladder vertical, attach the bottom 
guys and extend the ladder. Attach the top guys. Do not attempt to climb this type 


of antenna support. 


An aluminum extension ladder makes 
an effective antenna support, as shown in 
Fig 22.38. In this installation, a mast, ro- 
tator and beam are attached to the top of 
the second ladder section with the ladder 
near the ground. The ladder is then pushed 
vertical and the lower set of guy wires at- 
tached to the guy anchors. When the first 
set of guy wires is secured, the ladder may 
be extended and the top guy wires attached 
to the anchors. Do not attempt to climb a 
guyed ladder. 

Figs 22.39 and 22.40 illustrate two 
methods for mounting portable antennas 
described by Terry Wilkinson, WA7LYI. 
Although the antennas shown are used for 
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VHF work, the same principles can be 
applied to small HF beams as well. 

In Fig 22.39, a 3-ft section of Rohn 25 
tower is welded to a pair of large hinges, 
which in turn are welded to a steel plate 
measuring approximately 18x30 inches. 
One of the rear wheels of a pickup truck 
is "parked" on the plate, ensuring that it 
will not move. In Fig 22.39, quad array 
antennas for 144 and 222 MHz are 
mounted on a Rohn 25 top section, com- 
plete with rotator and feed lines. The 
tower is then pushed up into place using 
the hinges, and guy ropes anchored to 
heavy-duty stakes driven into the ground 
complete the installation. This method of 


(B) 


Fig 22.39—The portable tower 
mounting system by WA7LYI. At A, a 
truck is “parked” on the homemade 
base plate to weigh it down. At B, the 
antennas, mast and rotator are 
mounted before the tower is pushed 
up. Do not attempt to climb a 
temporary tower installation. 


portable tower installation offers an ex- 
ceptionally easy-to-erect, yet sturdy, an- 
tenna support. Towers installed in this 
manner may be 30 or 40 ft high; the lim- 
iting factor is the number of “pushers” 
and "rope pullers" needed to get into the 
air. A portable station located in the bed 
of the pickup truck completes the instal- 
lation. 

The second method of mounting por- 
table beams described by WA7LYI is 
shown in Fig 22.40. This support is 
intended for use with small or medium- 
sized VHF and UHF arrays. The tripod 
is available from any dealer selling 
television antennas; tripods of this type are 
usually mounted on the roof of a house. 
Open the tripod to its full size and drive a 
pipe into the ground at each leg. Use a 
hose clamp or small U-bolt to anchor each 
leg to its pipe. 

The rotator mount is made from a 
6-inch-long section of 1!/-inch-diameter 
pipe welded to the center of an ^X" made 
from two 2-ft-long pieces of concrete re- 
inforcing rod (rebar). The rotator clamps 
onto the pipe, and the whole assembly is 
placed in the center of the tripod. Large 
rocks placed on the rebar hold the rotator 
in place, and the antennas are mounted on 
a 10 or 15-ft mast section. This system is 
easy to make and set up. 


(A) 


| Fig 22.40—The portable mast and tripod by WA7LYI. At A, the tripod is clamped to stakes driven into the ground. The rotator 
is attached to a homemade pipe mount. At B, rocks piled on the rotator must keep the rotator from twisting and add weight 


to stabilize the mast. At 
at the top. . 


\ 


Tips for Portable Antennas 


Any of the antennas described in the 
Antennas chapter or available from 
commercial manufacturers may be used 
for portable operation. Generally, though, 
big or heavy antennas should be passed 

‚ over in favor of smaller arrays. The couple 
of decibels of gain a 5-element, 20-m 
beam may have over a 3-element version 
is insignificant compared to the mech- 
anical considerations. Stick with arrays 


(B) 


of reasonable size that are easily as- 


sembled. М 
Wire antennas should be cut to size and 
tuned prior to their use in the field. Be 
careful when coiling these antennas for 
transport, or you may end up with a tangled 
mess when you need an antenna in a hurry. 
The coaxial cable should be attached to 
the center insulator with a connector for 
speed‘in assembly. Use RG-58 for the low 
bands and RG-8X for higher-band anten- 


i 


(С) 


С, а 10-ft mast is inserted into the tripod/rotator base assembly. Four 432-MHz Quagis are mounted 


_nas: Although these cables exhibit higher 


` loss than standard RG-8, they are far more 


compact and weigh much less 
length. я 

Beam antennas should be assembled 
and tested before taking them afield. Break 
„the beam into as few pieces as necessary 


for a given 


^ for transportation and mark. each joint 


for speed in reassembly. Hex nuts can be 
replaced with wing nuts to reduce. the 
number of tools necessary. 
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A KEYER FOR YOUR RIG OR SHACK 


This single-IC electronic keyer will fill 
just about any need you have for a keyer. 
Build “The Simplest Possible Keyer Cir- 
cuit” version into your next QRP project or 
add it to your rig. Select the features you 
want. You can have a sidetone with vari- 
able pitch and volume, variable weighting, 
A or B-type iambic keying (more about this 
later) and even a meter to read the keying 
speed! The result is a quality, flexible key- 
ing system with a minimum of additional 
components. This project was built by 
Larry Wolfgang, МКІВ. 


The Curtis Chip 


This project uses the latest Curtis keyer 
IC, the 8044ABM. This CMOS IC is a com- 
plete keyer in a 20-pin DIP package. Internal 
circuitry provides a keyer sending-speed sig- 
nal for display with a meter and a few exter- 
nal components. The IC features contact 
debouncing, RF immunity and self-complet- 
ing character generation. A weight control, 
sidetone output and dot memory are also 
available. The memory function helps to pre- 
vent dot loss if the operator leads the keyer. 
With a quiescent current drain of about 50 
HA, an on/off switch is not required for the 
simplest keyer version. 

You can select either A- or B-type iam- 
bic — squeeze — keying. (Of course you 
can also use single-lever — nonsqueeze — 
keying.) With A-type keying, a dot or dash 
being sent when the paddles are released is 
completed, and nothing else is sent. With 
B-type keying, the IC completes the dot or 
dash being sent upon paddle release, and 
then sends an opposite element; that is, a 
dot after a dash and a dash after a dot. 

Suppose you wanted to send the letter N. 
If you select A-type keying you will 
squeeze first on the dash side and then on 
the dot side. When you release the paddles 
nothing will be sent after the dot. B-Type 
keying is slightly less work. Squeeze the 
dash side, and if you release the paddle 
while the dash is being sent the following 
dot will automatically be sent. To send a 
single dash you must release the paddle 
after the dash has been completed. 

Your choice of iambic keying type will 
probably depend on the method you first 
learned to use. Some operators find that 
the B-type keying requires less effort to 
produce certain characters, such as a pe- 
riod or the letter C. The proper timing for 
release of the paddles is only half the win- 
dow for A-type keying, however. If you' ve 
learned to send with a keyer that uses type 
B, stick with it. If you've never used an 
electronic keyer, it is probably easier to 
learn to send with A-type keying. 


Planning Your Keyer 
Fig 22.41 shows the schematic diagram 
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of a keyer with all options included. You 
may find it helpful to redraw the diagram, 
showing only those components necessary 
for the features you wish to include in your 
keyer. For example, if you are not inter- 
ested in the speed meter, then omit the cir- 
cuitry associated with pin 12 of the IC. If 
you want only A-type keying, wire pin 8 to 
ground instead of including S8. For only 
B-type keying, wire pin 8 to the positive 
supply voltage. 

The 8044ABM IC is available from sev- 
eral sources. Mouser Electronics and Ocean 
State Electronics both carry the chip. The 
resistors, capacitors, switches and other com- 
ponents required to complete the project are 
available from these and other sources. In 
addition, Jade Products has a complete kit of 
parts and a circuit board. You can select the 
options you need with the Jade kit. For ex- 
ample, you can add positive or negative key- 
ing options and weight control with an op- 
tions kit. The meter option includes a small 
200 pA meter and the necessary resistors and 
capacitors, along with a computer program 
for MS Word and MS Paint on disk that will 
print a new meter face if you are building the 
kit for a different speed range than the origi- 
nal design. 

The schematic diagram shows a rather 
complex switching scheme to select either 
positive or negative keying output. If you 
wantto build your keyer for only one or the 
other type of keying, you can simplify the 
construction by omitting the four-pole, 
double-throw switch, S1, and either Q3 or 
Q4 with their accompanying resistors. 

There are a number of construction op- 
tions. FAR Circuits sells a circuit board for 
the “Simplest Possible Keyer Circuit." If 
you want to search your junkbox for most of 
the parts, Jade Products offers just the circuit 
board for the complete keyer. A template 
package of etching patterns and parts- 
placement diagrams is available from the 
ARRL Technical Secretary.’ The circuit 
board for the complete keyer is double sided. 

Curtis Electro Devices once offered cir- 
cuit boards and parts kits for the complete 
keyer project. These are no longer avail- 
able, but the template package includes a 
copy of the artwork for that circuit board. 


'All addresses are given in the References 
chapter Address List. 

?Circuit boards for the "Simplest Possible 
Keyer Circuit" are available from FAR Cir- 
cuits. Ask for the Handbook Mechanical- 
Paddle-Input circuit board. Price is $4.25 + 
$1.50 shipping at publication time. 

3Part-placement guides and etching patterns 
are available from the ARRL Technical 
Secretary. Enclose a large (8'/zx11) SASE 
with two First Class units of postage and 
request the 96 Handbook Curtis Keyer 
Template package. 


Fig 22.41 (see facing page)— The 
complete keyer circuit, with all options 
included. The diagram at B shows how to 
wire a 16-pin header plug either for a 
Switch or as a jumper to select the output 
keying polarity. The square boxes with 
numbers refer to the pin numbers for this 
polarity switch, S1. A 26-pin header is 
used for connections to the controls and 
jacks mounted off the circuit board. A 
mating 26-pin insulation-displacement 


make these connections. The pin 
numbers for J5 (inside the dotted line, on 
the circuit-board side) refer to the 
header. The number and color sequence 
on these pins outside the dotted line 
refer to the order and color of the 
suggested ribbon cable. (1BRN refers to 
the first brown wire in the sequence, 
2GRN refers to the second green wire 
and so on. The ribbon cable color 
sequence is given in the text.) If you use 
a ribbon cable with a different color 
scheme, just follow the pin numbers and 
keep the colors in order. Use either R22 
(PC-mount trimmer) or R23 
(chassis-mount potentiometer) for the 
volume control, but not both. Likewise, 
use either R28 or R2 for the pitch control, 
but not both. 


Fig 22.42 — This photo shows the 
construction details of a keyer built 
from the Jade Products kit. It is shown 
without packaging for clarity. 


The diagram shown in Fig 22.41 includes 
a 5-V regulator (U2) for the Vss supply. The 
8044ABM will operate on any voltage from 
4 to 12 V, so you can connect a 6, 9 or 12-V 
supply directly to the chip. The 5-V regu- 
lated supply is necessary forthe speed meter. 


Assembly 


Fig 22.42 shows construction details of 
the Jade Products keyer version, and Fig 
22.43 shows a keyer built from parts col- 
lected from Mouser and other sources. De- 
pending on your packaging choices, you 
may want to use PC-mount controls for fea- 
tures like the keyer speed, weighting, 
sidetone pitch and volume, or you may 
want to use panel-mount components. 


connector and 26-conductor ribbon cable 
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Fig 22.43 — This photo shows the 
construction details of a keyer, partially 
assembled, using a circuit board from the 
Curtis PC board pattern. Notice the 26-pin 
header and matching receptacle that uses 
insulation-displacement connectors. 
These connectors are commonly found in 
computer-parts stores. This one provides 
a convenient way to make the connec- 
tions to switches and controls mounted 
off the circuit board. 


The keyer shown in Fig 22.42 uses 
circuit-board-mounted potentiometers that 
will fit through holes in the project case for 
the sidetone volume and keyer speed con- 
trols. The version shown in Fig 22.43, built 
using a board from the Curtis pattern, uses 
case-mounted potentiometers wired with 
ribbon cable from a 26-pin connector on 
the circuit board. This method simplifies 
the control connections to the circuit board, 
but it helps to follow the wire numbering 
and color sequencing shown on the sche- 
matic diagram to avoid confusion. (Use a 
length of 26-conductor ribbon cable with 
brown, red, orange, yellow, green, blue, 
violet, gray, white and black wires, with 
the pattern repeated 2'/» times.) 

Use a 20-pin socket for the IC. Install the 
IC only after you have soldered all the other 
components to the board, and measured the 
voltages to the IC socket pins. Make sure to 
orient the IC correctly when installing it. 

The Curtis circuit board is designed to 
use a 16-pin DIP socket for the keying 
polarity selection. Fig 22.41B shows how 
to wire the four-pole, double-throw switch 
or a header plug that plugs into the socket. 
When you insert the header plug in one 
direction the keyer gives positive keyed 
output. Turn the plug 180° for negative 
keyed output! If you use the Jade Products 
circuit board, the positive power supply 
and ground connections to Q2 change for 
the two keying methods. You will have to 
decide which type of keying you want to 
use, or adapt a switching method similar to 
that shown for the Curtis board. 

Note that there are different power sup- 
ply ground and chassis ground connections 
shown on the schematic diagram. These 
two grounds must be isolated. This means 
the paddle-input jack, J3, and manual key 
input, J1 must be isolated from chassis and 
case ground. You can use fiber shoulder 
washers on each side of these jacks for this 
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Hooking up Keyer Paddles 


It's always nice when you can go 
to a friend's house or a Field Day 
setup, and operate without rewiring 
the keyer. Unfortunately, this does 
not always happen. The standard, at 
least for right-handed people, is a 
left press generates dashes and a 
right press generates dots. Some left 
handed operators have wired their 
paddies with the same connections 
and others have reversed the 
connections, so they can operate 
most right-handed stations. 

If you are just learning to use 
paddles, or operate in CW contests, 
you may want to learn to send with 
the opposite hand. A right-handed 
operator, sending with the left hand, 
has the right hand free for logging. 
Larry Wolfgang, WR1B, learned to 
send this way. He suggests you wire a 
DPDT switch into the paddle lines, as 
shown in Fig A, so visitors who prefer 


purpose, or use an insulated jack. 

The keyer shown in Fig 22.43 includes a 
switch to reverse the paddle connections 
on the back panel. With this switch you can 
set the keyer for right or left-hand opera- 
tion no matter how the paddles are wired. 
This can be especially helpful when you 
take your keyer for Field Day or similar 
operation where several operators may be 
using it. See the sidebar for details. 


Calibrating the Speed Control 


One way you can estimate sending speed 
is to count the number of dashes sent in 
five seconds. This number is the code 
speed in words per minute. A more refined 
measurement method uses an oscilloscope 
or a frequency counter connected to pin 12 
of U1. The formula is speed = f/ 1.2, where 
speed is in WPM andf is the dot frequency 
measured at pin 18 of Ul. For speeds of 10, 
25 and 50 WPM, the frequency counter 
should display dot frequencies of 8.33, 
20.8 and 41.6 Hz, respectively. 

Carefully adjust R8 until the meter read- 
ing agrees with the calculated or measured 
keying speed. Since this is a "set it and 
forget it" adjustment, you needn't worry 
about access to the control once the keyer 
is packaged. 


Packaging 

The Jade Products circuit board is about 
2х3 ' inches. The Curtis board (in the 
ARRL template package) is about the same 
size. The FAR Circuits board for the “Sim- 
plest Possible Keyer Circuit" is about 2x2 
inches. Any of these boards could be easily 
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Fig A—A DPDT switch wired like 
this permits quick selection of 
right- or left-handed keying. 


the opposite wiring also can use your 
station. This is a particularly good idea 
for CW positions at Field Day. 


built into all but the smallest or most 
crowded radios. You can even build the 
keyer with its own enclosure, and have a 
fairly small package. Just leave enough 
room for the controls and jacks. 

The keyer shown in Fig 22.43 was built 
into a Hammond Manufacturing 1458B4B 
project case measuring approximately 
6x4x4 inches outside. These boxes are 
easy to work with because the top and bot- 
tom pieces form the sides. Separate front 
and rear panels have channels on the inside 
that allow the attachment of mounting rails 
(available separately from Hammond) that 
are used to hold the circuit board and other 
internal components. 

Lay out the positions of the controls and 
switches, as well as the meter location (if 
you are including that feature). Keep in 
mind the location of the circuit board in- 
side the case, to avoid space conflicts. Drill 
all the holes to size and make a cut-out for 
the meter. When you are sure you’ ve in- 
cluded mounting holes for all the controls, 
and they are the proper size, you are ready 
to paint the enclosure if desired, and label 
the panels. Dry transfer letters can produce 
a professional job if you carefully align 
them. It is helpful to start with the letters in 
the middle of the word, and work toward 
both ends for each label. Finish the job with 
a few coats of clear acrylic spray to protect 
the finish and seal the letters. 

After the acrylic is dry you are ready to 
install the controls and switches, connect 
the wiring to the circuit board and connect 
power. 

Enjoy your keyer! 
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ТНЕ NEW AND IMPROVED UNCLE ALBERT'S KEYER 


This unique keyer can help you improve 
your CW sending and receiving, whether 
you use a straight key, bug or keyer. Sam 
Ulbing, NAUAU, described an earlier ver- 
sion in the January 1994 QST. A 87C51 
microcontroller and a two-row, dot-matrix 
liquid-crystal display (LCD) are at the 
heart of that keyer. The program stored in 
the 87C51 provides an iambic keyer with 
memory, a code-speed calculator, a CW 
reader that displays what you send, and a 
random-character code-practice genera- 
tor. This new version includes a received 
code display as well as several otlier fea- 
tures. Two versions of the keyerare shown 
in Fig 22.444 ‘and the internal layout in 
Fig 22.44B. ; 


What Can It Do? 


The stored program ‘includes the fea- 
tures that are commonly found in today's 
keyers. Unique is its ability to display both 
the transmitted and received code. Most 
often, this capability is found only in com- 


munications processors and CW software 


for personal computers. This keyer: 

* Displays the code you send and receive 
on an LCD screen. 

* Contains an iambic keyer— the speed 


Fig 22.44—Two versions of this keyer 
are stacked in the photograph (A). | 

‘Delmar Stone, AC4NO, built the larger 
unit and Chuck Grey, ND7K, built the 
smaller unit. The inside of Philip Kirby, 
N6ZAT's unit, is in (B). It is powered xd 
4 D cells. 5 


^ 


can be set digitally from 2 to 40 WPM. 

* Has an internal 47 character memory. 

* Lets you set any character speed and any 
space speed in the internal random char- 
acter code practice generator. 

* Includes a sidetone oscillator with se- 
lectable frequency and an audio ampli- 
fier to drive a small speaker. 

* Has a tuning indicator to help you zero 
beat the other station. 

* Can be set to a reduced power mode for 
portable or backpack operation. 

* Allows paddles, straight key or bug i in- 
put. 

* Does not need an on/off switch because 
the keyer can go into a sleep mode when ` 
you áre finished transmitting. 

• Can be split into two parts. Use the keyer 


` and transmitting display in a battery. . 


power mode for portable and backpack 
operation. Plug in the code reader and. 

' power supply for fixed operatiori. 

* When you press a dot or dash paddle, 
the 87C51 microcontroller acts as an iam- 
bic keyer and sends the appropriate dot or 
dash to the transmitter. It then determines 


:- what character you sent by looking it up in 


atable, and sends that character to the LCD 
display. Thus you see exactly what you 
are sending as you send it—mistakes and 
all. As an example, if you don't leave long 
enough pauses between words you Will 


‘The 87C51 Microcontroller 


seethisonyourscreenandyouwillknow 
youarerunningwordstogether. 
The demodulator circuit converts the in- 


‘coming audio dots and dashes to digital 


signals. The 87C51 then processes them, 
and sends the decoded characters to the 
display. . 

The paddies, with buttons R and s, set 
sending and receiving speeds: Pressing the 
dot or dash side increases and decreases 
the speed by the number of dot or dash clo- 
sures. Do this while préssing the s button 
to control the transmit speed, or the R but- 


лоп to set receive speed. The receive speed 


need only be set close (+30%)to the actual 
incoming speed, for the decoder to work. 


Circuit Description 
Fig 22.45 shows the circuit schematic. 


Two PC boards are used. The micropro- 
cessor is located on the keyer board and 


the decoder chip, an LM567 (U3), on the 


decoder board. 

In the iambic keyer diodes! the micro- 
processor samples the paddle input lines 
at pins 10 and 11. The voltage on these 
pins is normally 5-V. When a paddle is 
closed, the voltage goes to zero, starting a 
timer in the micro. The timer will cause 
the appropriate dots or dashes to.appear on 
pin 39. This pin is connected to keying 
transistors Q1 and Q2. The dots and dashes 


The 87C51 is a member of the 8051 family, manufactured by both 
Signetics and Intel. These are 8 bit microprocessors, optimized for control 
applications. They are found in a wide range of applications, from medical 
instrumentation to automobile control systems and Amateur Radio applica- 
tions. All microprocessors take data from memory, process it in a CPU and 
take action based on the results. Most computer systems— such as your 
home PC— have a CPU chip (a 486 for example), other chips for memory, 
more chips for input and output and still more chips to control the communi- 


cations between all these chips. > 


The 8751 has all these components in a single chip: 128 bytes of RAM, 
4k bytes of. ROM, up to 32 ports for I/O, 2 timers, 5 interrupt sources, a serial 
О port and-of course the CPU. For projects like this one, these features 
mean greatly simplified design and construction as well as much smaller 
size. The feature that makes the 8751 well suited for control applications is 
its ability to process only one bit of an 8 bit word (called Boolean process- 
ing). In ап 8 bit processor, data is normally processed 8 bits (1 byte) at a 
time. Programmers have to consider the state of all 8 bits, even though they 
only want to control one of those bits. With the 8751 a single bit can be 
controlled and the other bits ignored. In this project, the paddle and the 
control lines for the LCD displáy are both connected to port 3. Because of the 
Boolean processing capabilities, the system program can check the state of 
the paddle without having to worry about the LCD control lines. 

The 87C51 is a CMOS device, so it draws very little current—only around 
9 mA when it is running. In addition it has two power reduction modes. This 
project uses both modes. In the idle mode current draw is reduced to around 
4 mA. The second power reduction mode—the power down or sleep mode— 
reduces current draw to just micro amps. 
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E 

Fig 22.45—The microcontroller and 
LCD display module are at the heart of 
this keyer. All polarized capacitors are 
electrolytic and the others are disc 
ceramics. A voltage rating of 16-Vis | 
sufficient for:all capacitors. The fixed 
resistors are tome units. 


7 are also stored in memory, until an entire 


character is sent. Then the character is: 


displayed on the LCD. 
. Thesidetone signal appears on pin 28. It 
goes to the audio amp, Q4, on the demod 


board. The program controls the frequency. 


of the sidetone, and it can-vary from about 
600 to 900-Hz. 
' Ifyou are using an external key, bug or 
keyer, it controls the voltage on pin 17. 
The microprocessor repeats this’ a on 
pin 39. 
Pin 32 controls the keyer’ s minimum 


power mode. The demod circuit with 2 


chips and tuning LED draw about 15 mA, 
and must be on constantly to monitor the 
incoming signal. If you want to use the 
keyer in a portable situation from small 
batteries, and'are willing to operate with- 
out the incoming signal decoding, this fea- 
ture minimizes the current draw. 


: When the voltage at pin 32 is 5 V, the 
micro will shift to the receive mode as , 


soon as sending stops. It then will begin 
to copy incoming code. In this mode the 
normal current draw is about 25 mA. If 
the voltage on pin 32 is 0, the micro will 
go into an idle mode every time sending 
stops. It will shut down many of its 
power consuming functions and wait for 
an interrupt signal. The three diodes, 
D1-D3, will cause an interrupt at pin 13 
if you press either the paddle or an ex- 
ternal key. Pressing the message send 
switch, M, will cause an interrupt at pin 
12. These interrupts put the micro back 


into the sending mode again until the 


next pause in keying. This option re- 


duces the average current draw to: ' 


around 6 mA. . 

Momentary contact SPST switches s 
and R are used together with paddles bug, 
or a key to set the sending and receiving 
speeds. These speeds can be changed at 
any time during sending or receiving. 
When you are done, you can put the 87C51 
into a sleep mode by pressing $ and RESET 
together. The microprocessor will turn off 
power to the rest of the circuit through Q3, 

and the LCD will go blank. In this mode 
all settings and memory content are saved, 
but current draw is reduced to micro amps. 
To return to normal operation push the 
RESET button. 
The second circuit board contains the 


demodulator circuit.!. It decodes signals 
from a receiver and sends them to the 
microcontroller. Audio from the receiver 


: comes in through J6. It is compared 
-against a dc threshold on pin 6. The result- 


ing output signal of 500 mV (at pin 1 of 
U2) goes to the input.of U3 on pin 3. 

U2 serves two purposes: first, it rejects 
noise levels that are not as strong as the 


` desired signal. Second, it keeps the volt- 
age to U3, independent of the signal , 


strength. It is either 0 V when no signal is 
recognized or 500 mV (P-P) ifa signal i is 


present. Thus U3 always j receives a con- . 


stant amplitude input signal: This is im- 
portant for U3 to work properly. 

. U3isan LM567 PLL that was designed 
to decode DTMF signals. R5, the 10-kQ 


` pot (R12) and C1 set the lock frequency. 


C2 and C3 set the bandwidth. The maxi- 
mum possible bandwidth of 14% of the 


center frequency (105-Hz at 750-Hz) 


makes a narrow filter, but itis ideal for our 


‚ purposes. When the 500-mV signal from 
‘U2 is іп the.passband of the LM567, the . 


output at pin 8 goes.to 0 V from its normal 


- value of 5 V. 


Since the PLL bandwidth is about 100 
Hz, tuning can be tricky. Therefore a sec- 
ond comparator on the LM339 drives an 


1This demod circuit was first described by 
the author in “The N4UAU Super CW Sta- 
tion,” 73 Amateur Radio Today, June 1995, 
pp10- -16. MAL i 


X E the LCD 
for the pi 
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LED from pin 14. The LED lights when a 
signal is detected in this bandwidth. 

The demod board also contains a 5-V 
regulator to allow running the circuit from 
an external source, such as a 12-V battery 
or wall transformer. Q4 amplifies the | 
sidetone signal from the keyer board to 
drive a small speaker. 

Switch sP selects the power source for 


' fixed or backpack operation. When used 


in a fixed location, powered by an external ` 
power supply, sP is toggled to the lower 
contacts on the schematic. J4 and P4 con- 
nect the demodulator. section, including 
the 5-V power supply, to the keyer. If you 


. want to use the keyer in a low-power mode, 


unplug P4 and set sP to the upper contacts. 
This disconnects the demodulator section, 
the keyer is powered by the alkaline bat- 
teries, and the microcontroller automati- 
cally goes into a low power mode when 
you stop transmitting. 


Construction 


The keyer is built on two PC boards. 
The larger board (Fig 22.44B) is the keyer 
board. It contains the microprocessor chip 
and the LCD display. The demod board 
has the tone decoder IC and the quad com- 
parator IC. With relatively few parts the 
keyer is easy to build. After wiring the unit 
only three adjustments are necessary—set 
the LCD contrast with R1, sidetone level 
with R13 and the passband of the demod ' 
circuit with R12. 


ble shape canbe |. 
As you can imagine, | 
6 character by2 | 


ipo 2mAin | 
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If you want to take advantage of the 
battery-powered backpack mode, build 
the demodulator, 5-V regulator, and mo- 
mentary contact switch R into one enclo- 
sure. Put the keyer board, DPDT switch sp 
and batteries into a second enclosure. 

Construction and layout are not critical. 
N6ZAT built the unit shown in Fig 22.44B. 
He does not use the power reduction mode 
but still uses batteries—D cells because of 
the current draw. 

The keyer will work with 40 by 2, 32 by 
2, 24 by 2, 20 by 2 and 16 by 2 displays. 
The ND7K keyer shown was built to be 
small. He used a unique 20 by 2 display 
with very large letters that he found in a 
piece of old telephone gear at a hamfest. 
The cost was $1! This display is mounted 


on a piece of Plexiglas bent at an angle. 
The angle mounting greatly improves 
readability when the keyer is at table level. 

NIOKL built a version using a backlit 
display, because he keeps the lighting low 
in his shack. The letters are visible across 
the room. He got his display from 
Digi-Key. 

All the parts except the programmed 
microcontroller and PC boards are avail- 
able from suppliers such as Digi-Key, 
Mouser and JDR. All Electronics sells 
wired six conductor telephone connectors 
that work well for J4 and P4. The 
preprogrammed 87C51, two PC boards 
and complete building instructions are 
available from the author for $40, which 
includes shipping (add sales tax if you live 


QUICK AND EASY CW WITH YOUR РС 


A couple of chips and a few hours work 
will yield this CW only terminal for a PC. 
Designed by Ralph Taggart, WB8DQT, 
the software transforms a computer into a 
Morse machine that’s a full-function CW 
keyboard and a receive display terminal. 

The circuit works with IBM-compatible 
PCs and uses the printer port to communi- 
cate with the computer. Parts cost is gen- 
erally less than $50, and a printed-circuit 
board is available to make construction 
easier. 


Circuit Description 


Each stage of the circuit in Fig 22.46A 
is labeled with its function. Ferrite beads 
are used to keep RF from entering the unit. 
K1 provides isolation, so any transmitter 
may be keyed without worrying about 
polarity. Fig 22.46B shows the power and 
computer interconnections for the circuit 
board. 


Power Supply Options 


Three voltage sources are required 
(+12 V, +5 V and -9 V) at relatively low 
current. The simplest approach is to use a 
wall-mount power transformer/supply 
(200 mA minimum) to provide the +12 V. 
A 7805 voltage regulator chip (U6) pro- 
duces +5 V from the +12 V bus for the 
7ALS TTL ICs. Since the —9 V current 
requirements are very low, a 9 V alkaline 
transistor battery was used in WB8DQT's 
unit. This battery is switched in and out 
using one set of contacts on the POWER 
switch and will last a long time—unless 
you forget to turn the unit off between 
operating sessions! 


The Computer Connection 


The circuit connects to the PC parallel 
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printer port, which is usually a DB-25F 
(female) connector on the rear of the com- 
puter. A standard cable with a mating 
DB-25M (male) connector on one end and 
DB-25F on the other end could be used. 
This cable is available at any computer 
store, but it would require a DB-25M to be 
mounted on your project box. 
Unfortunately, DB-25 connectors need 
an odd-shaped mounting hole, which is 
difficult to make with standard shop 
tools. Since only four conductors are 
needed (ground, printer data bits 0 and 1, 


in Florida). The author also has available 
a package of parts that includes nearly all 
the items you need. Prices range from 
about $70 to $100 depending on the kit. 
Send an SASE for latest information.? 
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and the strobe data bit), it's easier to 
make a cable. Use a 4-pin microphone 
connector at one end and a DB-25M at 
the other end. Wire the cable as follows: 


Microphone DB-25M 
Function Plug Connector 
Ground 1 25 
Printer data0 2 2 
Printer data 1 3 3 
Printer strobe 4 1 


Drill a °/s-inch round hole on the rear 


— 


Fig 22.46—Schematic of the CW interface. All fixed value resistors are 
14 W, 5%-tolerance carbon film. Capacitance values are in microfarads (uF). RS 
indicates Radio Shack part numbers. IC sections not shown are not used. 


C1-C3, C5, C7-C13—0.1 F monolithic 
or disc ceramic, 50 V. 

C4—0.047 uF Polypropylene (dipped 
Mylar), 50 V. 

C6—0.22 uF Polypropylene (dipped 
Mylar), 50 V. 

C14—1 pF Tantalum or electrolytic, 50 V. 

C15—0.47 uF Tantalum or electrolytic, 
50 V. 

C16—10 uF Tantalum or electrolytic, 50 V. 

D1, D3—1N4004. 

D2—1N270 germanium. 

DS1—Green panel-mount LED. 

DS2—Red panel-mount LED. 

FB—Ferrite beads (11 total). 

K1—12 V dc SPST reed relay 
(RS-275-233). 

J1, J2—RCA phono jacks. 

P1—4-pin microphone jack (RS-274-002). 

Q1, Q3—2N4401. 

Q2—MPF102. 

R1—1 ко. 

R2, R3—10 КО. 

U1—NE567CN PLL tone decoder (8 pin). 

U2—74LS14N hex Schmitt trigger 
(14 pin). 

U3, U4—LM741CN op amp (8 pin). 


U5—74LSO0N quad nano gate (14 ріп). 

4-pin microphone plug (RS-274-001). 

4-pin microphone socket (chassis 
mount). 

DB-25M Connector (RS-276-1547). 

DB-25 Shell (RS-276-1549). 

Coaxial power connector (RS- 
274-1563). 

8-pin DIP IC sockets. 

14-pin DIP 1С sockets. 

DPDT miniature toggle switch. 


J3 is a panel-mounting coaxial power 
jack to match your wall-mount/ 
transformer power supply. BT1 is a 9-V 
alkaline battery. See text. C17 and C18 
are 0.1 uF, 50 V monolithic or disc 
ceramic bypass capacitors. The +5 V 
regulator chip should be mounted to 
the grounded wall of the cabinet. 
Off-board components are duplicated in 
section B of this drawing (J1, J2, P1, 
the cw LED indicator, and K1). The cw 
and POWER indicators are panel- 
mounting LED indicators (red for POWER 
and green for cw). FB indicates optional 
ferrite beads used to prevent RF 
interference with the interface circuits. 
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apron of the project enclosure for the mat- 
ing chassis-mount 4-pin microphone 
socket. 


Keying Options 

For equipment with a positive, low- 
voltage keying line, point K on the board 
can be connected directly to the keying 
jack. In this case, omit K1 and its 1N4004 
diode. For a wider range of transmitting 
equipment, use the keying relay. Mount it 
anywhere in the cabinet using a dab of sili- 
cone adhesive or a piece of double-sided 
foam mounting tape. 


Construction 


The simplest way to construct this cir- 
cuit is on a single PC board. The PC-board 
pattern and parts overlay are available 
from the ARRL.! Make a PC board, or use 
the overlay to wire the circuit using 
perf-board. An etched and drilled PC 
board, with a silk-screened parts layout, is 
available from FAR Circuits.” 

Any cabinet or enclosure that can ac- 
commodate the circuit board can be used. 
The POWER switch and POWER and CW LED 
indicators are the only front-panel items. 
J2 (KEYED LINE), J1 (AUDIO IN), J3 (412 V 
DC POWER) and P1 (COMPUTER) are on the 
rear apron of the enclosure. 


Alignment 


There are three alignment adjustments, 
all of which are for the receive mode. Start 
by loading (and running) the software and 
turning the unit on. Switch the receiver to 
adummy antenna to eliminate any interfer- 
ing signals, and tune the receiver to a strong 
signal from a frequency calibrator or any 


1A PC-board template package is available 
free from the ARRL Technical Secretary. 
Enclose a business-size SASE and re- 
quest the '96 Handbook Taggart CW Inter- 
face Template. 

?A circuit board is available for $5 (plus 
$1.50) from FAR Circuits (see the Address 
List in the References chapter). 
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other stable signal source. Carefully adjust 
the receiver for peak audio output. You may 
need a Y connector so the receiver can feed 
the interface and a speaker. 

Connect a pair of headphones to the 
junction of the 0.1-F capacitor and 10-kQ 
resistor at pin 3 of U4. Adjust the Tune 
(R1) control on the PC board for the loud- 
est signal. The filter is sharp, so make the 
adjustment carefully. 

Set the PC board Level pot (R2) to 
midrange and adjust the VCO pot (R3) 
until the CW LED (DS1) comes on. De- 
crease the Level setting slightly (adjustthe 
control in a counterclockwise direction) 
and readjust the VCO pot, if required, to 
cause the CW LED to light. Continue to 
reduce the Level setting in small steps, 
each time readjusting the VCO setting, 
until you reach the point where operation 
of the CW indicator becomes erratic. 

Now turn the Level control back (clock- 
wise) to just past the point where the LED 
comes on with no sign of erratic operation. 
The Level threshold setting is critical for 
best operation of the receive demodulator. 
If the control is advanced too far, the LED 
will trigger on background noise and copy 
will be difficult. If you reduce the setting 
too far, the interface will trigger errati- 
cally, even with a clean beat note. If you 
have a reasonably good CW receiver (CW 
bandwidth crystal filters and/or good au- 
dio filtering), you can back down the Level 
control until the LED stops flickering on 
all but the strongest noise pulses, but 
where it will still key reliably on a prop- 
erly tuned CW signal. 


Software Installation 


The software for this project is included 
on the disk supplied with this book. The 
distribution files include MORSE.EXE, a 
sample set-up file (CW.DAT), a sample 
logging file (LOG.DAT), the HELP 
text file (CWHELP.DAT) and the pro- 
gram Quick-BASIC source code 
(MORSE.BAS). To run the program log 
into the directory holding these files and 
type MORSE <CR>. The symbol <CR> 
stands for Return or Enter, depending on 


your keyboard. 

The program menu permits you to enter 
or change the following items: 

SPEED—Select a transmitting speed 
from 5 to 60 WPM. The program 
autocalibrates to your computer clock 
speed, and transmitting speeds are accu- 
rate to within 1%. On receive, the system 
automatically tracks the speed of the sta- 
tion you are copying up to 50 or 60 WPM. 

YOUR CALL—You can enter your 
call sign so you never have to type it in 
routine exchanges. The call can be 
changed at any time if you want to use 
the program for contests, special events, 
or any other situation where you will be 
using another call. 

OTHER CALL—If you enter the call of 
the station you are working (or would like 
to work), you can send all standard call 
exchanges at the beginning and end of a 
transmission with a single keystroke. 

CQ OPTIONS—Select one of two CQ 
formats. The “standard” format is a 3x3 
call using your call sign. The program also 
lets you store a custom CQ format, which 
is useful for contests. 

MESSAGE BUFFERS—There are two 
message buffers. Either can be used for 
transmitting. 

SIDETONE—Select on or off and a fre- 
quency of 400 to 1200 Hz. 

WEIGHTING—Variable from 0.50 
through 1.50. 

DEFAULT SETUP—AII the informa- 
tion discussed up to this point can be saved 
into a default disk file (CW.DAT). These 
choices will then be selected whenever 
you boot the program. Any setup can be 
saved at anytime. 

LOGGING—The program supports a 
range of logging functions. It even in- 
cludes the ability to check the log and let 
you know if you have worked that station 
before. If you have fully implemented the 
logging options, it will tell you the 
operator’s name and QTH. 

HELP FILES—1f you forget how to use 
a function or are using the program for the 
first time, you can call up on-screen HELP 
files that explain every function. 


THE CONTEST CARD 


This project, by Gary Sutcliffe, W9XT, 
was originally published in September 
1993 QST. It describes a PC-compatible 
plug-in card that contains a voice recorder 
and CW interface. The Contest Card is 
software-compatible with the most popu- 
lar contest logging programs and can be 
built for less than the cost of most 
standalone voice recorders. 


DESIGN CONSIDERATIONS 


After hearing some voice keyers on the 
air, the author decided it was very impor- 
tant for such devices to reproduce the 
operator’s voice accurately. It’s confus- 
ing to answer a CQ and hear a different 

. voice coming back. Many use inexpensive 
electret microphones for recording. To 
minimize the difference between live and 
recorded audio, the Contest Card uses the 
mike normally used with the transmitter. 

The design must also be compatible 
with K8CC's NA and K1EA’s CT contest 
programs. These programs use the same 
technique to key external voice keyers via 
one ofthe computer's LPT (parallel) ports. 

It soon became obvious that the whole 
unit could mount inside the computer. The 
card's hardware. would “look like" an LPT 
port to the software. Since NA and CT can 
also key a transmitter on CW with a 
suitable interface, the author also included 
this feature in his design. Fig 22.47 is a 
photo of the completed unit, and Fig 22.48 
shows the Contest Card in block-diagram 
form. 

Putting the entire unit on a PC plug-in 
card offers several advantages. The first is 
price. A plug-in computer card is more 
expensive than a box-mounted board be- 
cause of the card's complex shape and 
gold-plated contact fingers. This higher 
cost, however, is more than offset by the 
savings gained from the lack of packaging 
and power-supply requirements. Since the 
card is controlled by software, fewer 
buttons and switches are needed, further 
reducing cost. Putting the card inside the 
computer also frees up desk space and 
eliminates the need to share an LPT port 
between a printer and voice keyer—im- 
portant for PCs with only one parallel port. 


THE ISD-1016A INTEGRATED 
CIRCUIT 


The heart of the card is the ISD-1016A.: 


The ISD-1016A can store 16 seconds of 
audio. It samples the audio signal at its 
microphone input at an 8-kHz rate. The 
chip's EEPROM stores the sampled val- 
ues in analog form. The main advantage of 
this technique is that the message is not 
lost when power is removed, as it is in tra- 
ditional RAM-based voice recorders. 


Fig 22.47—The 
Contest Card 
combines a voice 
keyer and CW 
interface in a single 
PC-compatible 
plug-in card. 
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Fig 22.48—Block diagram of the Contest Card 


The Contest Card supports up to four 
messages. These correspond to the mes- 
sages started by pressing the F1, F2, F3 and 
F4 keys on the keyboard while running NA 


or CT. Each key is assigned a specific type 


of message by the software, such as CQ, 
contest report, QRZ message and your call 
sign. The chip’s 16 seconds of recording 
time must be divided between the mes- 
sages. You select how this time is divided 
by setting two switches. 

During. playback, a message continues 
until it reaches the end of the message. 
You can interrupt playback in the middle 


of a message by pressing ESC in CT or NA. 


Recording resembles playback, except 
that it requires a record-control signal that 
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can be generated by two sources: an exter- 
nal switch or software control. The 
transmitter's PTT line is not activated 
during recording. 

Audio to and from the ISD-1016A is 
switched by a pair of DPDT relays. When 


‘the Contest Card is not recording or play- 


ing back a message, the microphone audio 


inputand microphone ground are switched 


directly to the transmitter. This provides 
complete isolation from the computer, 
which is required to prevent hum on live 
audio. You can leave your microphone 
connected through the Contest Card even 
when the computer is powered off. 

The card's audio output is isolated by a 


. transformer. Without this isolation, volt- 
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age differences between the computer and 
the transmitter cause current to flow on 
the ground connection. This current gen- 
erates hum on the transmit audio. 

On CW, the card uses a relay to key the 
transmitter. Relay keying was chosen to 
allow operation with positive- and nega- 
tive-keyed rigs with a single circuit. 


CONSTRUCTION 


Detailed construction information, in- 
cluding schematics for the Contest Card 
and interface cable, are available from the 
ARRL.' The card uses entirely off-the- 
shelf parts, with the exception of two 
generic-array logic (GAL) ICs that 
manage some of the ISD-1016A’s func- 
tions. As a result, you can build a Contest 
Card yourself from scratch, if you have 
GAL-programming capabilities. If you 
don't, programmed GALs are available.” 
A PC board, kits of parts and the com- 
pleted Contest Card are available through 
Unified Microsystems. 

In order for the Contest Card circuit 
board to be offered for sale, FCC Class B 
certification was required. The testing 
procedure revealed that unacceptably high 
levels of RF emissions were being picked 
up and radiated through the cable. To 
eliminate this problem, a special DB25 
connector is needed. Each pin of this con- 
nector contains a 470-pF bypass capacitor 
to ground. Such connectors are very ex- 
pensive in small quantities, so they’re in- 
cluded in the kits and assembled version. 

If you decide to wire-wrap or design 
your own Contest Card PC board, you 
should either use the specified connector 
or install 470-pF bypass capacitors on 
every signal line leaving the connector. 
Place the capacitors as close to the con- 
nector as possible and ground the connec- 
tor shell. Under FCC regulations, home- 
built electronics for personal use do not 
require certification, but must use “good 
engineering practice.” Aside from the 
FCC regulations, you don’t want com- 
puter-generated noises covering up weak 
DX stations answering your CQs! 

To use the Contest Card, you'll need to 
construct an interface cable. All connec- 
tions to the card are made through a single 
DB25 connector. The circuit uses only 14 
of this connector's pins, but a 25-pin con- 


1A package of information including GAL pro- 
gram listings, detailed construction infor- 
mation, circuit theory and schematics for 
the Contest Card is available from the 
ARRL Technical Department Secretary. 
Request the September 1993 QST 
Sutcliffe Information Package. Include a 
large SASE with your request. 

?For a list of available kits, send an SASE to 
Unified Microsystems (see the Address 
List in the References chapter). 
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nector provides a bit of extra space to ease 
construction. Use only shielded cable for 
all connections. The PTT ground and mi- 
crophone ground must be separate shields 
or severe hum is likely to appear on the 
transmitted audio. Small coaxial cable, 
such as RG-174, works well for this appli- 
cation. 

Some transmitters (notably ICOMs) 
place +8 V on their microphone-audio 
lines. If you have such a rig, put a dc- 
blocking capacitor in series with the audio 
line to the transmitter. A 0.22-1F or larger 
cap should work fine and can be mounted 
in the cable's DB25 shell. Interface cables 
for most popular transceivers are available 
from LTA Industries.” 


USING THE CONTEST CARD 


You'll need to decide how to partition 
the card’s memory space. This is handled 
by two switches on the card, accessible 
through the card’s mounting bracket. 
Table 22.2 shows how the messages can 
be divided. The simplest way to divide the 
time between four messages is to give each 
one 4 seconds. This is fine for some uses, 
but poor for others. Your contest exchange 
for the ARRL Sweepstakes, for example, 
may be too long to fit comfortably in 4 
seconds. You can set the switches so that 
one of the messages is zero seconds long, 
giving the extra time to the remaining 
messages. 

You can record messages in two ways. 
Perhaps the easiest method is to use your 
logging program and an external switch 
(normally open, momentary) connected to 
pins 8 and 9 of the DB25 connector. To 
record with the external switch, bring up 
CT or NA. In the set-up screen be sure to 
set the Contest Card to use the correct 
parallel port. In CT and NA, function keys 
Е1-Е4 correspond to messages | through 4, 
respectively. Pressing a function key starts 
playing back the appropriate message. If 
the record switch is held closed before the 
function key is pressed, the corresponding 
message can be recorded. Recording con- 
tinues until the record button is released. 
This method of recording messages was 
chosen so it would not be necessary to quit 
the logging program to record new mes- 
sages. (NA Version 8 also supports record- 
ing without the switch and CT may soon 
do so as well.) 

The other way to store messages is to 
use a program that supports software-con- 
trolled recording. Such a program can be 
easily written in most common computer 
languages. The card’s documentation (and 
the information package available from 


3For information about ordering these cables, 
contact LTA Industries (see the Address 
List in the References chapter). 


Table 22.2 
Contest Card Message Partitioning 


Switch Message Length (Seconds) 
Selection #1 #2 #3 #4 
1 6.4 2.4 4.0 3.2 
2 5.6 7.2 3.2 0.0 
3 8.0 0.0 4.8 3.2 
4 4.0 4.0 4.0 4.0 


ARRL/) explains the requirements. A 
standalone program for Contest Card con- 
trol, DVRC.EXE, is also available from 
Unified Microsystems.” It controls record 
and playback of voice messages on the 
Contest Card. It also controls playback on 
other voice keyers that follow the same 
interface standards. 

It is important that you not record 
messages longer than the length of time 
specified for each message (see Table 
22.2). A message that’s too long will over- 
run part of the next message’s space, re- 
cording over anything already stored 
there. Also, if you change the switch set- 
tings, you will usually need to record each 
message again. 

Last, you'll need to adjust the card’s 
audio-output level. First, record a long test 
message. Then adjust your transmitter's 
microphone gain to the appropriate level 
while speaking into the microphone. Next, 
play back the test message and adjust the 
potentiometer accessible through the card- 
edge bracket for the proper level for your 
transmitter. The ISD-1016A has an ex- 
cellent AGC circuit, so it should not be 
necessary to adjust this pot again unless 
you switch to a significantly different mi- 
crophone. 


SUMMARY 


The Contest Card offers a low-cost so- 
lution for integrating your computer, 
transceiver, digital voice recorder and 
CW-keying interface. It does this while 
maintaining software compatibility with 
the standards set by NA and CT. Other ap- 
plications for the Contest Card abound. 
For example, a PC-based repeater control- 
ler could use the Contest Card for IDs and 
special messages. VHF operators can also 
use it for their transmit sequences during 
meteor-scatter schedules. 

Thanks to Bruce Herrick, WWIM, for 
laying out the Contest Card circuit board. 
Additional thanks to Paul Hellenberg, 
KS9K, and Scott Ellington, K9MA, for 
their help and suggestions. 


4See Note 1. 


The microphone project presented here 
is a combination of two separate projects 


that appeared in ОЅТ.'? Shown are ways to. 


construct both a headset and a boom 
microphone using the same readily-avail- 
able electret element. In addition, an ampli- 
fier with high- and low-frequency boost 
adjustments can be added to either design. 


HEADSET MIKE CONSTRUCTION 


The headset mike is about as simple as 
you can ask for. The electret element is 
simply held in place by a slightly rigid 
piece of copper wire (#18 or so). A claw 
test clip is used to connect the assembly to 
your headphones. See Fig 22.49 for detail. 

First, attach a 6-inch piece of the wire to 


the claw test clip. Put your headphones on . 


.and attach the clip to a convenient spot. 
You might need a mirror to find the best 
place. 

: Next, trim the support wire to length. 
The best place for the mike to be is at the 
corner of your. mouth. This location helps 
minimize the popping noises you get when 
you speak and breathe directly into the 
mike. 

Slide the support v wire and a length of 
miniature coax (such as RG-174) through 
' a 6-inch piece of heat-shrink tubing. 
Solder the cable to the two mike-element 
connectors and carefully solder the 


1 


1D. Brede, “A $5 Headset Mike,” Jan 1993 

QST. 
? D. DeMaw, “Build a Low-Cost Booster 
_ Microphone,” Aug 1989 QST. 


Fig 22.49—To form the headset-mike | 
boom, slide the support wire and the end 
of a length of miniature coax through a 
6-inch piece of heat-shrink tubing. Solder . 
the coaxial cable to the two connectors 
on the mike element and carefully solder 
the support wire onto the mike’s case. If 
your mike element has an aluminum . 
case, solder the support wire to the. 
mike's ground connector. à | 

`{ 


`мк1 
Electret 


Kenwood TS—440S 
Mike Plug 
« (see text) 


Fig 22.50—Schematic of the 2 $5 Headset Mike circuit. Part numbers in parentheses 
are Radio Shack; equivalent parts can be substituted. : 


MK1—Miniature electret microphone 
element (270-090 or 270-02). 


Misc: Claw clip (270-345), 4 to 5 ft of 
RG-174 miniature coaxial cable, 6 


support wire to the mike's case. See Fig 


22.50 for connection details. If your mike 


element has an aluminum case, solder the 
support wire to the groünd connector 
instead. After verifying ‘that the mike 
element is positioned correctly, heat the 
shrink tubing. 

The tiny electret mike element contains 
a small amplifier that requires,a dc power 


source to operate. Fig 22.50 shows how to | 


take power from the microphone connec- 
tor of a Kenwood TS-440S. Most rigs will 
have a similar source available. If not,.a 
9-V battery works well. The element only 


: draws about 1 mA, so battery life should 


not be a problem. 


BOOM MIKE AND AMPLIFIER. 
CONSTRUCTION 


The same electret element can be used 


` to build aboom microphone. Also detailed . 


is a boost circuit that can be housed in 
the base of the boom mike or added to a 
separate housing for the headset mike. 
Fig 22.51 is a photograph of the boom 


` mike made from PVC pipe. Other ideas 


may be tried that have a little more es- 
thetic appeal. The PVC solution is in- 


expensive and easy to construct, however. - 


The boom is made from '/2-inch PVC 


pipe: The vertical post is fashioned from: 


3/4-inch PVC pipe. The boom is approxi- 


mately 6'/2 inches long, including the pipe A 
cap at the back end. The vertical post is, 
51/; inches long, including the pipe cap оп. 


the top. 


A hollow base for housing the boost. ; 


circuit сап be made from pieces of single- 
sided PC board. The dimensions (HWD) 
are 17/sx4x5'/s inches. The PC sections are 
soldered at the seams (copper. surfaces 


insidethe box). A piece of PC-board stock 


and the transmitter. 
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inches of heat-shrink tubing, a 6-inch 
piece, of semi-rigid bare #18 copper 
wire, an 8-pin microphone connector 
(274-025A), or other connector re- 

‚ quired to match your rig’s mike jack. 


Fig 22.51—Photograph of the boom 
mike made from PVC pipe: Other ideas 
may be tried that have a little more 
aesthetic appeal (aren’t as ugly). The 
PVC solution is inexpensive and easy to © 
construct, however. ` 


Fig 22.52—Internal view of the mike. 
The PC board is elevated above the 
base plate by means of short metal 
spacers. Shielded leads (RG-174) are 
used for the audio lines. The shield 
braid is grounded at each end of these 
leads. Shielded two-conductor mike 
cord is recommended between the mike 


, 
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Except as indicated, decimal values of 
capacitance аге in microfarads (Р); others 
are in picofarads (pF); resistances are in 
ohms; k = 1000 


Audio Amp 


2N3904 


RS no. 270-090 
Mic Element 


Low BOOST 
100 k 


100k 0.0033 


HIGH 
BOOST 


C15 


to PTT 


line in 
ironsmitter 


Fig 22.53—Schematic diagram of the mike amplifier/booster. Capacitors are disc ceramic unless otherwise noted. Polarized 
capacitors are electrolytic or tantalum. Fixed-value resistors are ‘/4-W carbon composition. 


BT—Standard 9-V transistor-radio 
battery. 

C7-C10, incl—Mylar or disc ceramic 
(match values within 5%). 


serves as the bottom plate. The circuit 
board for the boost circuit, BT1 and a 
¥/4-inch PVC pipe cap are attached to the 
bottom plate (Fig 22.52). A "/s-inch hole is 
bored in the top surface of the base directly 
over the ?/4-inch pipe cap inside the box. 
The vertical post for the mike fits snugly 
into the pipe cap. 

The electret element is inserted into one 
end of the PVC boom. It must be mounted 
flush. If it is recessed, it will adversely 
affect audio quality. The element will need 
to be wrapped with a few turns of masking 
tape to ensure a snug fit. A short 4-40 
screw that fits in a threaded hole in the 
boom can be used to hold the element in 
place. RG-174 coaxial cable is used be- 
tween the mike element and the boost cir- 
cuit in the base. The cable is passed 
through a hole in the boom at the junction 
of the boom and vertical post. Another 
hole is drilled in the vertical post, just 
below the top surface of the base. This 
allows the RG-174 cable to be routed to 
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R7, R9, R15—Miniature PC-mount 
control with triangular lead layout. 
RFC1—Miniature RF choke, 220 uH to 
1 mH (value not critical). Do not 

substitute a ferrite bead. 


the PC board above the pipe cap in the 
base. 

The diagonal hole in the vertical post is 
a bit tricky to drill. One method involves 
placing the */s-inch pipe in a vise at the 
desired angle. Then drill the hole while 
holding the drill straight up and down. 
Start with a '/s-inch drill bit and work pro- 
gressively up to a '/2-inch. A round file is 
then used to shape the hole for a snug fit 
between the boom pipe and the vertical 
post. A drop of PVC cement will lock the 
two together. PVC cement сап also be used 
to secure the pipe cap at the back of the 
boom. 

The circuit of Fig 22.53 fits on a PC 
board that measures 1'/x3?/ inches. 
Drilled and plated PC boards are available 
for this project from FAR Circuits.’ 


3A parts-placement guide and etching pattern 
are available from the ARRL Technical 
Secretary. Enclose a business-size return 
envelope and request the 95 Handbook 
Boom/Headset package. 


S1, S3—Miniature SPST toggle. 

S2—Momentary push-button switch, 
normally open. 

U1—8-pin DIP 741 op amp. 


PROPER ADJUSTMENT 

Be aware of the gain of this mike! Ad- 
just the audio level of your rig using the 
stock or existing non-amplified mike. Do 
this in accordance with the operator's 
manual and on-the-air checks. After re- 
placing that mike with this one, adjust R15 
for the same peak meter readings as be- 
fore. Do not exceed this output level. Too 
much audio from the mike will overdrive 
the input circuit and cause distortion. Ex- 
periment with the settings for R7 and R11. 

Operate your rig into a dummy load and 
monitor the signal with a receiver (AGC 
disabled and RF gain setting reduced). 
Tweak the boost controls until you feel the 
audio response is suitable for your voice. 
Final adjustments may be carried out on 
the air. Try to obtain reports from ama- 
teurs that have heard you speak in person. 
Do not use a speech processor when you 
make your preliminary tests, as you won't 
getan accurate picture of your voice range 
and quality. 


AN EXPANDABLE HEADPHONE MIXER 


From time to time, active amateurs find 
themselves wanting to listen to two or 
more rigs simultaneously with one set of 
headphones. For example, a DXer might 
want to comb the bands looking for new 
ones while keeping an ear on the local 
2-m DX repeater. Or, a contester might 
want to work 20 m in the morning while 
keeping another receiver tuned to 15 m 
waiting for that band to open. There are a 
number of possible uses for a headphone 
mixer in the ham shack. 

The mixer shown in Figs 22.54 and 
22.55 will allow simultaneous monitoring 
of up to three rigs. Level controls for each 
channel allow the audio in one channel to 
be prominent, while the others are kept in 
the background. Although this project was 
built for operation with three different 
rigs, the builder may vary the number of 
input sections to suit particular station re- 
quirements. This mixer was built in the 
ARRL Lab by Mark Wilson, AA2Z. 


CIRCUIT DETAILS 


The heart of the mixer is an LM386 low- 
power audio amplifier IC. This 8-pin 
device is capable of up to 400-mW output 
at 8 2 — тоге than enough for headphone 
listening. The LM386 will operate from 4- 
to 12-V dc, so almost any station power 
supply, or even a battery, will power it. 

As shown in Fig 22.55, the input 
circuitry for each channel consists of an 
8.2-Q resistor (R1-R3) to provide proper 
termination for the audio stage of each 
transceiver, a 5000-Q level control 
(R4-R6) and a 5600-Q resistor (R7-R9) 
for isolation between channels. C1 sets the 
gain of the LM386 to 46 dB. With pins 1 
and 8 open, the gain would be 26 dB. 
Feedback resistor R10 was chosen ex- 
perimentally for minimum amplifier total 
harmonic distortion (THD). C2 and R11 
form a "snubber" to prevent high-fre- 
quency oscillation, adding to amplifier 
stability. None of the parts values are par- 
ticularly critical, except R1-R3, which 
should be as close to 8 Q as possible. 


CONSTRUCTION 


Most of the components are arranged on 
a small PC board.' Perfboard will work 
fine also, but some attention to detail is 


1A parts placement diagram and full-size 
etching pattern are available from the 
ARRL Technical Secretary. Enclose a 
business-size SASE and request the 95 
Handbook Headphone Mixer package. 


Fig 22.54—The 3-channel headphone mixer is built on a small PC board. Lead 
length was kept to a minimum to aid stability. 


EXCEPT AS INDICATED, DECIMAL VALUES OF 
CAPACITANCE ARE IN MICROFARADS ( pF}; 
OTHERS ARE IN PICOFARADS (pF OR ур); 
RESISTANCES ARE IN OHMS; 

k*1000, M*1000 000, 


Fig 22.55—Schematic diagram of the LM386 headphone mixer. All resistors are 
14 W. Capacitors are disc ceramic unless noted. 


necessary because of the high gain of the : 


LM386. Liberal use of ground con- 
nections, short lead lengths and a bypass 
capacitor on the power-supply line all add 
to amplifier stability. 

The mixer was built in a small diecast 
box. Tantalum capacitors and !/4-W resis- 
tors were used to keep size to a minimum. 
The '386 IC is available from Radio Shack 
(cat. no. 276-1731). A 0.01-uF capacitor 


Station Setup and Accessory Projects 


and a ferrite bead on the power lead help 
keep RF out of the circuit. In addition, 
shielded cable is highly recommended for 
all connections to the mixer. The output 
jack is wired to accept stereo headphones. 

Output power is about 250 mW at 5% 
THD into an 8-Q load. The output wave- 
form faithfully reproduces the input wave- 
form, and no signs of oscillation or insta- 
bility are apparent. 
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AUDIO BREAK-OUT BOX 


Two integrated circuits and a small PC 
board are all you need to solve the prob- 
lem of feeding one receiver into several 
add-ons, such as a TNC, a PC interface or 
a speaker. Ben Spencer, G4YNM, de- 
scribed this project in March 1995 QST. It 
takes the audio output from a receiver and 
applies it to the inputs of four identical, 
independent, low-level AF amplifiers and 
one high-level (1-W output) AF amplifier. 

Each low-level output channel can pro- 
vide up to 20 dB of gain that’s independently 
adjustable. You can apply audio to each of 
your accessories at a selected level without 
changing the level to the other accessories. 
In addition you can set the level to the 
speaker independently. Turn the speaker 
volume up to tune in the signal, and then turn 
the speaker volume down once tuning is fin- 
ished and the mode is operating. 


Circuit Description 


Four identical low-level channels, each 
feeding an amplifier (U1A, B, C and D), 
are shown in Fig 22.56. Using the top 
channel as an example, C1 connects the 
input jack J1 to the noninverting input of 
UIA. R3 and R4 set U1A's voltage gain. 
R4 is the gain control, and when set fully 
clockwise (maximum resistance), the 
amplifier's gain is 10 (20 dB). At a coun- 
terclockwise (minimum resistance) set- 
ting, the amplifier's gain is 1 (0 dB). 

The lower cut-off frequency (set by C2 
and R3) is 16 Hz. The upper cut-off fre- 
quency of each channel is well beyond the 
audio frequency range. Each channel's 
output is dc isolated from its load; for ex- 
ample, U1A's output is dc isolated by C3. 

R17 isthe volume control for AF power 
amplifier U2 This stage will drive a 
low-impedance load such as aloudspeaker 
(4 to 16 Q) at a level up to 1 W. 


Construction 


A single-sided PC board is available,! 
but the unit will work equally well built on 
perf-board. A template available from the 
ARRL2 includes a PC board layout and a 
parts layout. This parts layout also can be 
used as a guide for construction on perf- 
board. The PC board directly accepts ver- 
tical and horizontal-mount single-turn po- 
tentiometers, but you can run wires from 
the mounting holes to front-panel-mount 


1 PC boards are available for $6, plus $1.50 
shipping, from FAR Circuits (see the Ad- 
dress List in the References chapter). 

? A PC-template is available from the ARRL 
Technical Secretary. Enclose a business 
size (#10) SASE and ask for the 96 Hand- 
book Spencer Audio Break-Out Box Tem- 
plate. 
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В4 Ж 100 uF 
100 k 16 V 


+ 
R12» 100 pF 
100k ^ 16V 


R16 Ж 100 uF 
100 k 16 V 


VOLUME 


Except as indicated, decimal values of 
capacitance are in microforods ( ШЕ); 
others аге in picofarads ( pF ); 
resistances аге in ohms; к=1,000 
NC=Not Connected. 

IC pins not shown are unused. 

*=See text. 


Fig 22.56—This audio break-out box 
requires less than 500-mA froma 
12-VDC supply. All. resistors are '/i;-W, 
‘5%-tolerance carbon-composition or 
film units unless otherwise specified. 
` RS numbers in parentheses are Radio 


- Shack stock numbers. 


Ci, C3, C4, C6, C7, C9, C10, C12, C13, 
C15, C17—100 НЕ, 16-V radial 
electrolytic or tantalum 
(RS 272-1028). ‘ 

C2, C5, C8, C11—1 ПЕ, 16- V radial 

'" electrolytic or tantalum : 
(RS 272-1434). 

C14, C16—0.1 uF, 50 V disc ceramic . 
(RS 272-135). 

R1, R2, R5, R6, R9, R10, R13, R14— 

Я 100 kW. 

R3, R7, R11, R15—10 kw. 


~ Misc: Single-sided PC board (see Note 


R4, R8, R12, R16, R17——100-kW log or 
audio taper, panel-mount DE 
· potentiometer (RS 271-1722) or 
PC-board vertical-mount trimmer 
Por nomen see text. | 

R18—2.7 О, !/» W. ' 

U1—TL084, TL074, or LM324 quad op . 
amp (RS 276-1711). 

U2—LM380N 2-W audio power Я 
amplifier. The LM380 is available in 
several packages. Be sure to use 
the 14-pin DIP if you are going to 
build this project on the PC board 
from FAR or from the ARRL 
template. 


1), enclosure, knobs, IC sockets, 
. input and output connectors of 
' choice, hook-up wire. ' 


AN SWR DETECTOR AUDIO ADAPTER. 


This SWR detector áudio adapter is 
designed ‘specifically for blind or 
vision-impaired amateurs, but anyone 
can use it. The basic circuit can be 
adapted to.any application where you 
want to use an audio tone rather than a 
meter to give an indication of the value 
of a dc voltage. 


forward and reflected voltages. This 
adapter generates two tones with fre- 
quencies that are proportional to these 
voltages. The tones are fed to a pair of 


stereo headphones (the miniature types . 
. are 


ideal) so. one ear hears the 
forward-voltage tone and the other ear 
hears the reflected-voltage tone. Ben 
Spencer, GAYNM, described this sys- 
tem in the July 1994 QST. He connected 
the forward voltage tone to his left ear- 


' phone and reverse voltage tone to his ` 


right earphone. Thus, tuning up a trans- 


mitter is simply a matter of tuning for ` 


the highest pitched tone in the left ear, 
and the lowest pitched tone in the неш 
ear. 


The PC board can be installed in exist- 


ing SWR detectors, and the forward and 
reflected voltages obtained by tapping into 
the lines that currently connect the voltage 


‘selector switch. 


sensors to the existing meters. or С meter 


‚ Circuit Description’ 


The audio-adapter circuit i is shown in 


Fig 22.57. Each half of the adapter сіг-' 


cuit operates identically’ Most SWR 


‘detectors consist of two RF voltage sen- 
Usually a meter (or meters) is used to 
display SWR by measuring the feed line. 


sors, one for forward voltage and one 


for reverse. These voltages are diode-. 


rectified. The resulting dc voltages are 
fed to meters that indicate relative for- 


мага and reflected power. With this cir- E 
cuit, the forward and reflected voltages 


are applied to the audio adapter board 
and drive voltage-controlled oscillators 
(VCOs). 2 

The forward dc Voliise from the SWR 


‘detector is routed to R1, buffered by ОІВ; 
‚ fed to Sensitivity control R5A and applied 


to VCO U2B. As the voltage on pin 1 of 


U2B increases, so does the frequency of 


the tone output at U2B pin 10. 


Adjusting the Sensitivity control sets' | 


the range of audio tones produced by the 


audio adapter., This signal is fed via: 


VoLUME control R6A to the audio amplifier 


‚ (ОЗА) to drive the left headphone. Zener : 
‘diode DI limits the maximum input volt- 
аре, partly to protect ОІВ, but also to limit 


the upper vco авер to about 3 kHz. 
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potentiometers. 


+ 


potentiometers. Since the project uses ` 
high-gain audio circuits, enclose it in a 


- metal box. Place the input and output jacks 
` on the rear panel to кер the interconnect- 
| ing leads out of the way.- 


Checkout 


After rechecking your wiring and sol- 
dering, connect the circuit to a 12-V power 
supply. The current drawn should be less 
than 50 mA when no audio is applied. 
Connect J1.to the AF output of your re- 
ceiver and а speaker to J6. Adjust R17, 
VOLUME, for a comfortable listening level. 


‘ Nextcheck the operation of the low-power : 


outputs by connecting J2, J3, J4 and J5 to 
a small earplug. Vary the four gain con- 
trols to check their. operation. Each gain 
control can now be set to provide the audio 


evel needed for each add-on. 


Without any dc input, each VCO runs 
at a low frequency (approximately 380 


` ©, Hz) to tell you the-unit is operating. In- | | 


creased voltage оп the. transmission 
line— even from a low- -power transmit- 
ter— is sufficient to cause the tone fre- 
quency to increase noticeably. As the 
voltage decreases, so does the frequency . 


of the tone. 


Construction. — 


- A single-sided PC board and template: 
package are available.!:2 The PC board is 
small-enough to fit inside most existing 
SWR detectors and the circuit can be bat- ` 
tery operated if required. Mount a stereo’ 
headphone jack on the SWR detector’s. 
front panel to accept the headphone plug. 

R6A and R6B are parts of a dual- 
section, panel-mount potentiometer. RSA 
and R5B are PC-board mounted trimmer 
For those who want a 


* PC boards are available for $2.50, plus 


$1.50 shipping, from FAR Circuits (see the 

address list in the References chapter). ` 
? A PC-template is available free from the 

‘ARRL Technical Secretary. Enclose a 

business size (410) SASE and ask for the 

„96 Handbook Spencer Audible SWR 
` Adapter template: . x 


` 
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panel-mounted Sensitivity control, a 
U2B Except as indicated, decimal values of dual-gang potentiometer can be substi- 


1/2 74LS629 capacitance are in microfarads ( uF ); tuted for R5A and R5B. 
R1 others are in picofarads (pF ); 
2.2 к U1B resistances are in ohms; k=1,000. 


LM358N 


FWD 


Testing and Calibration 


Once the unit is installed in an SWR 
detector, connect a 5-V power supply to 
the audio adapter board. When power is 
applied. you should hear two identical low 


USA frequency tones in the headphones. Ad- 
R6A g 1/2 LM358N 


25k 1 


just the VOLUME controls to provide a 
VOLUME to 8 to 32-0 comfortable listening level. 
d Headphones Next, connect your transmitter to a 
Ra 5 " dummy load via the SWR detector. When 
i you key your transmitter, the tone in the 
left earpiece should increase in frequency 
quite dramatically, representing increas- 
ing forward power. Theoretically, with a 
matched line and load, there should be no 
reflected voltage and therefore, the 
right-headphone tone shouldn’t change. In 
all probability, however, the tone fre- 
quency will increase, but only slightly. 


U2A If you use an antenna tuner for matching 
1/2 7415629 " a 
Lur your antenna system, you’ll hear the two 
UIA | tones change frequency according to the 
LM358N + degree of mismatch. The best match is 


indicated by the forward headphone tone 
reaching its maximum frequency while the 
reflected (right) headphone tone fre- 


U3B D EDU 
1/2 LM358N quency decreases to its minimum. 
10k 


SENSITIVITY 


*Heat Sink 


Fig 22.57—Schematic of the SWR detector audio-adapter circuit. Unless otherwise 
specified, resistors are '/4-W, 5%-tolerance carbon-composition or film units. All 
capacitors are disc ceramic unless otherwise stated. The circuits of A and B are 
identical, each driving one earphone of an 8- to 32- stereo headset. At A, the 
forward-voltage circuit; at B, the reflected-voltage circuit. A voltage regulator that 
provides 5-V dc is shown at C. 


R5A, R5B—10-kQ horizontal-mount U2—74LS629 dual VCO (available from 
trimmer potentiometer; optionally, a Jameco) or a NTE74LS629 (available 
25-kQ dual-gang, panel-mount from Hosfelt Electronics). 
potentiometer can be used. Misc: PC board, stereo headphone 

R6—25-kQ dual-gang, panel-mount jack, 8 to 32-Q stereo headphones, 
potentiometer. mounting hardware. 


U1, U3—LM358N dual op amp (available 
from Jameco. See the Address List 
in the References chapter) or 
substitute an NTE928M (available 
from Hosfelt Electronics). 


22.34 Chapter 22 


PC VOLTMETER AND SWR BRIDGE | 


Personal computers are very good at do- 
ing arithmetic. To use this capability 
around the shack, the first thing to do is 
convert whatever you want tó measure 
(voltage, power, SWR) to numbers. Next 
you have to find a way to put these num- 
bers into your computer. Paul Danzer, 
N1H, took a single chip A/D (analog to 


digital converter) and built this unit to: . 
connect to a computer printer port. Con- . 


struction and test is just a few evenings' 
work, and the software to run the chip is on 
the disk enclosed with this book. 


Circuit Description 


The circuit consists of a single-chip 
A/D converter, U2, and a DB-25 male plug 
(Fig 22.58). Pins 2 and 3 are identical volt- 
age inputs, with a range from 0 to slightly 
less than the supply voltage Voc (+5 V). 
КІ, R2, C3 and C4 provide some input 
isolation and RF bypass. There are four 
signal leads on U2—DO is the converted 


data from the A/D out to the computer, DI 
and CS are control signals from the com- 


puter and CLK is a computer generated 
clock signal sent to pin 7 of U2. 

The +5 V supply is obtained from a 
*12 V source and regulator U1. One fa- 


vorite accident, common in many ham . 


shacks, is to connect power supply leads 
backwards. Diode DI prevents any dam- 
age from this action. Current drain is usu- 
ally less than 20-mA, so any 5-V regulator 
may be used for U1. The power supply 
ground, circuit ground and computer 
ground are all tied together. 


In this form the circuit gives two iden- 


tical dc voltmeters. To extend the range, a 
2:1 divider, using 50-kQ resistors, is 
shown. Resistor accuracy is not important, 
since the circuit is calibrated in thé accom- 
panying software. 

. The breadboard circuit, built on a univer- 
sal PC board (Radio Shack 276-150), is 
shown іп Fig 22.59. The voltage regulator is 
on the top left and the converter chip, U2, in 
an 8-pin socket. Power is brought in through 
a MOLEX plug which follows the standard 
suggested earlier in this chapter. Signal in- 
put and ground are on the wire stubs. Two 
strips of soft aluminum, bent into L-shapes, 
hold Ше male DB-25 connector (Radio 
Shack 276-1547) to the PC board. 


Use It As An SWR Bridge 


Most analog SWR measuring devices 
use a meter, which has a nonlinear scale 


calibration. An SWR of 3:1 is usually” 


close to center scale, and values above this 
are rarely printed. To use the PC voltmeter 
_as an SWR bridge indicator, move jump- 
ers WA and WB from the A1 and B1 posi- 


Ui 7805 


412 V dc 


D1 
1N4005 


-` Channel O 
' Input 


' 50ка gs 


PL1 
DB-25 Male 


U2 
ADCOB32 


Forward 
Voltage 


50 Vdc 


р 1/4 W Боко 
ZEN" 


Channel 1 
' Input 


. to Directional 
Coupler 


Reverse 


Fig 22.58—Only two chips are used to provide a dual-channel voltmeter. PL1 is 
connected through a standard 25-pin cable to a computer printer port. U2 requires 
an 8-pin IC socket. All resistors are 1/4 W. You can use the A/D as an SWR display 
by connecting it to a sensor such as the one used in the Tandem Match described 
in this chapter (see text). A few more resistors are ali that are needed to change 
the voltmeter scale. The 50 kO resistors form 2:1 voltage dividers, extending the 
‘voltmeter scale (on both channels) to almost 10-V dc. _·_. 


tions to the A2 and B2 positions Discon- 


nect the cathodes (banded end) of the di- 


ode detectors in your SWR bridge and 
‘connect them to J1 and J2. E 
7 The current that flows out of these di- 
odes, and into J1 and J2, goes through the 
25 kQ resistors R7 and R8, to provide volt- 
ages of less than 5. V. These voltages are 
proportional to the forward and reverse 
voltages developed in the directional cou- 
pler. The software in the PC takes the sum 
: and difference of these forward and re- 
verse voltages, and calculates the SWR.. 


Software, 


The software, including a voltmeter 
function and an SWR function, is written in 


^ 


GW-BASIC and saved as.an ASCII file. 


. Therefore you can read it on any word pro- 


cessor, but if you modify it make sure you 


. resaveitas an ASCII file. It can be imported 


into QBasic and most other BASIC dialects. 

It was written to be understandable 
rather than to be most efficient. Each line 
of basic code has a comment or explana- 
tion. І can be modified for most comput- 


. ers. The printer port used is LPT1, which 


‘is at a hex address of 378, 379 and 37A. If 
you wish to use LPT2 ( printer port 2) try 


changing these addresses to 278, 279 and | 
27А. ` 


Gary Sutcliffe, W9XT, wrote a small 
BASIC program to help you find the ad- 
dresses of your printer ports. Run 
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Fig 22.59—Construction of this model took only one evening. No special tools are 


required. All parts except U2 are available from most suppliers as well as Radio 


Shack. The A/D converter chip can be purchased from any National Semiconductor 


dealer such as Digi-Key. See the Address List in the References chapter. 


FINDLPT.BAS, which is included on the 
Handbook disk. 

The A2D program was written to run on 
computers as slow as 4.7-MHz PC/XTs. If 
you get erratic results with a much faster 
computer, set line 1020 (CD=1) to a higher 
value to increase the width of the com- 
puter generated clock pulses. 

The A2D program operates by first read- 
ing the value of voltage at point A into the 
computer, followed by the voltage at point 
B. It then prints on the screen these two 
values, and computes their sum and differ- 
ence to derive the SWR. If you use the 
project as a voltmeter, simply ignore the 
SWR reading on the screen or suppress it by 
deleting lines 2150, 2160 and 2170. If the 
two voltages are very close to each other 
(within | mV) the program declares a bad 
reading for SWR. 


Calibration 


Lines 120 and 130 in the program inde- 
pendently set the calibration for the two 
voltage inputs. To calibrate a channel, ap- 
ply a known voltage to the input point A. 
Read the value on the PC screen. Now 
multiply the constant in line 120 by the 
correct value and divide the result by the 
value you previously saw on the screen. 
Repeat the procedure for input point B and 
line 130. 


_ —————————— 
THE TANDEM МАТСН—АМ ACCURATE DIRECTIONAL WATTMETER 


Most SWR meters are not very accurate 
at low power levels because the detector 
diodes do not respond to low voltage in a 
linear fashion. This design uses a compen- 
sating circuit to cancel diode nonlinearity. 
It also provides peak detection for SSB 
operation and direct SWR readout that 
does not vary with power level. Fig 22.65 
is a photo of the completed project. The 
following information is condensed from 
an article by John Grebenkemper, 
KI6WX, in January 1987 QST. Some 
modifications by KIGWX were detailed in 
the “Technical Correspondence" column 
of July 1993 QST. The minor ones have 
been included here. More extensive 
changes are included with a PC Board 
available from FAR Circuits.’ 


CIRCUIT DESCRIPTION 
A directional coupler consists of an in- 


1A PC board is available from FAR Circuits. 
See the Address List in the References 
chapter. PC board template packages are 
also available from FAR Circuits. 
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Fig 22.65—The Tandem Match uses a 
pair of meters to display net forward 
power and true SWR simultaneously. 


put port, an output port and a coupled port. 
Ideally, a portion of the power flowing 
from the input to the output appears at the 
coupled port, but none of the power 
flowing from the output to the input 
appears at the coupled port. 

The coupler used in the Tandem Match 
consists of a pair of toroidal transformers 
connected in tandem. The configuration 
was patented by Carl G. Sontheimer and 
Raymond E. Fredrick (US Patent no. 
3,426,298, issued February 4, 1969). It has 
been described by Perras, Spaudling (see 
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Table 22.4 

Performance Specifications for the Tandem Match 
Power range: 1.5 to 1500 W 

Frequency range: 1.8 to 54 MHz 


Power accuracy: 
SWR accuracy: 
Minimum SWR: 
Power display: 
SWR display: 
Calibration: 


Better than +5% 
Less than 1.05:1 


Better than +10% (+0.4 dB) 


Linear, suitable for use with either analog or digital meters 
Linear, suitable for use with either analog or digital meters 
Requires only an accurate voltmeter 


l-———————— —MÀÀ —— CADET E 


TRANSMITTER 


am 


SOLDER 
LUG 


SOLDER 
LUG 


FORWARD 


2-4) 


Fig 22.71 —Construction details for the directional coupler. A metal case is 


required. 


BACKSIDE OF 
AN SO- 239 


SOLDER 
LUG 


1N5711 


Fig 22.72—The parallel load resistors mounted on an SO-239 connector. Four 
200-O resistors are mounted in parallel to provide a 50-Q detector load. 


bibliography) and others. With coupling 
factors of 20 dB greater, this coupler is 
suitable to sample both forward and re- 
flected power. 

The configuration used in the Tandem 
Match works well over the frequency 
range of 1.8 to 54 MHz, with a nominal 
coupling factor of 30 dB. Over this range, 
insertion loss is less than 0.1 dB. The 
coupling factor is flat to within +0.1 dB 
from 1.8 to 30 MHz, and increases to only 
+0.3 dB at 50 MHz. Directivity exceeds 
35 dB from 1.8 to 30 MHz and exceeds 26 
dB at 50 MHz. 

The low-frequency limit of this direc- 
tional coupler is determined by the induc- 
tance of the transformer secondary wind- 
ings. The inductive reactance should be 
greater than 150 © (three times the line 
characteristic impedance) to reduce inser- 
tion loss. The high-frequency limit of this 


directional coupler is determined by the 
length of the transformer windings. When 
the winding length approaches a signifi- 
cant fraction of a wavelength, coupler 
performance deteriorates. ; 

The coupler described here may over- 
heat at 1500 W on 160 m (because of the 
high circulating current in the secondary 
of T2). The problem could be corrected by 
using a larger core or one with greater 
permeability. A larger core would require 
longer windings; that option would de- 
crease the high-frequency limit. 

Most amateur directional wattmeters 
use a germanium-diode detector to mini- 
mize the forward voltage drop. Detector 
voltage drop is still significant, however, 
and an uncompensated diode detector does 
not respond to small signals in a linear 
fashion. Many directional wattmeters 
compensate for diode nonlinearity by ad- 
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Table 22.5 
Range-Switch Resistor Values 
Full-Scale Range Resistor 
Power Level (1% Precision) 
(W) (kQ) 
1 2.32 
2 3.24 
3 4.02 
5 5.23 
10 7.68 
15 9.53 
20 11.0 
25 12.7 
30 15.0 
50 18.7 
100 28.7 
150 37.4 
200 46.4 
250 54.9 
300 63.4 
500 100.0 
1000 237.0 
1500 649.0 
2000 open 


justing the meter scale. 

The effect of underestimating detected 
power worsens at low power levels. Under 
these conditions, the ratio of the forward 
power to the reflected power is over- 
estimated because the reflected power is 
always less than the forward power. This 
results in an instrument that under- 
estimates SWR, particularly as power is 
reduced. A directional wattmeter can be 
checked for this effect by measuring SWR 
at several power levels. The SWR should 
be independent of power level. 

The Tandem Match uses a feedback cir- 
cuit to compensate for diode nonlinearity. 
Transmission-line SWR is displayed on a 
linear scale. Since the displayed SWR is 
not affected by changes in transmitter 
power, a matching network can be simply 
adjusted to minimize SWR. Transmatch 
adjustment requires only a few watts. 


CONSTRUCTION 


The schematic diagram for the Tandem 
Match is shown in Fig 22.70. The circuit is 
designed to operate from batteries and 
draws very little power. Much of the 
circuitry is of high impedance, so take care 
to isolate it from RF fields. House the 
circuit in a metal case. Most problems in 
the prototype were caused by stray RF in 
the op-amp circuitry. 


DIRECTIONAL COUPLER 


The directional coupler is constructed in 
its own small (23/4 x 23/4 x 2!'/s-inch) 
aluminum box (see Fig 22.71). Two pairs 
of SO-239 connectors are mounted on 
opposite sides of the box. A piece of PC 
board is run diagonally across the box to 
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Table 2 
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Grounds Separated 
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Chassis Circuit 
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Plane Plane R2 100 k 


REFLECTED DETECTOR 
ZERO 


Fig 22.70—Schematic diagram of the Tandem Match directional wattmeter. Parts identified as RS are from Radio Shack. 
Contact information for parts suppliers appears in the References chapter. 


D1-D4—1N5711 M1, M2—0-15 V panel meter. U1-U3—TLC27M4 op amp 
D6, D7—1N34A or 1N271 Q1, Q3, Q4—2N2222 metal case only. U4—TLC27L2 or TLC27M2. 
D8-D14—1N914. Q2—2N2907 metal case or equiv. U5-U7—CA3146. 
FB—Ferrite bead, Amidon FB-73-101 or R1, R2, R5—100-kO, 10-turn cermet U8—LM334. 

equiv. Trimpot. U9, U10—LM336. 
J1, J2—SO-239 connector. R3, 4—100-КО, 10-turn, cermet 
J3, J4—Open-circuit jack. Trimpot. 
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OPERATE 


+25 у TLC27L4 


Except as indicated, decimal 
values of capacitance are 

in microfarads ( F); others 
are in picofarads ( pF); 
resistances are in ohms; 

k= 1,000, M= 1,000,000 


* Four 200-0, 2%, 1/2-W 
100 k 1X 100 k 1X Noninductive Resistors 
Mounted on Rear of SO-239 


00326225 ЖЖ See text 


Bottom View 
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improve coupler directivity. The pieces of 
RG-8X coaxial cable pass through holes in 
the PC board. (Note: Some brands of “mini 
8” cable have extremely low breakdown 
voltage ratings and are unsuitable to carry 
even 100 W when the SWR exceeds 1:1. 
See “High-Power Operation” for details of 
a coupler made with RG-8 cable.) 

Begin by constructing Т1 and T2, which 
are identical except for their end connec- 
tions. (Refer to Fig 22.71.) The primary 
for each transformer is the center conduc- 
tor of a length of RG-8X coaxial cable. 
Cut two cable lengths sufficient for 


mounting as shown in the figure. Strip the ' 


cable jacket, braid and dielectric as shown. 
The cable braid is used as a Faraday shield 
between the transformer windings, so it is 
only grounded at one end. Important— 
connect the braid only at one end or the 
directional-coupler circuit will not work 
properly! Wind two transformer second- 
aries, each 31 turns of 424 enameled wire 
on a T-50-3 iron-powder core. Slip each 
core over one of the prepared cable pieces 
(including both the shield and the outer 
insulation). Mount and connect the trans- 
formers as shown in Fig 22.71, with the 
wires running through separate holes in 
the copper-clad PC board. 

The directional coupler can be mounted 
separately from the rest of the circuitry if 
desired. If so, use two coaxial cables to 
carry the forward- and reflected-power 
signals from the directional coupler to the 
detector inputs. Be aware, however, that 
any losses in the cables will affect power 
readings. 

This directional coupler has not been 
used at power levels in excess of 100 W. 
For more information about using Tandem 
Match at high power levels, see “High- 
Power Operation." 


DETECTOR AND SIGNAL- 
PROCESSING CIRCUITS 


The detector and signal-processing cir- 
cuits were constructed on a perforated, 
copper-clad circuit board. These circuits 
use two separate grounds—it is extremely 
important to isolate the grounds as shown 
in the circuit diagram. Failure to do so 
may result in faulty circuit operation. 
Separate grounds prevent RF currents on 
the cable shield from affecting the op-amp 
circuitry. 

The directional coupler requires good 
50-Q loads. They are constructed on the 
back of the female UHF chassis connec- 
tors where the cables from the directional 
coupler enter the wattmeter housing. Each 
load consists of four 200-Q resistors con- 
nected from the center conductor of the 
UHF connector to the four holes on the 
mounting flange, as shown in Fig 22.72. 
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The detector diode is then mounted from 
the center conductor of the connector to 
the 100-pF and 1000-pF bypass capaci- 
tors, which are located next to the con- 
nector. The response of this load and 
detector combination measures flat to 
beyond 500 MHz. 

Schottky-barrier diodes (type 1N5711) 
were used in this design because they 
were readily available. Any RF-detector 
diode with a low forward voltage drop 
(less than 300 mW) and reverse break- 
down voltage greater than 30 V could be 
used. (Germanium diodes could be used in 
this circuit, but performance will suffer. If 
germanium diodes are used, reduce the 
values of the detector-diode and feedback- 
diode load resistors by a factor of 10.) 

The rest of the circuit layout is not 
critical, but keep the lead lengths of 0.001- 
and 0.01-uF bypass capacitors short. The 
capacitors provide additional bypass paths 
for the op-amp circuitry. 

D6 and D7 form a voltage doubler to 
detect the presence of a carrier. When the 
forward power exceeds 1.5 W, Q3 
switches on and stays on until about 
10 seconds after the carrier drops. (A 
connection from TP7 to TP9 forces the 
unit on, even with no carrier present.) The 
regulated references of 42.5 V and -2.5 V 
generated by the LM334 and LM336 are 
critical. Zener-diode substitutes would 
significantly degrade performance. 

The four op amps in U1 compensate for 
nonlinearity of the detector diodes. D1- 
D2 and D3-D4 are the matched diode pairs 
discussed above. A RANGE switch selects 
the meter range. (A six-position switch 
was used here because it was handy.) The 
resistor values for the RANGE switch are 
shown in Table 22.5 Full-scale input 
power gives an output at UIC or UID of 
7.07 V. The forward- and reflected-power 
detectors are zeroed with R1 and R2. 

The forward- and reflected-detector 
voltages are squared by U2, U5 and U6 so 
that the output voltages are proportional 
to forward and reflected power. The gain 
constants are adjusted using R3 and R4 so 
that an input of 7.07 V to the squaring 
circuit gives an output of 5 V. The dif- 
ference between these two voltages is 
used by U4B to yield an output that ås pro- 
portional to the power delivered to the 
transmission line. This voltage is peak 
detected (by an RC circuit connected to 
the OPERATE position of the MODE switch) 
to indicate and hold the maximum power 
measurement during CW or SSB trans- 
missions. 

SWR is computed from the forward and 
reflected voltages by U3, U4 and U7. 
When no carrier is present, Q4 forces the 
SWR reading to be zero (that is, when the 


forward power is less than 2% of the full- 
scale setting of the RANGE switch). The 
SWR computation circuit gain is adjusted 
by R5. The output is peak detected in the 
OPERATE mode to steady the SWR reading 
during CW or SSB transmissions. 

Transistor arrays (U5, U6 and U7) are 
used for the log and antilog circuits to 
guarantee that the transistors will be well 
matched. Discrete transistors may be used, 
but accuracy may suffer. 

A three-position toggle switch selects 
the three operating modes. In the OPERATE 
mode, the power and SWR outputs are 
peak detected and held for a few seconds 
to allow meter reading during actual trans- 
missions. In the TUNE mode, the meters 
display instantaneous output power and 
SWR. 

A digital voltmeter is used to obtain 
more precise readings than are possible 
with analog meters. The output power 
range is 0 to 5 V (0 V Z0 W and 5 V = full 
scale). SWR output varies from 1 V (SWR 
=1:1)to5 V (SWR = 5:1). Voltages above 
5 V are unreliable because of voltage lim- 
iting in some of the op amp circuits. 


CALIBRATION 


The directional wattmeter can be cali- 
brated with an accurate voltmeter. All cali- 
bration is done with dc voltages. The di- 
rectional-coupler and detector circuits are 
inherently accurate if correctly built. To 
calibrate the wattmeter, use the following 
procedure: 

1) Set the MODE switch to TUNE and 
the RANGE switch to 100 W or less. 

2) Jumper TP7 to TP8. This turns the 
unit on. 

3) Jumper TP1 to TP2. Adjust КІ for 
0 V at TP3. 

4) Jumper TP4 to ТР5. Adjust R2 for 
0 V at TP6. 

5) Adjust R1 for 7.07 V at TP3. 

6) Adjust R3 for 5.00 V at TP9, or a 
full-scale reading on M1. 

7) Adjust R2 for 7.07 V at TP6. 

8) Adjust R4 for 0 V at TP9, or a zero 
reading on M1. 

9) Adjust R2 for 4.71 V at TP6. 

10) Adjust R5 for 5.00 V at TP10, or a 
full-scale reading on M2. 

11) Set the RANGE switch to its most 
sensitive scale. 

12) Remove jumpers from ТРІ to TP2 
and TP4 to TP5. 

13) Adjust R1 for 0 V at TP3. 

14) Adjust R2 for 0 V at TP6. 

15) Remove jumper from TP7 to TP8. 

This completes the calibration pro- 
cedure. This procedure has been found 
to equal calibration with expensive 
laboratory equipment. The directional 
wattmeter should now be ready for use. 


ACCURACY 


Performance of the Tandem Match has 
been compared to other well-known 
directional couplers and laboratory test 
equipment, and it equals any amateur 
directional wattmeter tested. Power 
measurement accuracy of the Tandem 
Match compares well to a Hewlett-Packard 
HP-436A power meter. The HP meter has 
a specified measurement error of less than 
+0.05 dB. The Tandem Match tracked the 
436A within +0.5 dB from 10 mW to 100 
W and within +0.1 dB from 1 W to 100 W. 
The unit was not tested above 1200 W 
because a transmitter with a higher power 
rating was not available. 

SWR performance was equally good 
when compared to the SWR calculated 
from measurements made with 436A anda 
calibrated directional coupler. The 
Tandem Match tracked the calculated 
SWR within +5% for SWR values from 
1:1 to 5:1. SWR measurements were made 
at 8 W and 100 W. 


TRANSMITTER 


OPERATION 


Connect the Tandem Match in the 50-Q 
line between the transmitter and the an- 
tenna matching network (or antenna if no 
matching network is used). Set the RANGE 
switch to a range greater than the transmit- 
ter output rating and the MODE switch to 
TUNE. When the transmitter is keyed, the 
Tandem Match automatically switches on 
and indicates both power delivered to the 
antenna and SWR on the transmission line. 
When no carrier is present, the output 
power and SWR meters indicate zero. 

The OPERATE mode includes RC cir- 
cuitry to momentarily hold the peak- 
power and SWR readings during CW or 
SSB transmissions. The peak detectors are 
not ideal, so there could be about 10% 
variation from the actual power peaks and 
the SWR reading. The SWRx10 mode in- 
creases the maximum readable SWR to 
50:1. This range should be sufficient to 
cover any SWR value that occurs in 
amateur use. (A 50-ft open stub of RG-8 


yields a measured SWR of only 43:1, or 
less, at 2.4 MHz because of cable loss. 
Higher frequencies and longer cables ex- 
hibit a smaller maximum SWR.) 

It is easy to use the Tandem Match to 
adjust an antenna-matching network. 
Adjust the transmitter for minimum 
output power (at least 1.5 W). With the 
carrier on and the MODE switch set to 
TUNE or SWRx10, adjust the matching 
network for minimum SWR. Once mini- 
mum SWR is obtained, set the transmitter 
to the proper operating mode and output 
power. Place the Tandem Match in the 
OPERATE mode. 


PARTS 


Few parts suppliers carry all the compo- 
nents needed for these couplers. Each may 
stock different parts. Good sources in- 
clude Digi-Key, Surplus Sales of Ne- 
braska, Newark Electronics and Anchor 
Electronics. See the Address List in the 
References Chapter. 


ANTENNA 


REFLECTED 


Fig 22.73—Schematic diagram of the high-power directional coupler. D1 and D2 are germanium diodes (1N34 or equiv). R1 
and R2 are 47- or 51-0 '/-W resistors. C1 and C2 have 500-V ratings. The secondary windings of T1 and T2 each consist of 
40 turns of #26 to 30 enameled wire on T-68-2 powdered-iron toroid cores. If the coupler is built into an existing antenna 
tuner, the primary of T1 can be part of the tuner coaxial output line. The remotely located meters (M1 and M2) are connected 
to the coupler box at J1 and J2 via P1 and P2. 
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TAPE WRAPPED 


AND 
FEEDTHROUGHS 


SHIELD BRAID 
(GROUND ONLY ONE END) 


PC-BOARD 
SHIELD 


SHIELD BRAID 


(GROUND ONE 
END ONLY) 


STAND- OFF 
INSULATOR 


STANDOFF 
INSULATOR 


Fig 22.74—Directional-coupler construction details. Grommets or standoff 
insulators can be used to route the secondary windings of T1 and T2 through the 
PC-board shield. А 3'/2x3'/2x4-inch metal box serves as the enclosure. 


HIGH-POWER OPERATION 


This material was condensed from a 
letter by Frank Van Zant, KL7IBA, that ap- 
pears in July 1989 QST (pp 42-43). In April 
1988, Zack Lau, KH6CP, described a di- 
rectional-coupler circuit (based on the 
same principle as Grebenkemper's circuit) 
for a QRP transceiver (see the bibliography 
at the end of this chapter). The main advan- 
tage of Lau’s circuit is very low parts count. 

Grebenkemper uses complex log-anti- 
log amplifiers to provide good measure- 
ment accuracy. This application gets away 
from complex circuitry, but retains rea- 
sonable measurement accuracy over the 
] to 1500-W range. It also forfeits the 
SWR-computation feature. 

Lau's coupler uses ferrite toroids. It 
works great at low power levels, but the 
ferrite toroids heat excessively with high 
power, causing erratic meter readings and 
the potential for burned parts. 


The Revised Design 


Powdered-iron toroids are used for the 
transformers in this version of Lau's basic 
circuit. The number of turns on the sec- 
ondaries was increased to compensate for 
the lower permeability of powdered iron. 

Two meters display reflected and 
forward power (see Fig 22.73). The 
germanium detector diodes (D1 and 
D2—1N34) provide fairly accurate meter 
readings particularly if the meter is 
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calibrated (using R3, R4 and R5) to place 
the normal transmitter output at midscale. 
If the winding sense of the transformers is 
reversed, the meters are transposed (the 
forward-power meter becomes the re- 
flected-power meter, and vice versa). 


Construction 


Fig 22.74 shows the physical layout of 
this coupler. The pickup unit is mounted 
in a 3'/2x3'/2x4-inch box. The meters, PC- 
mount potentiometers and HIGH/LOW 
power switch are mounted in a separate 
box or a compartment in an antenna tuner. 

The primary windings of T1 and T2 are 
constructed much as Grebenkemper de- 
scribed, but use RG-8 with its jacket re- 
moved so that the core and secondary 
winding may fit over the cable. The braid 
is wrapped with fiberglass tape to insulate 
it from the secondary winding. An excel- 
lent alternative to fiberglass tape—with 
even higher RF voltage-breakdown char- 
acteristics—is ordinary plumber's Teflon 
pipe tape, available at most hardware 
stores. 

The transformer secondaries are wound 
on T-68-2 powdered-iron toroid cores. 
They are 40 turns of #26 to 30 enameled 
wire spread evenly around each core. By 
using #26 to 30 wire on the cores, the cores 
slip over the tape-wrapped RG-8 lines. 
With #26 wire on the toroids, a single layer 
of tape (slightly more with Teflon tape) 
over the braid provides an extremely snug 


fit for the core. Use care when fitting the 
cores onto the RG-8 assemblies. After the 
toroids are mounted on the RG-8 sections, 
coat the assembly with General Cement 
Corp Polystyrene Q Dope, or use a spot or 
two of RTV sealant to hold the windings 
in place and fix the transformers on the 
RG-8 primary windings. 

Mount a PC-board shield in the center 
of the box. between T1 and T2, to mini- 
mize coupling between transformers. Sus- 
pend T1 between SO-239 connectors and 
T2 between two standoff insulators. The 
detector circuits (C1, C2, D1, D2, R1 and 
R2) are mounted inside the coupler box as 
shown. 


Calibration, Tune up and 
Operation 


The coupler has excellent directivity. 
Calibrate the meters for various power lev- 
els with an RF ammeter and a 50-Q 
dummy load. Calculate ГК foreach power 
level, and mark the meter faces accord- 
ingly. Use R3, R4 and R5 to adjust the 
meter readings within the ranges. Diode 
nonlinearities are thus taken into account, 
and Grebenkemper's signal-processing 
circuits are not needed for relatively accu- 
rate power readings. 

Start the tune-up process using about 
10 W, adjust the antenna tuner for mini- 
mum reflected power, and increase power 
while adjusting the tuner to minimize 
reflected power. 

This circuit has been built into several 
antenna tuners with good success. The 
bridge worked well at 1.5-kW output on 
1.8 MHz. It also worked fine from 3.5 to 
30 MHz with 1.2- and 1.5-kW output. The 
antenna is easily tuned for a 1:1 SWR 
using the null indication provided. 

Amplifier settings for a matched an- 
tenna, as indicated with the wattmeter, 
closely agreed with those for a 50-Q 
dummy load. Checks with a Palomar noise 
bridge and a Heath Antenna Scope also 
verified these findings. This circuit should 
handle more than 1.5 kW, as long as the 
SWR on the feed line through the watt- 
meter is kept at or near 1:1. (On one oc- 
casion high power was applied while the 
antenna tuner was not coupled to a load. 
Naturally the SWR was extremely high, 
and the output transformer secondary 
winding opened like a fuse. This resulted 
from the excessively high voltage across 
the secondary. The damage was easily and 
quickly repaired). 


A REMOTELY CONTROLLED ANTENNA SWITCH . 


This project originally appeared in 
OST. ' This switch can be used to automati- 
cally select the córrect antenna when used 


with an ICOM MF/HF rig. Modifications: 


would allow it to be used with other brands 


as well, or controlled manually. The- 


switch can also be controlled чини 


DESCRIPTION 


Fig 22.75 is a block diagram of the sys- 


tem. The decoder connects to the rig via an 
accessory connector on the back of the 
transceiver. Many modern rigs have an 
_ accessory connector used for automatic 
bandswitching of ‘amplifiers and other 
equipment. They usually use particular 
voltages on one of the accessory connec- 
tor pins to indicate the selected band. A 


single length of coax and a multiconduc- ` 


tor control cable run from the rig and the 
decoder box to the remotely located switch 
unit. The remote relay box is equipped 
with seven SO-239 connectors: one for the 


feed line (COMMON) and one for each : 


antenna. 
` The details of the ICOM rear-panel 


accessory connector (АСС2) are provided 


here. Refer to the documentation for your 


wig for details if you have another brand. | 


The connector on the ICOM provides the 
band signal, an 8.0-V reference and a 
13.8-V supply tap. Table 22.6 shows the 
output voltage at the accessory socket 
‘when the radio is switched to the various 
bands. 9 


The ACC2 connector pin assignments 


for the IC-735 are: 
Pin 1 +8 V reference 
Pin 2 Ground 
Pin 4 Band signal voltage. 
Pin 7 413.8 V supply 


DECODER CIRCUIT 


The schematic for the decoder is shown 
in Fig 22.76. R1 through R7 divide the 
8-V reference voltage from the-rig to pro- 
. vide midpoints between the band signal 

levels. Three LM339 quad comparators do 
the work deciding which band the rig is 
on. 


at the ends of the reference voltage range. 


All other bands use two comparators. One. 


detects if the band signal is above a spe- 
cific level while the other determines if it 
is below a specific level: If the signal is 
between the two levels, the output-relay 


TA ТЕРЕН Controlled Antenna Switch,” by | 


Мое! Thompson, „April 1993 QST. 


. Two bands (1.8 MHz and 10 MHz) need 
only a single comparator because they are 


ANT 


ICOM 
MF/HF RIG 


ACC2 


Shack End 


Multiconductor `` ` 
Control Cable 


Relay Box 


—] Common АМТ 1 10-M ANT 


ANT 2 20-M ANT 


Remote End 


Fig 22.75—Block diagram of the remotely controlled antenna switch. . 


driver transistor is, turned on. 


. Because the LM339 has open-collector 
. outputs, they can conveniently be con- 


nected together to a pull-up resistor so that 
the output signal goes high only if both 


LM3390 sections are off. This provides a . 


simple AND function without extra com- 
ponents: 

LEDs are used to indicate which band is 
selected. Since they are in the base circuit 
of the relay-driver transistor they always 
indicate the correct band even when more 
than one driver transistor is connected to a 
single relay. Such a configuration would 
be used with a tribander; the outputs for 


: 14, 21 and 28 MHz are i wired toa 


single relay. 


RELAY BOX 
. The circuit of Fig 22. 7 uses DPDT re- 


lays to short the antennas to ground when 


not selected. This helps prevent static 


buildup on the antenna which could dam- 


age the rig's front end upon connection to 
the feed line. An additional relay is ener- 
gized whenever the rig is turned on. Its 
purpose is to ground the feed line when the 
rig is turned off. 

The relays listed handle 100 W com- 


fortably. Higher power versions of this- 
switch will require relays with much 
*-higher voltage and current ratings. 


Alternative Designs 
The simplicity of this design invites 


“hacking.” If you have а tribander, you 


might consider modifying the design so 
that there is only one output for three 
bands. Simply change the resistor ladder 


` to have two fewer nodes. 


Radios with different signal levels can 


- be accommodated by appropriately chang- 
ing the values in the resistor ladder. . 


Manual control can be added using a sec- 
ond resistive divider to deliver the signal 


levels the transceiver would normally pro- `. 
vide. See Fig 22.78. This divider and. 
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Table 22.6 

ICOM Accessory Connector Output 
Voltages by Band 

Band (MHz) Output Voltage  - 


Note: The voltage step between bands is not 
constant, but close to 1.0 V, and the 
10-MHz band is not in sequence with the 
: others. 


switch are connected between the radio 
jack and the existing resistive divider in 


` the control box. Use a switch on the de- 


coder input to select automatic or manual 
control. 


CONSTRUCTION 


A PC board is available for the control 
circuit. The controller can be built using 


. a relatively small enclosure. A 7-pin DIN 


plug is used for the ICOM radios. Other 
manufacturer's connectors vary. ; 

Because the controller . requires no 
power supply of its own, it takes up very 


‘little space on the operating table. 


_ The relay box uses SO-239 connectors 
for. the common feed-line and antenna . 
connections and a 9-pin D-sub connector 
for the control cable. The relay box can be 
placed in a weatherproof enclosure to 
guard against the elements. | 


2A PC board is available from FAR Circuits. 

See the Address List in the References 

chapter. An etching pattern is available 

from the ARRL Technical Secretary for an 

` SASE. Request the 95 Handbook Remote 
Control Antenna Switch package. 


£ 


22.43 


22.44 


Chapter 22 


NC = Not Connected 


Fig 22.76—Schematic of the remotely 
controlled antenna switch control-box 
circuit. Part numbers in parentheses 
are Radio Shack; equivalent parts can 
be substituted. Unless otherwise 
specified, resistors are '/4- W, 5%- 
tolerance carbon-composition or film 
units. 


D1-D7—1N4003 (276-1102). 

DS1-DS7—LED. 

J1—7-pin female DIN chassis-mount 
connector. 

Q1-Q7—Almost any NPN transistor 
capable of sinking 150 mA (for the 
Radio Shack relays used in this 
project), ZTX657s or equivalent. 
Other types include MPSA05, 
MPSAO06 and 2N4401 (276-2058). 

TB1—9-position screw-terminal strip. 

U1-U3—LM339N (276-1712). 

K1-K7—12-V, DPDT relay with 10-A/ 
125-V ac contacts (275-218). 
(Presently, local Radio Shack stores 
stock the 275-218c [note suffix] relay, 
with a contact rating of 15 A.— Ed.) 

Misc: decoder enclosure 
(approximately 2'/2x4x3 inches HWD), 
relay enclosure (approximately 3x6x8 
inches HWD). 7 single-hole-mount 
SO-239 connectors. 


COMMON 
/ (to Stn) 


Protect 


NC = Not Connected 


(to Shield on Ж See text 


on 7-Рїп DIN) 


Fig 22.77—Relay box Schematic. The normally open and 
normally closed contact pairs of the DPDT relays are 
individually connected in parallel to increase current- 


handling capability. J2 is a DB9M chassis-mount connector 
(RS 276-1537). Е 


wi 


Automatic 


1.8 MHz 


3.5 MHz 


10 MHz 
to 


Decoder 
14 MHz 


21 MHz 


28 MHz 


Fig 22.78—The addition of a multiposition switch provides a 
means of selecting automatic or manual control of relay 
switching with ICOM rigs. Rather neatly, this circuit also 


: furnishes a remotely controlled antenna switch for non- 
“ICOM rigs. ^ i . 
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A TRIO OF TRANSCEIVER/COMPUTER INTERFACES 


Virtually all modern Amateur Radio 
transceivers (and many general-coverage 
receivers) have provisions for external 
computer control. Most hams take advan- 
tage of this feature using software specifi- 
cally developed for control, or primarily 
intended for some other purpose (such as 
contest logging), with rig control as a sec- 
ondary function. 

Unfortunately, the serial port on most 
radios cannot be directly connected to the 
serial port on most computers. The prob- 
lem is that most radios use TTL signal lev- 
els while most computers use RS-232-D. 

The interfaces described here simply 
convert the TTL levels used by the radio to 
the RS-232-D levels used by the computer, 
and vice versa. Interfaces of this type are 
often referred to as level shifters. Two 


Fig 22.79—The basic two-wire bus 
system that ICOM and newer Ten-Tec 
radios share among several radios and 


computers. In its simplest form, the 
bus would include only one radio and 
one computer. 


basic designs, one having a couple of 


to Computer 


R2IN 
С1+ 


Tout 


U2 
1CL232 or 
MAX232 


10-22 uF 
35 V 


variations, cover the popular brands of 
radios. 


TYPE ONE: ICOM CI-V 


The simplest interface is the one used 
for the ICOM CI-V system. This interface 
works with newer ICOM and Ten-Tec 
rigs. Fig 22.79 shows the two-wire bus 
system used in these radios. 

This arrangement uses a CSMA/CD 
(carrier-sense multiple access/collision 
detect) bus. This refers to a bus that a num- 
ber of stations share to transmit and re- 
ceive data. In effect, the bus is a single 
wire and common ground that intercon- 
nect a number of radios and computers. 

The single wire is used for transmitting 
and receiving data. Each device has its 
own unique digital address. Information is 
transferred on the bus in the form of pack- 


Except as indicated, decimal values of 
capacitance are in microfarads ( Е); 
others are in picofarads ( pF ); 
resistances are in ohms; k=1,000. 


IC pins not shown are unused. 


D1 
1N4001 


Bus 


* Omit C10 


ICOM/Ten- Tec Connection 


Fig 22.80—ICOM/Ten-Tec/Yaesu interface schematic. The insert shows the ICOM/Ten-Tec bus connection, which simply 


involves tying two pins together and eliminating a bypass capacitor. 


C7-C10—0.01-uF ceramic disc. 


U1—7417 hex buffer/driver. U2—Harris ICL232 or Maxim MAX232. 
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ets that include the data and the address of 
the intended receiving device. 

The schematic for the ICOM/Ten-Tec 
interface is shown in Fig 22.80. It is also 
the Yaesu interface. The only difference is 
that the transmit data (TxD) and receive 
data (RxD) are jumpered together for the 
ICOM/Ten-Tec version. 

The signal lines are active-high TTL. 
This means that a logical one is repre- 
sented by a binary one (+5 V). To shift this 
to RS-232-D it must converted to -12 V 

, while a binary zero (0 V) must be con- 
verted to +12 V. In the other direction, 
the opposites are needed: -12 V to +5 V 
and +12 V to 0 V. 

Ul is used as a buffer to meet the inter- 
face specifications of the radio's circuitry 
and provide some isolation. U2 is a 5-V- 
powered RS-232-D transceiver chip that 
translates between TTL and RS-232-D 


levels. This chip uses charge pumps to 
obtain +10 V from a single +5-V supply. 
This device is used in all three interfaces. 

A DB25 female (DB25F) is typically 
used at the computer end. Refer to the dis- 
cussion of RS-232-D earlierin the chapter 
for 9-pin connector information. The in- 
terface connects to the radio via a '/s-inch 
phone plug. The sleeve is ground and the 
tip is the bus connection. 

It is worth noting that the ICOM and 
Ten-Tec radios use identical basic com- 
mand sets (although the Ten-Tec includes 
additional commands). Thus, driver 
software is compatible. The manufactur- 
ers are to be commended for working 
toward standardizing these interfaces 
somewhat. This allows Ten-Tec radios to 
be used with all popular software that 
supports the ICOM CI-V interface. When 
configuring the software, simply indicate 


01-04 
PS$2501—1NEC 


that an ICOM radio (such as the IC-735) 
is connected. 


TYPE TWO: YAESU INTERFACE 


The interface used for Yaesu rigs is 
identical to the one described for the 
ICOM/Ten-Tec, except that RxD and TxD 
are not jumpered together. Refer to 
Fig 22.80. This arrangement uses only the 
RxD and TxD lines; no flow control is 
used. 

- The same computer connector is used, 
but the radio connector varies with model. 
Refer to the manual for your particular rig 
to determine the connector type and pin 
arrangement. 


TYPE THREE: KENWOOD 


The interface setup used with Kenwood 
radios is different in two ways from the 
previous two: Request-to-Send (RTS) and 


DB25F 
to Computer 


ie 


10-22 uF 
35V 


Mout — T2our Rin — R2iN 


05 
ICL232 or 
MAX232 


Rigyt C24 C2- Cie Ci- GND 


Except as indicated, decimal values of 
capacitance ore in microfarads ( ШЕ); 
others are in picofarads ( pF ); 
resistances ore in ohms; k=1,000. 


IC pins not shown are unused. 
Radio * Install for testing only. 


RxD 


Radio 
CTS 


Fig 22.81—Kenwood interface schematic. 

C6-C9, C11, C12, C17, C18—0.01-uF ceramic disc. 

C13- C16, C19-C21—0.01 uF ceramic U1-U4—PS2501-1NEC (available from 
disc. Digi-Key). 


U5—Harris ICL232 or Maxim MAX232. 
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Clear-to-Send (CTS) handshaking is 
implemented and the polarity is reversed 
on the data lines. The signals used on the 
Kenwood system are active-low. This 
means that 0 V represents a logic one and 
+5 V represents a logic zero. This charac- 
teristic makes it easy to fully isolate the 
radio and the computer since a signal line 
only has to be grounded to assert it. 
Optoisolators can be used to simply switch 
the line to ground. 

The schematic in Fig 22.81 shows the 
Kenwood interface circuit. Note the dif- 
ferent grounds for the computer and the 
radio. This, in conjunction with a separate 
power supply for the interface, provides 
excellent isolation. 

The radio connector is a 6-pin DIN plug. 
The manual for the rig details this connec- 
tor and the pin assignments. 

Some of the earlier Kenwood radios 
require additional parts before their serial 
connection can be used. The TS-440S and 
R-5000 require installation of a chipset 
and some others, such as the TS-9408 re- 
quire an internal circuit board. 


CONSTRUCTION AND TESTING 


The interfaces can be built using a PC 
board, breadboarding, or point-to-point 
wiring. PC boards and parts kits are avail- 
able.' The PC board template is available 
from the ARRL Technical Secretary for 
an SASE. Request the 95 Handbook Inter- 
faces package. 


1PC boards and parts kits are available from 
CW Technology. See the Address List in 
the References chapter. 
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Table 22.7 
Kenwood Interface Testing 
Apply Result 


GND to Radio-5 
+5 V to Radio-5 
+9 V to PC-4 
—-9 V to PC-4 
GND to Radio-2 
+5 V to Radio-2 


—8 to -12 V at PC-5 
+8 to +12 V at PC-5 
+5 V at Radio-4 

0 V at Radio-4 
—8 10—12 at PC-3 
48 to +12 V at PC-3 


49 V to PC-2 +5 V to Radio-3 

—9 V to PC-2 0 V at Radio-3 
Table 22.8 

ICOM/Ten-Tec Interface Testing 
Apply Result 
GND to Bus +8 to +12 V at PC-3 
+5 V to Bus —8 to -12 V at PC-3 
-9 V to PC-2 +5 V on Bus 

+9 V to PC-2 0 V on Bus 
Table 22.9 

Yaesu Interface Testing 

Apply Result 


+8 to +12 V at PC-3 

—8 to -12 V at PC-3 
0 V at Radio RxD 

+5 V at Radio RxD 


GND to Radio TxD 
+5 V to Radio TxD 
+9 V to PC-2 
-9 V to PC-2 


It is a good idea to enclose the interface 
in a metal case and ground it well. Use of 
aseparate power supply is also a good idea. 
You may be tempted to take 13.8 V from 
your radio—and it works well in many 
cases: but you sacrifice some isolation and 
may have noise problems. Since these in- 


terfaces draw only 10 to 20 mA, a wall 
transformer is an easy option. 

The interface can be tested using the 
data in Tables 22.7, 8 and 9. Remember, 
all you are doing is shifting voltage levels. 
You will need a 5-V supply, a 9- V battery 
and a voltmeter. Simply supply the volt- 
ages as described in the corresponding 
table for your interface and check for the 
correct voltage on the other side. When an 
input of —9 V is called for, simply connect 
the positive terminal of the battery to 
ground. 

During normal operation, the input sig- 
nals to the radio float to 5 V because of 
pullup resistors inside the radio. These in- 
clude RxD on the Yaesu interface, the bus 
on the ICOM/Ten-Tec version, and RxD 
and CTS on the Kenwood interface. To 
simulate this during testing, these lines 
must be tied to a 5- V supply through 1-kQ 
resistors. Connecting these to the supply 
without current-limiting resistors will 
damage the interface circuitry. R5 and R6 
in the Kenwood schematic illustrate this. 
They are not shown (but are still needed) 
in the ICOM/Ten-Tec/Yaesu schematic. 
Also, be sure to note the separate grounds 
on the Kenwood interface during testing. 

Another subject worth discussing is the 
radio's communication configuration. The 
serial ports of both the radio and the com- 
puter must be set to the same baud rate, 
parity, and number of start and stop bits. 
Check your radio's documentation and 
configure your software or use the PC- 
DOS/MS-DOS MODE command as de- 
scribed in the computer manual. 


. A VERSATILE STATION INTERFACE BOX 


Getting new ham equipment is fun, but ` 


additional gear usually makes for а more · 


complicated shack. If you acquire a boom : 


mike/headset for contesting or DXing, for 
example, but prefer to use your desk mike 
for less-intense activities, changing mikes 


` ceiver's mike connector! Adding a second 
_MF/HF transceiver adds further compli- 
cations, such as différent mike-connector 
pinouts and the need to move your headset 


from one rig to the other. And then there's . 


digital operation: Adding PacTOR or 


packet can really increase the complexity : 


of a station! - 
This project, by Raymond Bintliff, 


K1YDG, originally published in Septem-: 


ber 1989 QST, simplifies interconnection 
. Of a variety of station equipment. Al- 
though designed for a particular set. of 


' can be a nuisance. Frequent mike changes © 
‘may even wear or damage your trans- ~ 


equipment, the project can be easily . 


"adapted for use with other brands and 
. types of gear. 


WHAT THE SWITCHER SWITCHES 


As described here, the Switcher allows 
quick selection between (1) two trans- 
ceivers, 
Kenwood TS-940S; (2).voice or digital 
operation; and (3) a desk microphone and 
separate headset or a boom mike/headset. 
Fig 22.82 shows this switching in 
‘simplified form. 


a Yaesu FT-767GX and a 


TNC Output , 
{Audio 
and PTT) 


Fig 22.82—In its basic form, the Switcher allows push-button selection between (1) 
two transceivers; (2) voice or digital operation and (3) a desk microphone and 
separate headset or a-boom mike/headset. Relays handle the actual switching of 
‘audio and control lines; see text. | 


Table 22.10 
Switcher Parts List. 


C1—4700-uF, 35-V electrolytic (RS: 272- 1022). 
С2-С4—0.01-рЕ, 500-V disc ceramic (RS 272-131). ‘+ 
FB1 -3—FB73-101 (Amidon, RADIOKIT) or FB-7-73 (Palomar) ferrite bead. 


K1:K7—4PDT, 12-V dc relay (RS 275-214). 


. J1-J5—Eight pin male mike jack, chassis mount (see text and Note 3). : 
J6, J7—Four-pin male mike jack, chassis mount (RS 274-002). 
J8—Five-pin female DIN connector, chassis mount (RS 274-005). 

J9, J10—Three-conductor, open-circuit '/a-inch phone jack (RS 274-312). 


Illuminated push-button switches select ` 


the Switcher's functions. Pressing 767, for 


instance, selects the FT-767GX mike and . 


PTT input and headphone output; press- 
ing 940 selects the TS-940S. Assuming that 
the FT-767GX has been selected, pressing 


the VOICE or DIGI switches connects the 
*167GX’s mike апа PTT inputs to the. 


Switcher's mike-selection circuitry 
: (VOICE) or to the station TNC. (DIGI). 
Selecting Voice mode-allows the further 
selection of desk and boom mikes by 
means of DESK and BOOM buttons. These 
buttons also direct the transceiver's head- 


phone output to the appropriate headset— : 


.a pair of headpliones in the Desk mode and 
the boom-mike headset in the Boom mode. 


As configured the Switcher's ‘default 


"modes are 767, Voice and Desk. 

Relays handle the Switcher's audio and 
.control-line. switching; the front- panel 
push buttons control the relay.' Figs 22. 83. 
and 22.84 show the complete schematic 


1A Mode-by-mode listing of the function of 
each section of the Switcher's relays is 
available for a business-size SASE from 
Switcher Relay Listing, Technical Secre- 
tary, ARRL "n 


J11, J12—Three-conductor, open-circuit, '/s-inch phone jack (RS 274-249). 


J13—DC power connector (RS'274-1565). 


D 


` $1-S6—Illuminated push-on, push-off SPDT NO/NC switch (RS 275-678), modified for 


momentary operation as described in the sidebar; "Müditying ше Push-Button 


~ Switches for Momentary Operation." 


R1-R6—150-Q, '/4-W, carbon; film resistor (RS 271-1312). 


of the Switcher. Table 22.10 is a complete 
parts list. Switching between 767 and 940 
modes is accomplished by K1, K2 and K3. 

The inactive transceiver’s mike, ground 


and PTT lines are disconnected from the ^ 
‘Switcher to prevent accidental operation 


of the inactive transceiver if its mike PTT 
switch is pressed. K1 and K2 switch the 
audio-in and PTT lines; K3 switches the 
audio-out line. ў 

K4 and К5 handle switching between 
the Voice and Digital modes. Because the 


TS-940S supports direct frequency-shift. 


keying (FSK), this version of the Switcher 


‘does not perform voice/digital switching 


of the TS-940S mike line. Instead the 
TS-940's FSK input is connected directly 
to the TNC's FSK output.: Voice/digital 


; mike-line switching is necessary with the 
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FT-767GX, however, because audio fre- 


quency-shift-keying (AFSK) must be ap- 
plied to the '767 for digital operation. For 


digital operation with the FT-767GX, 


then, the Switcher (1) disconnects the 
Switcher's mike line from the '767GX and 
(2) connects the TNC's audio output to the 
FT-767GX’s mike i input. The TNC-audio- 
output line floats in all other Switcher 


‘modes. , 


To better isolate the Switcher's voice/ 


digital switching, the TNC-Switcher 


ground connection is opened in the Voice 
mode. Also in the Voice mode, the TNC- 
audio-input is grounded and the TNC-to- 
Switcher PTT line is opened. K6 and K7 
switch between desk and boom mikes. 
In addition to the audio and control-line 
switching described above, the Switcher 
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Ji-J5 ore shown from the front. 
J6—J8 are shown from the rear. 


J1 
TS-940S 
MIC INPUT FB 


TNC Audio In 


TNC Audio Out 


Sleeve (Ground 


75-9405 
AUDIO OUT 


J2 
FT~767GX 
MIC INPUT 


qn 
FT-767GX д from J2 
AUDIO OUT Tip 


Section 


Normally 
Closed 


Normally 
Open 


J9 
HEADPHONES 


J10 
TS-940S BOOM-MIC Armature 
HEADPHONE HEADSET 
JACK 


Solenoid 
J7 
FT-767GX р 
НЕАОРНОМЕ (bottom view) 
JACK 


Sleeve (Ground) 


Fig 22.83—The Switcher’s audio and PTT switching. All relays are shown in their default modes (767, Voice, Desk). Table 
22.10 lists the parts used in this circuit. 
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C1 
0.01 4700 uF 
ДЕ 35V 


Fig 22.84—At A, relay and lamp switching for the Switcher’s 767 and 940 modes; at 
B, relay and lamp switching for the Voice, Digital, Desk and Boom modes. Table 
22.10 lists the parts used in these circuits; the inset in the lower right-hand 
corner of Fig 22.83 shows the relays’ pinout. . 


Modifying the Push-Button 
Switches for Momentary 
Operation 


The Switcher uses push-on, push- 
off switches (S1 through S6) that 
must be modified for momentary 
action. The modification procedure is 
as follows: 

1. Set the switch to its "out" 
position. 

2. Remove the switch's red lens 
and white-plastic light diffuser. 

3. Using a small screwdriver, pry 
out and remove the rectangular, 
white-plastic lamp holder from the 
back-plastic shell. (Be careful not to 
bend the two silver coil springs. 
These springs provide the electrical 
connection between the lamp 
assembly and the base of the switch 
assembly.) 

4. The black plastic shell contains 
a detent spring, one end of which is 
inserted in a small brass eyelet 
located on the flat side of the shell. 
Remove and discard the spring. 

5. Remove the self-adhesive label 
from the black plastic shell. Retain 
the label so you can replace it later. 
(The three access holes visible with 
the label removed will be used to 
guide the coil springs into place 
during replacement of the white- 
plastic lamp holder.) 

6. Carefully insert the lamp holder 
into the black plastic shell. Note that 
the flat sides of the shell and the 
lamp holder must be aligned. 

7. Guide the coil springs over the 
plastic pins in the base of the shell, 
taking care not to bend the springs. 
When the coil springs are properly 
engaged, press the lamp holder until 
it snaps in place. 

8. Test for correct lamp operation 
by applying 12 V dc to solder lugs a 
and b. If the lamp tests good, replace 
the label you removed in Step 5. 

9. Replace the switch's white 
plastic light diffuser and colored lens. 
(Two lenses, one red and one green, 
are furnished with the switch. Use 
the color of your choice.) When 
replacing the light diffuser, be sure to 
correctly position its indexing tab in 
the lamp holder. Once you've done 
this, you have successfully converted 
a push-on, push-off switch to 
momentary operation. 

The prototype uses the illuminated 
switches specified in the parts list 
because their white-plastic light 
diffusers can be marked to identify 
the switches' functions. Dry-transfer 
lettering works well for this. Many 
stationery stores carry dry-transfer 
lettering in various styles.—K1YDG 
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lights the push buttons of selected func- 
tions and dims or extinguishes those 
associated with unselected functions. For 
example, selecting the Switcher’s Voice 
mode fully lights the VOICE lamp and dims 
the DIGI lamp.” In the Digital mode, the 


2This dimming feature is useful under low- 
ambient-light conditions, in which the buttons 
of unselected functions might otherwise be 
invisible. If this feature doesn't interest you, 
you can eliminate it and use the lamp-dim- 
ming relay contacts for other purposes. 


DESK and BOOM lamps are turned off. 

TheSwitcher requires 12-V dc, floating 
negative power. (À grounded power 
supply introduces hum into the switched 
audio circuits and should not be used.) The 
maximum current drain, 650 mA, occurs 
when the Switcher is in the 940, Voice and 
Boom modes. 


CONSTRUCTING THE SWITCHER 


Radio Shack carries all Switcher 
components except FB1-3 and the eight- 
pin chassis-mount, male mike jacks 


Fig 22.85—The Switcher's wiring emphasizes short interconnections. From left to 
right, the relays are K1, K2, K4, K6, K5, K3 and K7. The sidebar, “Modifying the 
Push-Button Switches for Momentary Operation," tells how to modify and label 


the Switcher's push buttons. 


Fig 22.86—All of the Switcher's connectors mount on the rear cabinet panel. See 
text for how to wire the connectors to avoid ground loops. The phone jack at lower 
right is unused. 
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(11-15)? Figs 22.85 and 22.86 show the 
Switcher's connector layout and internal 
wiring. Mount K1 through K7 directly to 
the cabinet with double-stick foam tape. 
The sidebar, “Modifying the Push-Button 
Switches for Momentary Operation," tells 
how to modify the push-on, push-on 
switches (51-56) for use in the Switcher. 

To avoid ground loops," insulate all 
connector ground lines (except for those 
of mike connectors J3, J4 and J5) from the 
Switcher chassis. J9 and J10 can be insu- 
lated from the chassis with nonconductive 
(fiber shoulder washers and four-pin con- 
nectors can be used at J6 and J7 to keep the 
transceiver headphone-output commons 
separate from the Switcher chassis. (You 
can use phone jacks at J6 and J7 if you 
insulate them from the chassis with non- 
conductive shoulder washers.) 

Ground the bus that connects pin 7 of 
J3, pin 6 of J5 and pin 7 of J5 to the 
Switcher chassis at one point only. (J8's 
ground terminal is a convenient point for 
this.) Be sure that the positive and nega- 
tive sides of the Switcher's 12-V dc sup- 
ply float above ground outside the 
Switcher and that the supply negative con- 
nects to the Switcher chassis only at the 
common ground point described above. 
Hum or feedback problems may occur if 
you don't take these precautions. 


OTHER DESIGN POSSIBILITIES 


Because a separate coaxial switch is 
used for RF switching, this version of the 
Switcher does not switch the transceivers' 
RF-output lines. Additional relay switch- 
ing can be incorporated to do this and to 
permit the use of one microphone with 
both transceivers. In this version of the 
Switcher, however, the mike switching 
circuitry was simplified and the up/down 
tuning capability the MD-1 and MC-60 
microphones provide when used with their 
respective transceivers was retained. 


SAmateur Electronic Supply lists suitable 
connectors in its catalog. Other Amateur 
Radio equipment dealers likely carry such 
connectors as well.—£Ed. 

4A ground loopis a common path along which 
two or more points intended to be at the 
same ground potential are actually at dif- 
ferent potentials. Ground loops are unde- 
sirable because the unintended intercircuit 
coupling they support can cause hum, 
noise, feedback and data errors.-—-Ed. 


TR TIME-DELAY GENERATOR 


If you’ve ever blown up your new 
GaAsFET preamp or hard-to-find coaxial 
relay, or are just plain worried about it, 
this transmit/receive (TR) time-delay 
generator is for you. This little circuit 
makes it simple to put some reliability into 
your present station or to get that new 
VHF or UHF transverter on the air fast, 
safe and simple. Its primary application is 
for VHF/UHF transverter, amplifier and 
antenna switching, but it can be used in 
any amplifier-antenna scheme. An enable 
signal to the TR generator will produce 
sequential output commands to receive 
relay, a TR relay, an amplifier and a 
transverter—automatically. All you do is 
sit back and work DX! This project was 
designed and built by Chip Angle, N6CA. 


WHY SEQUENCE? 


Several problems may arise in stations 
using transverters, extra power amplifiers 
and external antenna-mounted TR relays. 
The block diagram of a typical station is 
shown in Fig 22.87. When the HF exciter 
is switched into transmit by the PTT or 
VOX line, it immediately puts out a 
ground (or in some cases a positive volt- 
age) command for relay control, and an 
RF signal. 

If voltage is applied to the transverter, 
amplifier and antenna relays simulta- 
neously, RF can be applied as the relay 
contacts bounce. In most cases, RF will be 
applied before a relay can make full 
closure. This can easily arc contacts on dc 
and RF relays and cause permanent 
damage. In addition, if the TR relay is not 
fully closed before RF from the power 
amplifier is applied, excessive RF may 
leak into the receive side of the relay. The 
likely result —preamplifier failure! 

Fig 22.88 is ablock diagram of a station 
with a remote-mounted preamp and 
antenna relays. The TR time-delay 
generator supplies commands, one after 
another, going into transmit and going 
back to receive from transmit, to turn on 
all station relays in the right order, 
eliminating the problems just described. 


CIRCUIT DETAILS 


Here's how it works. See the schematic 
diagram in Fig 22.89. Assume we're in 
receive and are going to transmit. A 
ground command to Q2 (or a positive 
voltage command to Q1) turns Q2 off. 
This allows C1 to charge through R1 plus 
1.5 kQ. This rising voltage is applied to all 
positive (+) inputs of U1, a quad compara- 


PRE-AMP 


DC POWER 


RX TX 
TRANSVERTER 


CONTROL 
RELAY 


TR COMMAND LINE 


HF 
EXCITER 


Fig 22.87—A typical VHF or UHF station arrangement with transverter, preamp and 


power amp. As shown, most TR relays change at the same time. 


PREAMPS 


ISOLATION 
RELAY 


RELAY 


POWER 


TIME DELAY SUPPLY 


GENERATOR 


Rx TRANS VERTED 


ко 


tor. The ladder network on all negative 
(—) inputs of U1 sets the threshold point of 
each comparator at a successively higher 


Fig 22.88—Block diagram of the VHF/UHF station with a remote-mounted preamp 
and antenna relays. The TR time-delay generator makes sure that everything 
switches in the right order. 
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EXCEPT AS INDICATED, DECIMAL 
VALUES OF CAPACITANCE ARE 

IN. MICROFARADS ( pF); OTHERS 

ARE IN PICOFARADS (pF OR ypFl,- 
RESISTANCES АВЕ IN OHMS, 

k 1000, M=1000 000 


% ADDING JUMPER INVERTS 


LM339N 


100k 
+12 VO 


OUTPUT STATE 


3k 


TO ALL PLACES 


level. As C1 charges up, each comparator, 
starting with U1A, will sequentially 
change output states. 

The comparator outputs are fed into U2, 
a quad exclusive-OR gate. This was in- 
cluded in the design to allow “state pro- 
gramming" of the various relays through- 
out the system. Because of the wide 
variety of available relays, primarily co- 
axial, you may be stuck with a relay that's 
exactly what you need—except its con- 
tacts are open when it's energized. To use 
this relay, you merely invert the output 
state of the delay generator by using a 
jumper between the appropriate OR-gate 
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200 š 


J TO --12- V DC 
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I 200 24k 


*12 VO 


input and ground. Now, the relay will be 
“on” during receive and "off" during 
transmit. This might seem kind of strange; 
however, high-quality coaxial relays are 
hard to come by and if "backwards" relays 
are all you have, you'd better use them. 
The outputs of U2 drive transistors Q3- 
Q6, which are “оп” in the receive mode. 
Drive from the OR gates turns these tran- 
sistors “off.” This causes the collectors of 
Q3-Q6 to go high, allowing the base-to- 
emitter junctions of Q7-Q10 to be for- 
ward-biased through the LEDs to turn on 
the relays in sequential order. The LEDs 
serve as built-in indicators to check per- 


+12 VO 


Lk, 
V 
V 


Ў 
| 


100k 


100k 


100k 


100 к 


100k 7 


formance and sequencing of the genera- 
tor. This is convenient if any state changes 
are made. 

When the output transistors (Q7-Q10) 
are turned on, they pull the return side of 
the relay coils to ground. These output 
transistors were selected because of their 
high beta, a very low saturation voltage 
(Vcg) and low cost. They can switch (and 
have been tested at) 35 V at 600 mA for 
many days of continuous operation. If sub- 
stitutions are planned, test one of the new 
transistors with the relays you plan to use 
to be sure that the transistor will be able to 
power the relay for long periods. 


оз 
293904 


+12 у 


a4 
2N3904 


+12 у 


620 


06 
2N3904 


To go from transmit to receive, the se- 
quencing order is reversed. This gives 
additional protection to the various sys- 
tem components. C1 discharges through 
R1 and Q2 to ground. 

Fig 22.90 shows the relative states and 
duration of the four output commands 
when enabled. With the values specified 
for R1 and C1, there will be intervals of 
30 to 50 milliseconds between the four 
output commands. Exact timing will 
vary because of component tolerances. 
Most likely everything will be okay with 
the values shown, but it's a good idea 
to check the timing with an oscilloscope 


ат 


MPS6531 
TO RECEIVE 


ISOLATION RELAY 


Q8 
MPS6531 
TO TR RELAY 


Q9 
MPS6531 


TO AMPLIFIER 
COMMAND LINE 


aio 
MPS6531 TO TRANSVERTER 


COMMAND LINE 


just to be sure. Minor changes to the 
value of R1 may be necessary. 

Most relays, especially coaxial, will 
require about 10 ms to change states and 
stop bouncing. The 30-ms delay will give 
adequate time for all closures to occur. 


CONSTRUCTION AND HOOKUP 


One of the more popular antenna 
changeover schemes uses two coaxial re- 
lays: one for actual TR switching and one 
for receiver/preamplifier protection. See 
Fig 22.88. 

Many RF relays have very poor iso- 
lation especially at VHF and UHF 
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Fig 22.89—Schematic diagram of 
the TR time-delay generator. 
Resistors аге '/s W. Capacitors are 
disc ceramic. Capacitors marked 
with polarity are electrolytic. 


D1-D4—Red LED (MV55, HP 5082- 
4482 or equiv.) 

D5-D8—33-V, 500-mW Zener diode 
(1N973A or equiv.) 

С1—1.5-рЕ, 16-V or greater, axial- 
lead electrolytic capacitor. See 
text. 

Q1-Q6—General purpose NPN 
transistor (2N3904 or equiv.) 

Q7-Q10—Low-power NPN 
amplifier transistor, MPS6531 or 
equiv. Must be able to switch up 
to 35 V at 600 mA continuously. 
See text. 

R1—47-kQ, ‘/a-W resistor. This 
resistor sets the TR delay time 
constant and may have to be 
varied slightly to achieve the 
desired delay. See text. 

U1—Quad comparator, LM339 or 
equiv. 

U2—Quad, 2-input exclusive or 
gate (74C86N, CD4030A or 
equiv.) 


frequencies. Some of the more popular 
surplus relays have only 40-dB isolation 
at 144 MHz or higher. If you are running 
high power, say 1000 W (+60 dBm) at the 
relay, the receive side of the relay will see 
+20 dBm (100 mW) when the station is 
transmitting. This power level is enough 
to inflict fatal damage on your favorite 
preamplifier. 

Adding a second relay, called the RX 
isolation relay here, terminates the preamp 
in a 50-Q load during transmission and 
increases the isolation significantly. Also, 
in the event of TR relay failure, this extra 
relay will protect the receive preamplifier. 
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As shown in Fig 22.88, both relays can 
be controlled with three wires. This 
scheme provides maximum protection for 
the receiver. If high-quality relays are used 
and verified to be in working order, relay 
losses can be kept well below 0.1 dB, even 
at 1296 MHz. The three-conductor cable 


RX 


TR COMMAND 


CI-Rt 
CHARGE 


to the remote relays should be shielded to 
eliminate transients or other interference. 

By reversing the RX-TX state of the TR 
relays (that is, connecting the transmitter 
Hardline and 50-Q preamp termination to 
the normally open relay ports instead of 
the normally closed side), receiver protec- 


RX ISOLATION 
RELAY 
TR RELAY 


AMPLIFIER 


TRANSVERTER 


Fig 22.90—The relative states and durations of the four output commands when 
enabled. This diagram shows the sequence of events when going from receive to 
transmit and back to receive. The TR delay generator allows about 30 to 50 ms for 
each relay to close before activating the next one in line. 
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Fig 22.91—The TR time-delay generator can also be used to sequence the relays 


in an HF power amplifier. 
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Fig 22.92—The completed time-delay 
generator fits in a small aluminum box. 


tion can be provided. When the station is 
not in use and the system is turned off, the 
receive preamplifier will be terminated in 
50 Q instead of being connected to the 
antenna. The relays must be energized to 
receive. This might seem a little back- 
ward; however, if you are having static- 
charge-induced preamplifier failures, this 
may solve your problem. 

Most coaxial relays aren't designed to 
be energized continuously. Therefore, ad- 
equate heat sinking of coaxial relays must 
be considered. A pair of Transco Y relays 
can be energized for several hours when 
mounted to an aluminum plate 12 inches 
square and '/4 inch thick. Thermal paste 
will give better heat transfer to the plate. 
For long-winded operators, it is a good 
idea to heat sink the relays even when they 
are energized only in transmit. 

Fig 22.91 shows typical HF power am- 
plifier interconnections. In this applica- 
tion, amplifier in/out and sequencing are 
all provided. The amplifier will always 
have an antenna connected to its output 
before drive is applied. 

Many TR changeover schemes are pos- 
sible depending on system requirements. 
Most are easily satisfied with this TR de- 
lay generator. 

The TR delay generator is built on a 
2!h x 3!/4-inch PC board.! See Fig 22.92. 
Connections to the rest of the system are 
made through feedthrough capacitors. Do 
not use feedthrough capacitors larger than 
200 pF because peak current through the 
output switching transistors may be 
excessive. 


1A PC Template is available free from the 
ARRL Technical Secretary. Enclose an 8 x 
10 or larger SASE and ask for the 1996 
Handbook N6CA TR TIME-DELAY 
template. 


KEEPING HTs HANDY 


Hand-held transceivers are lightweight 
and small, and you can take them almost 
anywhere. The problem is how and where 


to carry them. Herbert Leyson, AA7XP, ' 


needed a way to mount his HT in his car. 

The radio had to be in front of him so he 
could easily change frequencies without 
taking his eyes off the road for more than 
a few seconds. It also had to be within the 
length of the speaker/mike cable and not 
block the view of the instruments. His 
solution is shown in Fig 22.93A and B. 

A rectangular wire loop, covered with 
plastic tubing, is made from about 3 ft of 
stiff wire. The fin hooks drop into the air 
vents (or defroster outlets) on the horizon- 
tal portion of the dash. 

The fin hooks are long enough to pre- 
vent vibrations from bouncing the mount 
from the vents. Bend the hanger wire in 
the shape shown in Fig 22.93A. AA7XP 
used a length for the dashboard saddle of 
8'/2 inches, and a drop of 3 inches for eye- 
level height on the dash. The hanger por- 
tion of the mount is 2 inches long. You 
will have to vary these dimensions to 
match your car’s dashboard. The result 
should look similar to the photo in Fig 
22.93B. 

You may want to add a small piece of 
foam rubber to act as a cushion between 
the HT and the dash to help prevent bounc- 
ing and rattling. Spread the fin hooks for a 
firmer grip if it looks as if they will bounce 
out of the air vents. 

Nona Norman, N8CKS, had a different 
problem. She wanted to pack her HT in a 
suitcase but was concerned it could rattle 
around and be damaged. Her solution was 
to use an oven mitt and stuff the HT into 
the finger area. You could cut off the mitt’s 
thumb, and sew it up for a neater package, 
or you could use the thumb for storage of 
a BNC-to-PL-259 converter. 

If you are concerned about losing your 
HT when it is clipped on your belt, try 
Joe Simpson’s idea. KD4LLV bought a 
key-keeper at a truck stop (hardware stores 
have them, too) for only $4. A key-keeper 
is one of those little metal security clips 
that slips over your belt. It comes with a 
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Hanger 


Fig 22.93—A: Measure your HT and 
dashboard to find the dimensions of 
this over-the-dash HT mount. At B, 
An HT sits firmly in view next to the 
dashboard. 


round split ring intended for keys. Attach 
it to the HT handstrap. The ring unclips 
easily with one hand, freeing the HT from 
your belt. 

Joe also faced the problem of carrying 
and storing a full line of accessories: spare 
battery pack, earphone, speaker/mike, 
telescoping antenna and a BNC-to-UHF 
adapter. His solution uses a 12x8.5x2.5- 
inch foam-lined plastic pistol case. At 
various gun shows and sporting-goods 
stores they sell for $4 to $12. 

Mark the outlines of your gear on the 
foam with ink, and carefully cut away the 
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marked foam with a single-edged razor 
blade. The result is a custom-fit slot for 
each item in the bottom piece of foam. 
Finish by cutting a small section from the 
top piece of foam above the radio slot to 
prevent pressure on the HT keypad when 
the case is closed. 

When fully loaded, the case holds an HT, 
a spare battery pack, a speaker/mike, three 
antennas, a coax adapter, various papers 
and an earphone. Slight changes in the lay- 
out could leave room for a few small tools, 
too. The case fits neatly under the car seat 
when you want the gear out of sight. 
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A SIMPLE 10-MINUTE ID TIMER 


This project was originally described in 
“Hints and Kinks” in the November 1993 
issue of QST by John Conklin, WD0O. It 
is an update to an earlier WD@O design for 
which parts are no longer available. 

This simple and effective timer can be 
built in an evening and uses inexpensive 
and easily obtained parts. Its timing cycle 


*Vcc 


is independent of supply voltage and re- 
sets automatically upon power-up, as well 
as at the end of each cycle. 


CONSTRUCTION AND 
ADJUSTMENT 


Assembly is straightforward and parts 
layout is not critical. The circuit of 
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Fig 22.94 can be built on a small piece of 
perfboard and housed in an inexpensive 
enclosure. To calibrate the time, set R1, 
TIME ADJ, at midpoint initially, and then 
adjust it by trial and error to achieve a 10- 
minute timing cycle. The buzzer. will 
sound for about 1 second at the end of each 
cycle. 


LS1 
Piezo 
Buzzer 


Q1 
2N2222 


U2 pins not shown 
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Q2 
2N2222 


Fig 22.94—The new and improved 10-minute reminder uses easy-to-get components. Part numbers in parentheses are Radio 
Shack; equivalent parts can be substituted. Resistors are '/4-W, 5% or 10% tolerance units. 


C1—470-uF electrolytic, 16 V or more LS1—12-V piezo buzzer (273-074). 

(272-957). Q1, Q2—2N2222 or MPS2222A (276-2009). 
C2, СЗ, С4—0.1 F, 16 V or more (272-109). R1—100-kQ trimmer potentiometer (271- 
D1—1N4001, 50 PIV, 1 A (276-1101). 284). 


R2, R3—100-kO (271-1347). 

R4, R5, R6—3.3 k (271-1328) 

U1—555 timer IC (276-1723). 

U2—4017 decade counter IC (276-2417). 
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BNC CONNECTORS HANDLE SWITCHING IN A FLEXIBLE ANTENNA TUNER 


You can electrically arrange inductors 
and capacitors to get maximum mileage 
out of expensive antenna-tuner parts— 
easily. This project, by ARRL Lab Engi- 
neer Zack Lau, KH6CP/1, originally ap- 
peared in October 1991 QST. It uses BNC 
connectors to handle antenna-tuner 
switching chores. (You can use RF 
connectors other than BNCs, but BNCs 
are reliable and offer quick connect/ 
disconnect unobtainable with other 
common connector types.) Fig 22.95 
shows the arrangement: four BNC connec- 
tors (J1, J2, J3 and J4), an air-dielectric 
variable capacitor (C1), a roller inductor 
(L1) and an air-core, tappable inductor 
(L2). Fig 22.96 shows how everything 


looks in assembled form. 


GETTING THE RIGHT PARTS 


A self-supporting,  air-core соп 
(Miniductor or equivalent) works well at 
L2; a toroidal-core inductor wound on a 
powdered-iron core appropriate for the 
frequency range (mix-2 material 2 to 
30 MHz; mix-6 material for 10 to 
60 MHz ) would work well, too. The roller 
inductor used at L1 is a luxury. Sometimes 
you can obtain these at flea markets at a 
reasonable price. 

The capacitor you use may limit how 
much power your antenna tuner can 
handle. Wider capacitor plate spacings 
allow higher RF voltages before arcing 


<50 0, Purely Resistive 
J3 or J4 


Very High Impedance 
where Coil and 
Capacitor Resonate 


J2 


J2 >50 0, Purely Resistive 


Р1/Л 


Some Reactive Loads 


Station Setup and Accessory Projects 


occurs, but arcing at the circuit’s RF con- 
nectors may be the limiting factor in many 
cases. BNC connectors are rated to with- 
stand 500 V. (Actually, it’s better that the 
connectors are first if arcing occurs at all, 
because connectors can be replaced 
cheaply. Arced-over, carbonized capaci- 
tors are sometimes repairable, but only 
with a lot of work.) Teflon-dielectric 
connectors are strongly recommended in 
this application. Avoid bargain con- 
nectors; jacks containing cheap plastic 
insulation have been known to bubble and 
melt in the ARRL Lab! 

In addition to the jacks called out in Fig 
22.95, you'll need one shorting plug (P1) 
to complete some matching configura- 


Fig 22.95—Zack Lau’s flexible antenna 
tuner (A) uses BNC jacks and one 
shorted-plug jumper (P1) for easy, 
efficient switching between matching 
configurations. No jack is labeled 
INPUT or OUTPUT because of the 
network’s flexibility and reversibility. B 
through E show the four LC networks 
possible with this component 
arrangement, including P1’s role (if 
any) in their implementation. The load 
characteristics shown at B through E 
are approximations only. The best way 
to adjust this tuner is to experiment 
with various configurations and 
settings until you achieve minimum 
reflected power or SWR. 

The component values below are 
those used in the tuner pictured in Fig 
22.96; you need not duplicate them (or 
the particular parts used) exactly. 
Ocean State Electronics, Fair Radio 
Sales and Surplus Sales of Nebraska 
(see the Address List in the 
References chapter), among other 
QST advertisers, carry coils, 
capacitors, connectors and fasteners 
suitable for this project. And don’t 
forget flea markets—scrounge! 


C1—250 pF; exact value not critical. 
J1-J4—Chassis-mount coaxial jack, 
Teflon-dielectric BNC recommended. 
L1—Roller inductor, approximately 
10 uH, exact value not critical. 
L2—Approximately 30 |Н; exact value 
not critical. The coil shown in Fig 
22.96, a PI DUX 1212A, may have 
been discontinued; it consists of 
23/4 inches of 1'/2-inch-diameter, 
16-turns-per-inch stock wound from 
#16 wire. A 2°/.-inch-long piece of 
Barker & Williamson 3055 stock 
would be a close substitute. 
Pi—Shorted coaxial plug to match J1- 
J4. 
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Fig 22.96—The prototype version of the Fig 22.95 circuit. From left to right, the 
jacks are J4-J1; the components are L2, L1 and C1. The tap clip on L2 is an Ocean 
State Electronics #3942. 


tions. Commercial shorting plugs, com- 
plete with chains that allow the plug to be 
made capacitive, are available (military 
number CW-159, available as Amphenol 
31-17 and Kings KC-89-62, for instance), 
but you can save money and time by 
making your own. 


BUILDING IT 


Perhaps the biggest advantage BNC- 
jumper switching offers over multi- 
position switches is short lead length, as 
Fig 22.96 shows. The parts are positioned 
so short pieces of copper strap and wire 
canconnect everything together. This sure 
beats wiring multisection switches! 

If you use a solenoidal inductor at L1, 
be sure to preserve its Q—that is, keep its 
RF losses low—by mounting it away from 
metal enclosure walls by at least its diam- 
eter. Likewise, do not build your antenna 
tuner into an iron or steel box! An iron or 
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steel enclosure can raise a solenoidal 
coil’s losses sky high. And don’t use steel 
clips in making connections to L2—use 
brass or copper instead. 

Some matching configurations require 
that you not ground one or more of the 
network components, so be sure to maxi- 
mize your network’s flexibility by in- 
sulating C1, L1 and L2 from the chassis 
and ground. C1 and L2 were mounted on 
'/2-inch-square plastic bars. (The coil used 
for L2 includes a plastic mounting plate; 
you can add a plate to air-wound coils that 
don't include one.) Like most roller in- 
ductors, the part used at L1 required no 
additional insulation because its mount- 
ing brackets are insulated. 

Variable components insulated from 
ground must be adjusted via nonconduc- 
tive shafts or couplers. L1’s shaft is insu- 
lated from the rest of the coil, but Cl's 
shaft is connected to its rotor. In this tuner, 


Tapped Holes for 
Set Screws 


Plastic 
Block 


Fig 22.97—Can't locate a shaft 
coupler? Make your own out of an 
acrylic-plastic block. Drill a hole for the 
shafts through a small block of plastic. 
Then make two more holes, threaded to 
take setscrews, that intersect the shaft 
hole. You can make knobs for odd- 
sized shafts using much the same 
approach. 


C1 is adjusted via a relatively expensive 
shaft coupler (Ocean State Electronics 
SC39005), but you can machine a cheaper 
plastic equivalent as shown in Fig 22.97. 


Tuning the Tuner 


Using the tuner is easy: First, experi- 
ment with the tuner's configurations and 
setting to maximize received noise. Then, 
through a series of short, identified test 
transmissions, experiment further to mini- 
mize your system's reflected power of 
SWR. You can easily add external in- 
ductance by installing BNC connectors on 
both terminals of your add-on inductors 
and plugging them into the network as 
necessary. 

One challenge remains unmet with this 
antenna tuner design, though: an elegant 
way to parallel capacitance with C1 for 
a network that will match anything at 
MF/HF. Binding posts and switches are 
obvious solutions, but is there a better 
way? 


A TRANSMATCH FOR BALANCED OR UNBALANCED LINES 


Most modern transmitters are designed 
to operate into loads of approximately 
50 Q. Solid-state transmitters produce 
progressively lower output power as the 
SWR on the transmission line increases, 
owing to the built-in SWR protection cir- 
cuits. Therefore, it is useful to employ a 
matching network between the transmit- 
ter and the antenna feeder when antennas 
with complex impedances are used. 

One example of this need can be seen in 
the case of an 80-m, coax-fed dipole an- 
tenna, which has been cut for resonance at 
say, 3.6 MHz. If this antenna were used in 
the 75-m phone band, the SWR would be 
fairly high. A Transmatch could be used to 
give the transmitter a 50-Q load, even 
though a significant mismatch was present 
at the antenna feedpoint. 

It is important to remember that the 
Transmatch will not correct the actual 


Fig 22.98—Exterior view of the SPC 
Transmatch. Radio Shack vernier 
drives are used for the tuning 
capacitors. A James Millen turns- 
counter drive is coupled to the rotary 
inductor. 


3.5 - 30 MHz 


Fig 22.99—Circuit for the Ultimate 
Transmatch. The network can 
degenerate to a high-pass network 
under some conditions (see text). A T- 
network configuration provides 
identical matching range and does not 
require a splitstator capacitor at C1. 


SWR condition; it only conceals it as far 
as the transmitter is concerned. A 
Transmatch is useful also when using a 
single-wire antenna for multiband use. By 
means of a balun at the Transmatch output 
itis possible to operate the transmitter into 
a balanced transmission line, such as a 
300- or 600-Q feed system of the type that 
would be used with a multiband tuned 
dipole, V beam or rhombic antenna. 

A secondary benefit can be realized 
from Transmatches of certain varieties: 
The matching network can, if it has a band- 


pass response, attenuate harmonics from 
the transmitter. The amount of attenuation 
is dependent upon the loaded Q(Q;) of 
the network after the impedance has been 
matched. The higher the Q,, the greater 
the attenuation. Some Transmatches, such 
as the Ultimate Transmatch of Fig 22.99, 
can exhibit a high-pass response (undesir- 
able), depending on the transformation 
ratio they are adjusted to accommodate. In 
a worst-case condition the attenuation of 
harmonic currents may be as low as 3 to 
5 dB. Under different (better) conditions 


18 -30MHz 


Сі 


Fig 22.100—Schematic diagram of the SPC circuit. Capacitance is in pF. Contact 
information for parts suppliers appears in the Address List іп the References 


chapter. 


C1—200-pF transmitting variable with 
plate spacing of 0.074 inch or 
greater (supplier: RADIOKIT). 

C2—Dual-section variable, 200 pF per 
section. Same plate spacing as C1 
(supplier: RADIOKIT). 

J1, J2, J4—SO-239 coaxial connectors. 
J4 should have high-dielectric- 
strength insulation (such as Teflon) 
if high-Z single-wire antennas are 
used at J3. 
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J4—Ceramic feedthrough bushing. 

Li—Rotary inductor, 25 uH minimum 
inductance (supplier: RADIOKIT). 

L2— Three turns #8 copper wire, 1 inch 
IDx1'/z inches long. 

S1—Two-pole, four-position ceramic 
rotary wafer switch with heavy contacts. 
Two positions are unused. 

Zi—Balun transformer: 12 turns no. 12 
Formvar wire, trifilar, close-wound on 
1-inch-OD phenolic or PVC-tubing form. 
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Fig 22.101—Interior view of the W1FB 
SPC Transmatch. L2 is mounted on the 
rear well by means of two ceramic 
standoff insulators. C1 is on the right 
and C2 is at the left. The coaxial 
connectors, ground post and J3 are on 
the lower part of the rear panel. 


of impedance transformation, the attenua- 
tion can be as great as 20 to 25 dB. 

The SPC Transmatch described here 
was developed to correct for the some- 
times poor harmonic attenuation of the 
network in the Ultimate Transmatch. The 
SPC (series-parallel capacitance) circuit 
maintains a band-pass response under load 
conditions of less than 25 Q to more than 
1000 Q (from a 50-Q transmitter). This is 
because a substantial amount of capaci- 
tance is always in parallel with the rotary 
inductor (C2B and L1 of Fig 22.100). In 
comparison with the Ultimate circuit of 
Fig 22.99, it can be seen that at high load 
impedances, the Ultimate Transmatch will 
have minimal effective output capacitance 
in shunt with the inductor, giving rise to a 
high-pass response. 

Another advantage of the SPC Trans- 
match is its greater frequency range 
with the same component values used in 
the Ultimate Transmatch. The circuit of 
Fig 22.100 operates from 1.8 to 30 MHz 
with the values shown. Only three-fourths 
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of the available inductance of L1 is needed 
on 160 m. For this reason there are 
vernier-drive dials on СІ and C2. They are 
also useful in logging the dial settings for 
changing bands or antennas. 


Construction 


Figs 22.98 and 22.101 show the 
structural details of the Transmatch. The 
cabinet is homemade from 16-gauge 
aluminum sheeting. L brackets are affixed 
to the right and left sides of the lower part 
of the cabinet to permit attachment of the 
U-shaped cover. 

The conductors that join components 
should be of heavy-gauge material to mini- 
mize stray inductance and heating. Wide 
strips of flashing copper are suitable for 
the conductor straps. The center conduc- 
tor and insulation from RG-59 polyfoam 
coaxial cable is used in this model for the 
wiring between the switch and the related 
components. The insulation is sufficient 
to prevent breakdown and arcing at 2-kW 
PEP input to the transmitter. 

All leads should be kept as short as pos- 
sible to help prevent degradation of the cir- 
cuit Q. The stators of C1 and C2 should 
face toward the cabinet cover to minimize 
the stray capacitance between the capaci- 
tor plates and the bottom of the cabinet (im- 
portant at the upper end of the Transmatch 
frequency range). Insulated ceramic shaft 
couplings are used between the vernier 
drives and C1 and C2, since the rotors of 
both capacitors are floating in this circuit. 
Cl and C2 are supported above the bottom 
plate on steatite cone insulators. S1 is at- 
tached to the rear apron of the cabinet by 
means of two metal standoff posts. 


Operation 


The SPC Transmatch is designed to 
handle the output from transmitters that 
operate up to 1.5 kW PEP output. L2 has 
been added to improve the circuit Q at 10 
and 15 m. However, it may be omitted 
from the circuit if the rotary inductor (L1) 
has a tapered pitch at the minimum-induc- 
tance end. It may be necessary to omit L2 
if the stray wiring inductance of the 
builder's version is high. Otherwise, it 
may be impossible to obtain a matched 


condition at 28 MHz with certain loads. 

An SWR indicator is used between the 
transmitter and the Transmatch to show 
when a matched condition is achieved. The 
builder may want to integrate an SWR 
meter in the Transmatch circuit between 
J2 and the arm of S1A (Fig 22.100A). If 
this is done there should be room for an 
edgewise panel meter above the vernier 
drive for C2. 

Initial transmitter tuning should be done 
with a dummy load connected to J1 and 
with S1 in the D position. This will pre- 
vent interference that could otherwise 
occur if tuning is done on the air. After the 
transmitter is properly tuned into the 
dummy load, unkey the transmitter and 
switch S1 to T (Transmatch). Never hot- 
switch a Transmatch, as this can damage 
both transmitter and Transmatch. Set C1 
and C2 at midrange. With a few watts of 
RF, adjust L1 for a decrease in reflected 
power. Then adjust C1 and C2 alternately 
for the lowest possible SWR. If the SWR 
cannot be reduced to 1:1, adjust L2 slightly 
and repeat the procedure. Finally, increase 
the transmitter power to maximum and 
touch up the Transmatch controls if neces- 
sary. When tuning, keep your transmis- 
sions brief and identify your station. 

The air-wound balun of Fig 22.100B can 
be used outboard from the Transmatch if a 
low-impedance balanced feeder is con- 
templated. Ferrite or powdered-iron core 
material is not used in the interest of avoid- 
ing TVI and harmonics that can result from 
core saturation. 

The B position of S1 permits switched- 
through operation when the Transmatch 
is not needed. The G position is used for 
grounding the antenna system, as neces- 
sary; a quality earth ground should be 
attached to the Transmatch chassis at all 
times. 


Final Comments 


Surplus coils and capacitors are okay in 
this circuit. L1 should have at least 25 uH 
of inductance and the tuning capacitors 
need to have 150 pF or more of capaci- 
tance per section. Insertion loss through 
this Transmatch was measured at less than 
0.5 dB at 600 W of RF power on 7 MHz. 


A 12-V JUNCTION BOX FOR YOUR SHACK 


Today, many of the accessories we use 
around the shack are powered by 12-V dc. 
Robert Capon, WA3ULH, became frus- 
trated with the proliferation of 12-V power 
connectors and described this junction box 
in the August 1994 QST. The box has an 
on/off switch, an LED and a panel- 
mounted fuse. You can build the junction 
box in one evening for about $25 or less. 


Construction 


Fig 22.102 shows the layout of the top 
of the case. Use a photocopy of this figure 
as the drilling template. Begin with ten 
small, '/16-inch guide holes. Then remove 
the template, and use larger bits to drill the 
remaining holes. 

Next, install all the panel-mounted 
components. Wire them as shown in 
Fig 22.103. 

Finally, you’ll need to round up all of 
your accessories and standardize your 
shack on the mating male dc plugs. Re- 
move the old plugs from these devices, and 
solder the new plugs to each. The positive 
lead goes to the center conductor, and the 
negative or grounded lead goes to the 
shield of the plug. Do not automatically 
assume the red or the striped wire from 
your accessory is the positive lead. Check 
the documentation to determine the cor- 
rect polarity of each lead. 


A High-Powered Version for Your Mobile Rig 


WA3ULH’s junction box uses a 1.5-A fuse and low current jacks and 
plugs. A high-current version, fused for 10-A, can fit in the same space. 
Use the female MOLEX connector, recommended earlier in this chapter, for 
standard connection of VHF and UHF radios. A mating pair of these 
connectors is sold by Radio Shack with the part number 274-222. The 
female snaps into a rectangular hole. Use the matching male as the 


connector on the leads from the rig or accessory. 

Drill one or more of the six output connector holes on the left side of the 
layout with a '/4-іп drill. Then file each hole in the soft plastic case to !!/:ex 
1/4-in. Replace the power input connector in the top-right corner with a set 
of #14 wire leads fed through the panel hole and a grommet. These leads 
connect directly to your power source. Use a 10-A fuse in place of the 
1.5-A unit. Now you can plug your mobile rig directly into the junction box. 


Fig 22.102 —Drilling template. Photocopy this page, cut out the template and tape 
it to the box as a drilling guide. 


Fig 22.103 — Wiring diagram of the 12-V junction box. All parts are available at 
Radio Shack. 


D1—LED in panel-mount holder S1—SPST microminiature switch 
(276-0684). (275-324). 

F1—10 A fuse holder (270-362). $20 stranded hook-up wire (278-1225). 

J1-J7—5.5 mm/2.1 mm dc power jacks 5.5 mm/2.1 mm dc power plugs (7)*, 
(7*), (274-1563). (274-1569A) 

R1—470-Q resistor (271-1317). Plastic project box (270-221). 


*See sidebar for high powered version. 
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AN RF SNIFFER METER 


The RF Sniffer Meter shown in Fig 
22.104 has served Emerson Hoyt, WX7E, 
for almost 50 years. It gets its name from 
its function—sniffing out the presence of 
RF (or even high audio) energy. The 
Sniffer can show if RF has made its way to 
undesired places, such as the outside of 
coax cable shields, or into regulated power 
supplies or audio amplifiers. Of course, 
the Sniffer can also confirm the presence 
of RF where it should be, as in oscillators. 

The circuit consists of a sensitive 
milliammeter or a low-range microam- 
meter, two germanium diodes, a short 
piece of bus wire for a probe and some 
suitable support hardware. The bus wire 
acts as antenna, and the diodes rectify the 
RF, feeding dc through the meter. 

The diodes are germanium, such as the 
Radio Shack 1N34A (4276-1123). Germa- 
nium diodes are better than silicon diodes 
because they will conduct with a much 
lower applied voltage. You can use almost 
any dc meter, but the detection sensitivity 
will be better with lower range micro- 
ammeters—namely, 100 uA or less 

Construction is not critical, but leads 
should be kept short. Either solder the di- 
ode leads directly to meter terminals or 
use solder lugs. Fig 22.104 shows WX7E's 
method of using a stud-terminal meter. 
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Fig 22.104—A sensitive meter, two diodes and some wire are all you need to 
detect the presence of RF energy in circuits. 


Cover the probe wire with insulating 
sleeving, leaving only a very short length 
of the tip exposed. When working with 
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Repeaters 


HI his section was written by Paul M. 
Ж Danzer, NIII: 

In the late 1970s two.events occurred 
that changed the way radio amateurs com- 
municated. The first was the explosive 
advance in solid state components — tran- 
sistors and integrated circuits. A number 
of new "designed for communications" 
integrated circuits became available, as 
well as improved high-power transistors 
for RF power amplifiers. Vacuum.tube- 
based equipment, expensive to maintain 
and subject to vibration damage, was be- 
coming obsolete. 

At about the same time, in one of its 
periodic reviews of spectrum usage, the 
Federal Communications Commission 
(FCC) mandated that commercial users of 
the VHF spectrum reduce the bandwidth 
of truck, taxi, police, fire and all other 
commercial services from 15 kHz to 5 
kHz. This meant that thousands of new 
narrowband FM radios were put into ser- 
vice and an equal number of wideband 
radios were no longer needed. 

As the new radios arrived at the front 
door of the commercial users, the old ra- 
dios went out the back door, and hams 
lined up to take advantage of the newly 
available “commercial surplus.” Not since 
the end of World War II had so many ra- 
dios been made available to the ham com- 
munity at very low or at least acceptable 
prices. With a little tweaking, the trans- 
mitters and receivers were modified for 


ham use, and the great repeater boom was 
on. 


WHAT IS A REPEATER? 


Trucking companies and police depart- 
ments learned long ago that they could get 
much better use from their mobile radios 
by using an automated relay station called 
a repeater. Not all radio dispatchers are 
located near the highest point in town or 
have access to a 300-ft tower. But a re- 
peater, whose basic idea is shown in Fig 


Transmit 
146.94 


23.1, can be more readily located where 
the antenna system is as high as possible 
and can therefore cover a much greater 
area. 


Types of Repeaters 


The most popular and well-known type 
of amateur repeater is an FM voice system 
on the 29, 144, 222 or 440-MHz bands. 
Tens of thousands of hams use small 12-V 
powered radios in their vehicles for both 
casual ragchewing and staying in touch 
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Fig 23.1 — Typical 2-m repeater, showing mobile-to-mobile communication 
through a repeater station. Usually located on a hill or tall building, the repeater 
amplifies and retransmits the received signal on a different frequency. 
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Table 23.1 
Types of Repeaters 


ATV — Amateur TV Same coverage advantages as voice repeaters to hams 
using wideband TV in the VHF and UHF bands. Often 
consist of pairs of repeaters — one for the ATV and the 


other for the voice coordination. 


AM and SSB There is no reason to limit repeaters to FM. There are a 
number of other modulation-type repeaters, some experi- 
mental and some long-established. 

Digipeaters Digital repeaters used primarily for packet communications 


(see the Modes chapter). Can use a single channel (single 
port) or several channels (multi-port) on one or more VHF 
and UHF bands. 


Amateur satellites are best-known examples. Wide band- 
width (perhaps 50 to 200 kHz) is selected to be received 
and transmitted so all signals in bandwidth are heard by the 
satellite (repeater) and retransmitted, usually on a different 
VHF or UHF band. Satellites are discussed elsewhere in 
this chapter. 


Although not permitted or practical for terrestrial use in the 
VHF or UHF spectrum, there is no reason wideband 
repeaters cannot be established in the microwave region 
where wide bandwidths are allowed. This would be known 
as frequency multiplexing. 
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Fig 23.2 — The basic components of a repeater station. In the early days of 
repeaters, many were home-built. These days, most are commercial, and are far 
more complex than this diagram suggests. 
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with what is going on during heavy traffic 
or commuting times. Others have low- 
power battery-operated hand-held units, 
known as “handi-talkies” or "HTs" for 
144, 222 or 440 MHz. Some mobile and 
hand-held transceivers operate on two 
bands. But there are several other types of 
ham radio repeaters. Table 23.1 describes 
them. 

FM is the mode of choice, as it was in 
commercial service, since it provides a 
high degree of immunity to mobile noise 
pulses. Operations are channelized — all 
stations operate on the same transmit fre- 
quency and receive on the same receive 
frequency. In addition, since the repeater 
receives signals from mobile or fixed sta- 
tions and retransmits these signals simul- 
taneously, the transmit and receive fre- 
quencies are different, or split. Direct 
contact between two or more stations that 
listen and transmit on the same frequency 
is called operating simplex. 

Individuals, clubs, amateur civil de- 
fense support groups and other organiza- 
tions all sponsor repeaters. Anyone with a 
valid amateur license for the band can es- 
tablish a repeater in conformance with the 
FCC rules. No one owns specific repeater 
frequencies, but nearly all repeaters are 
coordinated to minimize repeater-to-re- 
peater interference. Frequency coordina- 
tion and interference are discussed later in 
this chapter. 


Block Diagrams 


Repeaters normally contain at least the 
sections shown in Fig 23.2. After this, the 
sky is the limit on imagination. As an ex- 
ample, a remote receiver site can be used 
to try to eliminate interference (Fig 23.3). 

The two sites can be linked either by 
telephone (“hard wire") or a VHF or UHF 
link. Once you have one remote receiver 
site itis natural to consider a second site to 
better hear those “weak mobiles" on the 
other side of town (Fig 23.4). Some of the 
stations using the repeater are on 2 m while 
others are on 440? Just link the two repeat- 
ers! (Fig 23.5). 

Want to help the local Civil Air Patrol 
(CAP)? Add a receiver for aircraft emer- 
gency transmitters (ELT). Tornadoes? It 
is now legal to add a weather channel re- 
ceiver (Fig 23.6). 

The list goes on and on. Perhaps that is 
why so many hams have put up repeaters. 


Repeater Terminology 


Here are some definitions of terms used 
in the world of Amateur Radio FM and 
repeaters: 
access code — one or more numbers and/ 

or symbols that are keyed into the re- 

peater with a DTMF tone pad to activate 


Fig 23.3 — Separating the 
transmitter from the receiver 
helps eliminate certain types of 
interference. The remote 
receiver can be located on a 
different building or hill, or 
consist of a second antenna at 
a different height on the tower. 
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Fig 23.4 — A second remote receiver site can provide solid coverage on the other side of town. 
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Repeater 


Controller 


Radio or Telephone Line Link 
(2 - Way) 


Fig 23.5 — Two repeaters using 
different bands can be linked for added 
convenience. 


Repeater 


Controller 


Auxiliary 
Receiver(s) 


Received Audio 


Fig 23.6 — For even greater flexibility, 
you can add an auxiliary receiver. 


a repeater function, such as an auto- 
patch. 

autopatch — a device that interfaces a 
repeater to the telephone system to per- 
mit repeater users to make telephone 
calls. Often just called a “patch.” 

break — the word used to interrupt a con- 
versation on a repeater only to indicate 
that there is an emergency. 

carrier-operated relay (COR) — a de- 
vice that causes the repeater to transmit 
in response to a received signal. 

channel — the pair of frequencies (input 
and output) used by a repeater. 

closed repeater — a repeater whose ac- 
cess is limited to a select group (see 
open repeater). 

control operator — the Amateur Radio 
operator who is designated to “control” 
the operation of the repeater, as required 
by FCC regulations. 

courtesy beep — an audible indication 
that a repeater user may go ahead and 
transmit. 

coverage — the geographic area within 
which the repeater provides communi- 
cations. 

CTCSS — abbreviation for continuous 
tone-controlled squelch system, a series 
of subaudible tones that some repeaters 
use to restrict access. (see closed re- 
peater) 

digipeater — a packet radio (digital) re- 
peater. 

DTMF — abbreviation for dual-tone mul- 
tifrequency, the series of tones gener- 


Fig 23.7 — In the upper diagram, stations A and B cannot communicate because 
their mutual coverage is limited by the mountains between them. In the lower 
diagram, stations A and B can communicate because the coverage of each station 
falls within the coverage of repeater C, which is on a mountaintop. 
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ated from a keypad on a ham radio trans- 
ceiver (or a regular telephone). 

duplex or full duplex — a mode of com- 
munication in which a user transmits on 
one frequency and receives on another 
frequency simultaneously (see half 
duplex). 

duplexer — a device that allows the re- 
peater transmitter and receiver to use the 
same antenna simultaneously. 

frequency coordinator — an individual 
or group responsible for assigning fre- 
quencies to new repeaters without caus- 
ing interference to existing repeaters. 

full quieting — a received signal that 
contains no noise. 

half duplex — a mode of communication 
in which a user transmits at one time 
and receives at another time. 

hand-held — a small, lightweight por- 
table transceiver small enough to be car- 
ried easily; also called HT (for Handie- 
Talkie, a Motorola trademark). 

hang time — the short period following a 
transmission that allows others who 
want to access the repeater a chance to 
do so; a courtesy beep sounds when the 
repeater is ready to accept another trans- 
mission. 

input frequency — the frequency of the 
repeater's receiver (and your 
transceiver’s transmitter). 

intermodulation distortion (IMD)— the 
unwanted mixing of two strong RF sig- 
nals that causes a signal to be transmit- 
ted on an unintended frequency. 

key up — to turn on a repeater by trans- 
mitting on its input frequency. 

machine — a repeater system. 

magnetic mount or mag-mount — an 
antenna with a magnetic base that per- 
mits quick installation and removal 
from a motor vehicle or other metal sur- 
face. 

NiCd — a nickel-cadmium battery that 
may be recharged many times; often 
used to power portable transceivers. 
Pronounced “NYE-cad.” 

open repeater — a repeater whose access 
is not limited. 

output frequency — the frequency of the 
repeater’s transmitter (and your 
transceiver’s receiver). 

over — a word used to indicate the end of 
a voice transmission. 

Repeater Directory — an annual ARRL 
publication that lists repeaters in the US, 
Canada and other areas. 

separation or split — the difference (in 
kHz) between a repeater’s transmitter 
and receiver frequencies. Repeaters that 
use unusual separations, such as 1 MHz 
on 2 m, are sometimes said to have 
“oddball splits.” 

simplex — a mode of communication in 


which users transmit and receive on the 
same frequency. 

time-out — to cause the repeater or a re- 
peater function to turn off because you 
have transmitted for too long. 

timer — a device that measures the length 
of each transmission and causes the re- 
peater or a repeater function to turn off 
after a transmission has exceeded a cer- 
tain length. 

tone pad — an array of 12 or 16 numbered 
keys that generate the standard tele- 
phone dual-tone — multifrequency 
(DTMF) dialing signals. Resembles a 
standard telephone keypad. (see auto- 
patch) 


Advantages of Using a Repeater 


When we use the term repeater we are 
almost always talking about transmitters 
and receivers on VHF or higher bands, 
where radio-wave propagation is normally 
line of sight. Sometimes a hill or building 
in the path will allow refraction or other 
types of edge effects, reflections and bend- 
ing. But for high quality, consistently solid 
communications, line of sight is the pri- 
mary mode. 

We know that the effective range of 
VHF and UHF signals is related to the 
height of each antenna. Since repeaters can 
usually be located at high points, one great 
advantage of repeaters is the extension of 
coverage area from low-powered mobile 
and portable transceivers. 

Fig 23.7 illustrates the effect of using a 
repeater in areas with hills or mountains. 
The same effect is found in metropolitan 
areas, where buildings provide the pri- 
mary blocking structures. 

Siting repeaters at high points can also 
have disadvantages. When two nearby 
repeaters use the same frequencies, your 
transceiver might be able to receive both. 
But since it operates FM, the capture effect 
usually ensures that the stronger signal will 
capture your receiver and the weaker sig- 
nal will not be heard — at least as long as 
the stronger repeater is in use. 

It is also simpler to provide a very 
sensitive receiver, a good antenna system, 
and a slightly higher power transmitter at 
just one location — the repeater — than at 
each mobile, portable or home location. A 
superior repeater system compensates for 
the low power (5 W or less), and small, 
inefficient antennas that many hams use 
to operate through them. The repeater 
maintains the range or coverage we want, 
despite our equipment deficiencies. If 
both the hand-held transceiver and the 
repeater are at high elevations, for 
example, communication is possible over 
great distances, despite the low output 
power and inefficient antenna of the 


Fig 23.8 — In the Rocky Mountain west, hand-held transceivers can often cover 
great distances, thanks to repeaters located atop high mountains. (photo 
courtesy WBOKRX and NOIET) 


transceiver (see Fig 23.8). 

Repeaters also provide a convenient 
meeting place for hams with a common 
interest. It might be geographic — your 
town — or it might be a particular interest 
such as DX or passing traffic. Operation is 
channelized, and usually in any area you 
can find out which channel — or repeater 
— to pick to ragchew, get highway infor- 
mation, or whatever your need or interest 
is. The fact that operation is channelized 
also provides an increased measure of 
driving safety — you don’t have to tune 
around and call CQ to make a contact, as 
on the HF bands. Simply call on a repeater 
frequency — if someone is there and they 
want to talk, they will answer you. 


Emergency Operations 


When there is a weather-related emer- 
gency or a disaster (or one is threatening), 
most repeaters in the affected area imme- 
diately spring to life. Emergency opera- 
tion and traffic always take priority over 
other ham activities, and many repeaters 
are equipped with emergency power 
sources just for these occasions. 

Almost all Amateur Radio emergency 
organizations use repeaters to take advan- 
tage of their extended range, uniformly 
good coverage and visibility. Most repeat- 
ers are well known — everyone active in 
an area with suitable equipment knows the 
local repeater frequencies. For those who 
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don't, many transceivers provide the 
ability to scan for a busy frequency. See 
Fig 23.9. 


Repeaters and the FCC 


The law in the United States changes 
over time to adapt to new technology and 
changing times. Since the early 1980s, the 
trend has been toward deregulation, or 
more accurately in the case of radio ama- 
teurs, self-regulation. Hams have estab- 
lished band plans, calling frequencies, 
digital protocols and rules that promote 
efficient communication and interchange 
of information. 

Originally, repeaters were licensed 
separately with detailed applications and 
control rules. Repeater users were forbid- 
den to use their equipment in any way that 
could be interpreted as commercial. In 
some cases, even calling a friend at an 
office where the receptionist answered 
with the company name was interpreted as 
a problem. 

The rules have changed, and now most 
nonprofit groups and public service events 
can be supported and businesses can be 
called — as long as the participating radio 
amateurs are not earning a living from this 
specific activity. 

We can expect this trend to continue. 
For the latest rules and how to interpret 
them, see QST and The FCC Rule Book, 


‘published by the ARRL. 
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Fig 23.9 — During disasters like the Mississippi River floods of 1993, repeaters 
over a wide area are used solely for emergency-related communication until the 
danger to life and property is past. (photo courtesy WA9TZL) 


Emergency Traffic | 
and Calls 
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Mobile Stations 
Fixed Stations 
(Emergencies) 


Control to Open 
Closed Repeaters * 
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Special Uses 
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Fig 23.10 — The chart shows recommended repeater operating priorities. Note 
that, in general, priority goes to mobile stations. 


Ж For a discussion of suggested 
methods for opening closed 
repeaters, see the FM/RPT columns 
in May, vune, August and October 
1993 QST. 
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FM REPEATER OPERATION AND 
EQUIPMENT 


Operating Techniques 


There are almost as many operating pro- 
cedures in use on repeaters as there are 
repeaters. Only by listening can you deter- 
mine the customary procedures on a par- 
ticular machine. A number of common 
operating techniques are found on many 
repeaters, however. 

One such common technique is the 
transmission of courtesy tones. Suppose 
several stations are talking in rotation — 
one following another. The repeater de- 
tects the end of a transmission of one user, 
waits a few seconds, and then transmits a 
short tone or beep. The next station in the 
rotation waits until the beep before trans- 
mitting, thus giving any other station 
wanting to join in a brief period to trans- 
mit their call sign. Thus the term courtesy 
tone — you are politely pausing to allow 
other stations to join in the conversation. 

Another common repeater feature that 
encourages polite operation is the repeater 
timer. Since repeater operation is 
channelized — allowing many stations to 
use the same frequency — it is polite to 
keep your transmissions short. If you for- 
get this little politeness many repeaters 
simply cut off your transmission after 2 or 
3 minutes of continuous talking. After the 
repeater “times out,” the timer is reset and 
the repeater is ready for the next transmis- 
sion. The timer length is often set to 3 
minutes or so during most times of the day 
and 1 or 1'/2 minutes during commuter 
rush hours when many mobile stations 
want to use the repeater. 

A general rule, in fact law — both inter- 
nationally and in areas regulated by the 
FCC — is that emergency transmissions 
always have priority. These are defined as 
relating to life, safety and property dam- 
age. Many repeaters are voluntarily set up 
to give mobile stations priority, at least in 
checking onto the repeater. If there is go- 
ing to be a problem requiring help, the 
request will usually come from a mobile 
station. This is particularly true during 
rush hours; some repeater owners request 
that fixed stations refrain from using the 
repeater during these hours. Since fixed 
stations usually have the advantages of 
fixed antennas and higher power, they can 
operate simplex more easily. This frees the 
repeater for mobile stations that need it. 

A chart of suggested operating priori- 
ties is given in Fig 23.10. Many but not all 
repeaters conform to this concept, so it can 
be used as a general guideline. 

The figure includes a suggested priority 
control for closed repeaters. These are 


repeaters whose owners wish, for any’ 


number of reasons, not to have them listed 
as available for general use. Often they 
require transmission of a subaudible or 
CTCSS tone (discussed later). Not all re- 
peaters requiring a CTCSS tone are closed. 
Other closed repeaters require the trans- 
mission of a coded telephone push-button 
(DTMF) tone sequence to turn on. It is 
desirable that all repeaters, including gen- 
erally closed repeaters, be made available 


Quick 
Battery 
Charger 


Battery Choice 
Small, Medium, 
Large * 


Battery 
Trickle 


Charger 


12-V 
Vehicle 
System 


12-V 
Battery 


at least long enough for the presence of 
emergency information to be made known. 

Repeaters have many uses. In some ar- 
eas they are commonly used for formal 
traffic nets, replacing or supplementing 
the nets usually found on 75-m SSB. In 
other areas they are used with tone alert- 
ing for severe-weather nets. Even when a 
particular repeater is generally used for 
ragchewing it can be linked for a special 
purpose. As an example, an ARRL volun- 


PORTABLE — HAND CARRIED 


Hand—Held 


rig 


“Brick” 
Amplifier 
* 


Ж High power output into an 
antenna close to a body may 
be hazardous. See Safety chapter. 


MOBILE OPERATION 


Mobile Rig 


Fixed—Station 
Rig 


FIXED (HOME) STATION 


teer official may hold a periodic section 
meeting across her state, with linked re- 
peaters allowing both announcements and 
questions directed back to her. 

One of the most common and important 
uses of a repeater is to aid visiting hams. 
Since repeaters are listed in the ARRL 
Repeater Directory and other directories, 
hams traveling across the country with 
mobile or hand-held radios often. check 
into local repeaters asking for travel route, 
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Fig 23.11 — Equipment choices for use with repeaters are varied. A hand-held transceiver is perhaps the most versatile type 
of radio, as it can be operated from home, from a vehicle and from a mountaintop. 
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restaurant or lodging information. Others 
just come on the repeater to say hello to 
the local group. In most areas courtesy 
prevails — the visitor is given priority to 
say hello or get the needed help. 

Detailed information on repeater oper- 
ating techniques is included in a full chap- 
ter of the ARRL Operating Manual. 


Home and Mobile Equipment 


There are many options available in 
equipment used on repeaters—both home- 
built and commercial. It is common to 
use the same radio for both home station 
and mobile, or mobile and hand-held use. 
A number of these options are shown in 
Fig 23.11. 


Hand-Held Transceivers 


A basic hand-held radio with 100 mW 
to 5 W output can be mounted in an auto- 
mobile with or without a booster amplifier 
or “brick.” 

Several types of antennas can be used in 
the hand-held mode. The smallest and 
most convenient is a rubber flex antenna, 
known as a “rubber duckie,” a helically 
wound antenna encased in a flexible tube. 
Unfortunately, to obtain the small size the 
use of a wire helix or coil often produces 
a very low efficiency. 

A quarter-wave whip, which is about 19 
inches long for the 2-m band, is a good 
choice for enhanced performance. The rig 
and your hand act as a ground plane and a 
reasonably efficient result is obtained. A 
longer antenna, consisting of several elec- 
trical quarter-wave sections in series, is 
also commercially available. Although 
this antenna usually produces extended 
coverage, the mechanical strain of 30 or 
more inches of antenna mounted on the 


Preamplifier 


From 
Hand-Held 
Radio 


radio’s antenna connector can cause prob- 
lems. After several months, the strain may 
require replacement of the connector. 

Selection of batteries will change the 
output power from the lowest generally 
available — 0.1 or 0.5 W — to the 5-W 
level. Charging is accomplished either 
with a “quick” charger in an hour or less or 
with a trickle charger overnight. 

Power levels higher than 7 W may cause 
а safety problem on hand-held units, since 
the antenna is usually close to the 
operator’s head and eyes. See the Safety 
chapter for more information. 

For mobile operation, a 12-V power 
cord plugs into the auto cigarette lighter. 
In addition, commercially available brick 
amplifiers — available either assembled 
or as kits — can be used to raise the output 
power level of the hand-held radio to 10 to 
70 W. These amplifiers often come with 
transmit-receive sensing and optional 
preamplifiers. One such unit is shown in 
block form in Fig 23.12. 


Mobile Equipment 

Mobile antennas range from quick and 
easy “clip-it-on” mounting to “drill 
through the car roof" assemblies. The four 
general classes of mobile antennas shown 
in the center section of Fig 23.11 are the 
inost popular choices. Before experiment- 
ing with antennas for your vehicle, there 
are some precautions to be taken. 

Through-the-glass antennas: Rather 
than trying to get the information from 
your dealer or car manufacturer, test any 
such antenna first using masking tape or 
some other temporary technique to hold 
the antenna in place. Some windshields are 
metallicized for defrosting, tinting and 
AM car radio reception. Having this metal 


Antenna 


Fig 23.12 — This block diagram shows how a “brick” amplifier can be used with a 
receiver preamplifier. RF energy from the transceiver is detected, turns on the 
reiay, and puts the RF power amplifier in line with the antenna. When no RF is 
sensed from the transceiver, the receiving preamp is in line. 
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in the way of your through-the-glass 
antenna will seriously decrease its ef- 
ficiency. 

Magnet-mount antennas are conve- 
nient, but only if your car has a metal roof. 
The metal roof serves as the ground plane. 

Through-the-roof antenna mounting: 
Drilling a hole in your car roof may not be 
the best option unless you intend to keep 
the car for the foreseeable future. This 
mounting method provides the best effi- 
ciency, however, since the (metal) roof 
serves as a ground plane. Before you drill, 
carefully plan and measure how you in- 
tend to get the antenna cable down under 
the interior car headliner to the radio. 

Trunk lid and clip-on antennas: These 
antennas are good compromises. They are 
usually easy to mount and they perform 
acceptably. Cable routing must be 
planned. If you are going to run more than 
a few watts, do not mount the antenna 
close to one of the car windows — a sig- 
nificant portion of the radiated power may 
enter the car interior. 

Mobile rigs used at home can be pow- 
ered either from rechargeable 12-V bat- 
teries or fixed power supplied from the 
120-V ac line. Use of 12-V batteries has 
the advantage of providing back-up com- 
munications ability in the event of a power 
interruption. When a storm knocks down 
power lines and telephone service, it is 
common to hear hams using their mobile 
or 12-V powered rigs making autopatch 
calls to the power and telephone company 
to advise them of loss of service. 


Home Station Equipment 


The general choice of fixed-location 
antennas is also shown in Fig 23.11. A 
rotatable Yagi is normally not only unnec- 
essary but undesirable for repeater use, 
since it has the potential of extending your 
transmit range into adjacent area repeaters 
on the same frequency pair. All antennas 
used to communicate through repeaters 
should be vertically polarized for best 
performance. 

Both commercial and home-made !/4-À 
and larger antennas are popular for home 
use. A number of these are shown in the 
Antennas chapter. Generally speaking, 
!/4-À sections may be stacked up to pro- 
vide more gain on any band. As you do so, 
however, more and more power is con- 
centrated toward the horizon. This may 
be desirable if you live in a flat area. See 
Fig 23.13. 

While most hams do not to try to build 
transceivers for use on repeaters, accesso- 
ries provide a fertile area for construction 
and experimentation. What mobile opera- 
tor has not wished that there was no need 
to hold the microphone continuously? The 
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Fig 23.13 — As with all line-of-sight communications, terrain plays an important 


role in how your signal gets out. 


Station Accessories chapter includes a 
boom microphone unit that can be adapted 
to mobile use. 

A single-pole, single-throw switch can 
be mounted in a small box and Velcro used 
to attach it temporarily to your seat. Flip 
the lever on to transmit and flip it off to 
listen — in the meantime your hands are 
free. 


Autopatches and Tones 


One of the most attractive features of 
repeaters is the availability of autopatch 
services. This allows the mobile or por- 
table station to use a standard telephone 
key pad to connect the repeater to the local 
telephone line and make outgoing calls. 

Table 23.2 shows the tones used for 
these services. Some keyboards provide the 
standard 12 sets of tones corresponding to 
the digits 0 through 9 and the special signs 
# and *. Others include the full set of 16 
pairs, providing special keys A through D. 
The tones are arranged in two groups, usu- 
ally called the low tones and high tones. 
Two tones, one from each group, are re- 
quired to define a key or digit. For example, 
pressing 5 will generate a770-Hz tone and 
a 1336-Hz tone simultaneously. 

The standards used by the telephone 
company require the amplitudes of these 
two tones to have a certain relationship. 
Fortunately, most tone generators used for 
this purpose have the amplitude relation- 
ship as part of their construction. Initially, 
many hams used surplus telephone com- 
pany keypads. These units were easily in- 
stalled — usually just two or three wires 
were connected. Unfortunately they were 
constructed with wire contacts and their 
reliability was not great when used in a 
moving vehicle. 

Many repeaters require pressing a code 
number sequence or the special figures * 
or # to turn the autopatch on and off. Out- 
of-area calls are usually locked out, as are 


Smithtown Repeater Coverage 
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Mobile on Hill 


Smithtown 
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Table 23.2 
Standard Telephone (DTMF) Tones 
Low Tone Group 

High Tone Group 


1209 1336 1447 1633 

Hz Hz Hz Hz 
697 Hz 1 2 3 A 
770 Hz 4 5 6 B 
852 Hz 7 8 9 C 
941 Hz # 0 d D 


Jonestown 
Repeater 
Coverage 


Coverage Areas for Mobiles 
Below 50 Ft Altitude 


Fig 23.14 — When two repeaters operate on the same frequencies, a well-situated 
operator can key up both repeaters simultaneously. Frequency coordination 


prevents this occurrence. 


services requiring the dialing of the prefix 
Oor 1. "Speed dial" is often available, al- 
though occasionally this can conflict with 
the use of * or # for repeater control, since 
these special symbols are used by the tele- 
phone company for its own purposes. 

Some repeaters require the use of 
subaudible or CTCSS tones to utilize the 
autopatch, while others require these tones 
just to access the repeater in normal use. 
Taken from the commercial services, 
subaudible tones are not generally used to 
keep others from using a repeater but 
rather are a method of minimizing inter- 
ference from users of the same repeater 
frequency. 

For example, in Fig 23.14 a mobile 
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station on hill A is nominally within the 
normal coverage area of the Jonestown 
repeater (146.16/76). The Smithtown 
repeater, also on the same frequency pair, 
usually cannot hear stations 150 miles 
away but since the mobile is on a hill he is 
in the coverage area of both Jonestown 
and Smithtown. Whenever the mobile 
transmits he is heard by both repeaters. 
The common solution to this problem, 
assuming it happens often enough, is to 
equip the Smithtown repeater with a 
CTCSS decoder and require all users of 
the repeater to transmit a CTCSS tone to 
access the repeater. Thus, the mobile sta- 
tion on the hill does not come through the 
Smithtown repeater, since he is not trans- 
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mitting the required CTCSS tone. 

Table 23.3 shows the available CTCSS 
tones. They are usually transmitted by 
adding them to the transmitter audio but at 
an amplitude such that they are not readily 
heard by the receiving station. It is com- 
mon to hear the tones described by their 
code designators — a carryover from their 
use by Motorola in their commercial com- 


Table 23.3 
CTCSS (PL) Tone Frequencies 


The purpose of CTCSS (PL) is to reduce 
cochannel interference during band 
openings. CTCSS (PL) equipped repeat- 
ers would respond only to signals having 
the CTCSS tone required for that 
repeater. These repeaters would not 
respond to weak distant signals on their 
inputs and correspondingly not transmit 
and repeat to add to the congestion. 
The standard Electronic Industries 
Association (EIA) frequency codes, in 
hertz, with their Motorola alphanumeric 
designators, are as follows: 


67.0—XZ 136.5—4Z 
69.3—WZ 141.3—4A 
71.9—XA 146.2—4B 
74.4—WA 151.4—52 
77.0—XB 156.7—5A 
79.7—WB 162.2—5B 
82.5—YZ 167.9—62 
85.4—YA 173.8—6A 
88.5—YB 179.9—6B 
91.5—ZZ 186.2—7Z 
94.8—ZA 192.8—7A 
97.4—ZB 203.5—M1 
100.0—1Z 206.5—8Z 
103.5—1А 210.7—М2 
107.2—1B 218.1—M3 
110.9—2Z 225.7—M4 
114.8—2A 229.1—9Z 
118.8—2B 233.6—M5 
123.0—3Z 241.8—M6 
127.3—3A 250.3—M7 
131.8—3B 254.1—02 
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munications equipment. 
Listings inthe ARRL Repeater Directory 
include the CTCSS tone required, if any. 


Frequency Coordination and Band 
Plans 


Since repeater operation is channelized, 
with many stations sharing the same fre- 
quency pairs, the amateur community has 
formed coordinating groups to help mini- 
mize conflicts between repeaters and 
among repeaters and other modes. Over 
the years, the VHF bands have been di- 
vided into repeater and nonrepeater 
subbands. These frequency-coordination 
groups maintain lists of available fre- 
quency pairs in their areas. A complete list 
of frequency coordinators, band plans and 
repeater pairs is included in the ARRL 
Repeater Directory. 

Each VHF and UHF repeater band has 
been subdivided into repeater and 
nonrepeater channels. In addition, each 
band has a specific offset — the difference 
between the transmit frequency and the 
receive frequency for the repeater. While 
most repeaters use these standard offsets, 
others use “oddball splits.” These non- 
standard repeaters are generally also coor- 
dinated through the local frequency coor- 


Table 23.4 


Standard Frequency Offsets for 
Repeaters 


Band Offset 

29 MHz 100 kHz 
52 MHz 1 MHz 
144 MHz 600 kHz 
222 MHz 1.6 MHz 
440 MHz 5 MHz 
902 MHz 12 MHz 
1240 MHz 12 MHz 


dinator. Table 23.4 shows the standard 
frequency offsets for each repeater band. 

The 10-m repeater band offers an addi- 
tional challenge for repeater users. It is the 
only repeater band where ionospheric 
propagation is a regular factor. Coupled 
with the limited number of repeater fre- 
quency assignments available, the stan- 
dard in this band is to use CTCSS tones on 
a regional basis. Table 23.5 lists the coor- 
dinated tone assignments. As can be seen, 
10-m repeaters in the 4th call area will use 
either the 146.2 or 100.0 (4B or 17) 
CTCSS tone. 


AT THE REPEATER SITE 

For details on the many ¢lements that 
go into planning and installing a repeater 
at a particular site, request the 96 Hand- 
book Repeater template from the ARRL 
Technical Secretary. 


Table 23.5 
10-M CTCSS Frequencies 


In 1980 the ARRL Board of Directors 
adopted the 10-m CTCSS (PL) tone- 
controlled squelch frequencies listed 
below for voluntary incorporation into 10-m 
repeater systems to provide a uniform 
national system. 


Call 

Area Tone 1 Tone 2 

W1 131.8 Hz-3B 91.5 Hz-ZZ 
W2 136.5 -42 94.8 -ZA 
W3 141.3 -4A 97.4 -ZB 
W4 146.2 -4B 100.0 -1Z 
w5 151.4 -5Z 103.5 -1A 
W6 156.7 -5A 107.2 -1B 
W7 162.2 -5B 110.9 -2Z 
W8 167.9 -62 114.8 -2A 
wg 173.8 -6A 118.8 -2B 
WO 179.9 -6B 123.0 -32 
VE 127.3 -3A 88.5 -YB 


Satellites 


Unless propagation enhancements аге 


used, radio communication distances are 
essentially limited by the curvature of the 
Earth. Propagation effects that are depen- 
dent upon the atmosphere or ionosphere 
can be conditionally (and sometimes un- 
predictably) used to transmit radio signals 
around the Earth’s curvature, thus thwart- 
ing the straight-line radio range concept, 
even at VHF and UHF frequencies. Com- 
municating beyond line-of-sight dis- 
tances, however, may require the use of 
high power and gain antennas. These types 
of communications are defined as “terres- 
. trial communications." 

Because objects in space are visible 
from a number of locations on the Earth at 
the same time, it is possible to predict 
communications between stations within 
this "circle of visibility." This can be 
achieved by using the space object as a 


Current Amateur Satellites 


OSCAR 10, the second Phase 3 satellite, was 
launched on June 16, 1983, aboard an ESA Ariane 
rocket, and was placed in an elliptical-orbit. OSCAR 10 


passive reflector for radio energy, or if the 
space object contains a transponding ra- 
dio transmitter/receiver, it can act as a ra- 
dio relay. The predictable signal path to 
the space object and back avoids the un- 


certain attenuation inherent in terrestrial ; 


propagation. 

Amateur Radio space communications 
have two major facets: artificial satellites 
and our natural satellite, the Moon. To- 
gether, they make VHF and higher frequen- 
cies usable for amateur intercontinental 
communications and push today’s technol- 


ogy to the limit. This section, written by 


Robert Diersing, NSAHD, covers commu- 
nication from and through artificial space- 
craft. EME or moonbounce communication 
is covered later in this chapter. | 


`ТНЕ AMATEUR SATELLITES 


The Amateur Radio satellite program be- 


gan with the design, construction and launch 
of OSCAR I in 1961 under the auspices of 
the Project OSCAR Association in Califor- 
nia. The acronym “OSCAR,” which has 
been attached to almost all Amateur Radio 
satellite designations on a worldwide basis, 
stands for Orbiting Satellite Carrying Ama- 
teur Radio. Project OSCAR was instrumen- 
tal in organizing the construction of the next 
three Amateur Radio satellites — OSCARs 
II, HI and IV. The Satellite Experimenter's 
Handbook, published by ARRL has details 
of the early days of the amateur space 
program. 

In 1969, the Radio Amateur Satellite 
Corporation (AMSAT) was formed in 
Washington, DC. AMSAT has partici- 
pated in the vast majority of amateur 
satellite projects, both in the United 
States and internationally, beginning with 
the launch of OSCAR 5. Now, many 


. packets and the Bell 202 standard. There is an experi- 
mental S-band beacon at 2401.220 MHz. 
OSCAR 18, also known as WEBERSAT, contains 


carries Mode B and Mode L transponders. Despite a 
failure of the main computer memory, due to radiation 
damage, it still provides good cmmunications when 
| seasonal sun angles are favorable. 
OSCAR 11, a scientific/educational low-orbit satellite, 
was built at the University of Surrey in England and 
| launched on March 1, 1984. This UoSAT spacecraft has 
also demonstrated the feasibility of store-and-forward 
packet digital communications and is fully operational. 
Radio Sputniks 10/11, launched on June 23, 1987, as 
a transponder package aboard a Russian COSMOS | 
navigation satellite. RS-10/11 carries Mode A апа К 


transponders. At the time of this writing, only the Mode A ` 


transponder is operational. 

OSCAR 13, the third Phase 3 satellite, was launched 
on June 15, 1988, aboard the first ESA Ariane 4 launch 
vehicle (an A4LP vehicle, to be specific) and placed in an 
elliptical geosynchronous transfer orbit (GTO). Two 
subsequent burns of a self-contained rocket motor on 
OSCAR 13 moved the satellite to a near-Molnyia, high- 
inclination orbit. OSCAR 13 carries transponders for 
Modes B, J and L and also has experimental Mode S 
transponders. The 70-cm downlink failed in 1993. 
OSCAR 13 will reenter Earth's atmosphere in 1996. 

Radio Sputniks 12/13, launched in 1989 aboard a - 
Russian COSMOS satellite. It carries Моде А and K 
transponders. At the time of this writing, only the Mode K 
transponder is operational. 

OSCAR 16, also known as PACSAT, is a digital store- 
and-forward packet radio file server. It has an experimen- 
tal S-band beacon at 2401.143 MHz. 

OSCAR 17, also known as DOVE (for Digital Orbiting 
Voice Encoder), was designed primarily for classroom 

| use. Telemetry is downlinked using standard AX.25 
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scientific and educational experiments designed and built 
by faculty, students and volunteers at the Center for 
Aerospace Technology, Weber State University, Ogden, 
Utah. 

OSCAR 19, also known as LUSAT, was sponsored by 
AMSAT Argentina, and is nearly identical to OSCAR 16. 

OSCAR 20, launched into low Earth orbit in February 
1990, is the second amateur satellite designed and built 
in Japan. It carries Mode J and Mode JD (digital store- 
and-forward) transponders. Its digital functions are no 
longer operational. 

OSCAR 22, another of the UoSAT series for both 
amateur and commercial services launched in July 1991. 
UO-22 now operates in amateur store-and-forward 
service as well as a 110°-wide CCD camera viewing the 
Earth. . 

OSCAR 23, also known as KITSAT-A (the Korean 
Institute of Technology), was launched in August 1992, 
and is functionally very similar to UO-22 with its high 
speed digital BBS and CCD camera operations. 

. OSCAR 25 also known as KITSAT-B, was launched in 
September 1993. It is a clone of OSCAR 23. 

OSCAR 26, designed and built by AMSAT-IT (Italy), 
was launched in September 1993. ITAMSAT, as it is also 
known, provides a 1200-bit/s packet BBS., 

OSCAR 27 is a companion module aboard the com- 
mercial EyeSat-A microsat. Launched in September 
1993, OSCAR 27 is an experimental platform designed 
by AMRAD. At the time of this writing, it is being used 
primarily as an FM voice repeater. 

RS 15, launched in December 1994, is a Mode A 
spacecraft: its uplink is on the 2-m band, and its downlink 


15 on 10 т. 


23.11 


countries have their own AMSAT organi- 
zations, such as AMSAT-UK in England, 
AMSAT-DL in Germany, BRAMSAT in 
Brazil and AMSAT-LU in Argentina. All 
of these organizations operate indepen- 
dently but may cooperate on large satellite 
projects and other items of interest to the 
worldwide Amateur Radio satellite com- 
munity. Because of the many AMSAT 
organizations now in existence, the US 
AMSAT organization is frequently desig- 
nated AMSAT-NA. 

Beginning with OSCAR 6, amateurs 
started to enjoy the use of satellites with 
lifetimes measured in years as opposed to 
weeks or months. The operational lives of 
OSCARs 6, 7, 8 and 9, for example, ranged 
between four and eight years. All of these 
satellites were low Earth orbiting (LEO) 
with altitudes approximately 800-1200 
km. LEO Amateur Radio satellites have 
also been launched by other groups not 
associated with any AMSAT organization 
such as the Radio Sputniks 1-8 and the 
ISKRA 2 and 3 satellites launched by the 
former Soviet Union. 

The short-lifetime LEO satellites 
(OSCARS I through IV and 5) are some- 
times designated the Phase I satellites, 
while the long-lifetime LEO satellites are 
sometimes called the Phase IJ satellites. 
There are other conventions in satellite 
naming that are useful to know. First, it is 
common practice to have one designation 
for a satellite before launch and another 
after it is successfully launched. Thus, 
OSCAR 10 (discussed later) was known 
as Phase 3B before launch. Next, the 


1/22/94 18:12:52.41 UTC 
Azinuth Elevation 
SAHD 2.508° 22.298? 
Lat: 48.186? Lon: -96.692? Alt: 
77.3 km South of Lincoln, NE 


Range (Къ) 
1673.379 


795.559 


AMSAT designator may be added to the 
name, for example, AMSAT-OSCAR 10, 
or just AO-10 for short. Finally, some 
other designator may replace the AMSAT 
designator such as the case with Japanese- 
built Fuji-OSCAR 20 (FO-20). 

In order to provide wider coverage 
areas for longer time periods, the high- 
altitude Phase 3 series was initiated. Phase 
3 satellites often provide 8-12 hours of 
communications for a large part of the 
Northern Hemisphere. After losing the 
first satellite of the Phase 3 series to a 
launch vehicle failure in 1980, AMSAT- 
OSCAR 10 was successfully launched and 
became operational in 1983. AMSAT- 
OSCAR 13, the followup to the AO-10 
mission, was launched in 1988. AO-13 
now provides most of the wide-area SSB 
and CW communications capability avail- 
able in the Amateur Satellite Service. AO- 
10 also provides some wide-area commu- 
nications capability at certain times of the 
year despite the failure of its onboard com- 
puter memory. The successor to AO-13, 
Phase 3D, is under construction and is 
scheduled for launch in 1996. 

With the availability of the long access 
time and wide coverage of satellites like 
AO-10 and АО. 13, it may seem that the 
lower altitude orbits and shorter access 
times of the Phase II series would be ob- 
solete. This certainly might be true were it 
not for the incorporation of digital store- 
and-forward technology into many current 
satellites operating in low Earth orbit. Sat- 
ellites providing store-and-forward com- 
munication services using packet radio 
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Fig 23.15— Communication range circle or “footprint” for AO-16. 
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techniques аге generically called 
PACSATs. Files stored ina PACSAT mes- 
sage system can be anything from plain 
ASCII text to digitized pictures and voice. 

The first satellite with a digital store- 
and-forward feature was UoSAT-OSCAR 
11. UO-11’s Digital Communications 
Experiment (DCE) was not open to the 
general Amateur Radio community al- 
though it was utilized by designated “gate- 
way” stations. The first satellite with 
store-and-forward capability open to all 
amateurs was the Japanese Fuji-OSCAR 
12 satellite, launched in 1986. FO-12 was 
succeeded by FO-20, launched in 1990. In 
addition to providing digital store-and- 
forward service, FO-12 and FO-20 also 
have analog linear transponders for CW 
and SSB communication. 

By far the most popular store-and-for- 
ward satellites are the PACSATs utilizing 
the PACSAT Broadcast Protocol. These 
PACSATS fall into two general categories 
— the Microsats, based on technology de- 
veloped by AMSAT-NA, and the 
UOSATS, based on technology developed 
by the University of Surrey in the UK. 
While both types are physically small 
spacecraft, the Microsats represent a truly 
innovative design in terms of size and ca- 
pability. A typical Microsat is a cube mea- 
suring 23 cm (9 in) on a side and weighing 
about 10 kg (22 Ib). The satellite will con- 
tain an onboard computer, enough RAM 
for the message storage, two to three trans- 
mitters, a multichannel receiver, telemetry 
system, batteries and the battery charging/ 
power conditioning system. 

Amateur Radio satellites have evolved 
to provide two primary types of com- 
munication services — analog transpon- 
ders for real-time CW and SSB com- 
munication and digital store-and-forward 
for non real-time communication. Which 
of the two types interest you the most will 
probably depend on your current Amateur 
Radio operating habits. If you enjoy real- 
time DX QSOs on the HF bands, you may 
be most interested in the high-altitude 
wide-coverage satellites such as AO-13. 
On the other hand, if you are a computer 
and terrestrial packet radio enthusiast 
you may be more interested in the digital 
store-and-forward satellites like AO-16, 
UO-22 and KO-23. Whatever your prefer- 
ence, the remainder of this section should 
provide the information to help you make 
a successful entry into the specialty of 
amateur satellite communications. 


Basic Operations and Terminology 

Since both low and high Earth orbit 
(LEO and HEO) satellites are available for 
use, it would be a good idea to acquire a 
mental picture of the communication 


range for each type of orbit. In Fig 23.15, 
the white circle, centered roughly on the 
United States, is a typical footprint for a 
low Earth orbit satellite like AO-16. Sta- 
tions within the footprint can store and/or 
retrieve messages to/from the store-and- 
forward message system. For satellites 
that are used for real-time SSB and CW 
QSOs, only stations that are in the foot- 
print simultaneously can communicate. 
In Fig 23.16, for high altitude orbit 
AO-13, no footprint or range circle is vis- 
ible because the whole area of the globe 
shown is in the satellite footprint. Keep in 
mind that for LEO satellites like AO-16 
the footprint is moving quickly, and for 
HEO satellites like AO-13 it is moving 


slowly. LEO satellites will typically have Sot xi 

access times of 12 to 20 minutes while УЖ ГИБИ ЕДИЛЕ < 4. 80-13 

НЕО satellites сап have access times as { th Elevation Range (km) Doppler (Тр 
long as 10 to 12 hours. For a more com- Ai 285.579^ 77.416? 3?597.813 +2848 56.8? 
plete discussion of orbital mechanics and 

other topics in this section, see The Satel- АСОБ! Y : Phs:145.8. Mod: B 
lite Experimenter's Handbook published ЕАИС 


by the ARRL. 

When accessing an Amateur Radio sat- 
ellite, the ground station receiver is tuned 
to the satellite's downlink frequency. If the 
particular satellite supports two-way com- 
munication, the ground station transmits 
on the satellite's uplink frequency. The 
uplink and downlink frequencies will be in 


Fig 23.16 — Typical communications coverage area for AO-13. 


Table 23.6 


Uplink and Downlink Frequencies for Satellites with Analog 
Communications Transponders 


: Нр Satellite Моде Uplink (MHz) Downlink (MHz) Beacon Notes 

different bands, and each combination of 
bands sed wiare a made deiga T ENSE 
e Pi a a J 144.423-144.473 435.990-435.940 435.651 (2) 
тшегш Dand and a cow nine HIR Us L 1269.351-1269.731 436.005-435.677 1435.651 (2) 
т band is called Mode А. More discussion S 435.602-435.636 2400.715-2400.749 2400.664 (3) 
of operating modes сап be foundinthenext ро.20й ЈА 145.900-146.000  435.900-435.800 435.795 
two sections, but you may wish to lookat до А 145.860-145.900 29.360-29.400 29.357CW (4) 
Tables 23.6 and 23.7 for some examples RA 145.820 
of the different modes available. K 21.160-21.200 29.360-29.400 29.357 CW (4) 

The exact manner in which satellite up- RK 21.120 29.403 CW (4) 
links and downlinks are utilized depends T 21.160-21.200 145.860-145.900 145.857 СМ (5) 

Е RT 21.120 145.903 CW (5) 
an w hernet the primary purpose obtüe sats.. ыы A 145.910-145.950 29.410-29.450 29.407 CW (6) 
ellite is to provide analog or digital com- RA 145.830 | : | 29.453 CW (6) 
munication services. Satellites such as K 21.210-21.250 29.410-29.450 29.407 CW (6) 
AO-13 make use of transponders. Tran- RK 21.130 29.453 CW (6) 
sponders regenerate all signals appearing T 21.210-21.250 145.910-145.950 145.907 СМ (7) 
in their input (uplink) frequency band on RT 21.130 145.953 CW (7) 
their output (downlink) frequency band. RS-13 A 145.960-146.000 29.460-29.500 29.458 CW (8) 
CW, SSB and FM signals appearing at the RA 145.830 29.504 CW (8) 
: : 2 K 21.260-21.300 29.460-29.500 29.458 CW (8) 
input will appear as CW, SSB, or FM sig- RK 21.138 29.504 CW (8) 
nals on the output. Depending on the de- T 21.260-21.300 145.960-146.000 145.862 СМ (9) 
sign of the transponder, USB on the input RT 21.138 145.908 СМ (9) 
may appear either as USB or LSB on the 5-15 A 145.858-145.898 29.354-29.394 29.352.5 
output. The low-to-high frequency rela- 29.398.7 
tionship of the uplink and downlink fre- y 
: * otes 
quency bands may also differ. Note in ; ; : T 
1. Available for use only when orientation produces sufficient power. 

Table 23.6, for example, that AO-13 Mode 2 Modes J and L no longer available due to 70-cm transmitter failure. 
B uplink is 435.423 to 435.573 MHz, while — 3. The Mode S transponder is noninverting. 
the downlink is 145.975 to 145.825 MHz 4. Telemetry beacons and outputs for Mode A and K robots. 

; y i ; 5. Telemetry beacons and outputs for Mode T robot. ` 
This means that a signal at the low end of & Telemetry beacons and outputs for Mode A and K robots. 
the uplink will be retransmitted at the high 7. Telemetry beacons and outputs for Mode T robot. 
end of the downlink. On the other hand, — 8. Telemetry beacons and outputs for Mode A and K robots. 

> 9. Telemetry beacons and outputs for Mode T robot. 


RS-10 Mode A uplink is 145.860 to 
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Glossary of Satellite Terminology 


AMSAT — A registered trademark of the Radio Amateur 
Satellite Corporation, a nonprofit scientific/educational 
organization located in Washington, DC. It builds and 
operates Amateur Radio satellites and has sponsored 
the OSCAR program since the launch of OSCAR 5. 
(AMSAT, PO Box 27, Washington, DC 20044.) 

Anomalistic period — The elapsed time between two 
successive perigees of a satellite. 

АО-# — The designator used for AMSAT OSCAR 
spacecraft in flight, by sequence number. 

AOS — Acquisition of signal. The time at which radio 
signals are first heard from a satellite, usually just 
after it rises above the horizon. 

Apogee — The point in a satellite’s orbit where it is 
farthest from Earth. 

Area coordinators — An AMSAT corps of volunteers 
who organize and coordinate amateur satellite user 
activity in their particular state, municipality, region or 
country. This is the AMSAT grassroots organization 
set up to assist all current and prospective OSCAR 
users. 

Argument of perigee — The polar angle that locates 
the perigee point of a satellite in the orbital plane; 
drawn between the ascending node, geocenter, and 
perigee; and measured from the ascending node in 
the direction of satellite motion. 

Ascending node — The point on the ground track of the 
satellite orbit where the sub-satellite point (SSP) 
crosses the equator from the Southern Hemisphere 
into the Northern Hemisphere. 

Az-el mount — An antenna mount that allows antenna 
positioning in both the azimuth and elevation planes. 

Azimuth — Direction (side-to-side in the horizontal 
plane) from a given point on Earth, usually expressed 
in degrees. North = 0° or 360°; East = 90°; South = 
180°; West = 270°. 

Circular polarization (CP) — A special case radio 
energy emission where the electric and magnetic fied 
vectors rotate about the central axis of radiation. As 
viewed along the radiation path, the rotation directions 
are considered to be right-hand (RHCP) if the rotation 
is clockwise, and left-hand (LHCP) if the rotation is 
counterclockwise. 

Descending node — The point on the ground track of 
the satellite orbit where the sub-satellite point (SSP) 
crosses the equator from the Northern Hemisphere 
into the Southern Hemisphere. 

Desense — A problem characteristic of many radio 
receivers in which a strong RF signal overloads the 
receiver, reducing sensitivity. 

Doppler effect — An apparent shift in frequency caused 
by satellite movement toward or away from your 
location. 

Downlink — The frequency on which radio signals 
originate from a satellite for reception by stations on 
Earth. 
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Eccentricity — The orbital parameter used to describe 
the geometric shape of an elliptical orbit; eccentricity 
values vary from e = 0 to e = 1, where e = 0 describes 
a circle and e = 1 describes a straight line. 

EIRP — Effective isotropic radiated power. Same as 
ERP except the antenna reference is an isotropic 
radiator. 

Elliptical orbit — Those orbits in which the satellite path 
describes an ellipse with the Earth at one focus. 

Elevation — Angle above the local horizontal plane, 
usually specified in degrees. (0° = plane of the Earth’s 
surface at your location; 90° = straight up, perpendicu- 
lar to the plane of the Earth). 

Epoch — The reference time at which a particular set of 
parameters describing satellite motion (Keplerian 
elements) are defined. 

EQX — The reference equator crossing of the ascending 
node of a satellite orbit, usually specified in UTC time 
and degrees of longitude of the crossing. 

ERP — Effective radiated power. System power output 
after transmission-line losses and antenna gain 
(referenced to a dipole) are considered. 

ESA — European Space Agency. A consortium of 
European governmental groups pooling resources for 
space exploration and development. 

FO-£ — The designator used for Japanese amateur 
satellites, by sequence number. Fuji-OSCAR 12 and 
Fuji-OSCAR 20 are the first two such spacecraft. 

Geocenter — The center of the Earth. 

Geostationary orbit — A satellite orbit at such an 
altitude (approximately 22,300 miles) over the equator 
that the satellite appears to be fixed above a given 
point. 

Ground station — A radio station, on or near the 
surface of the Earth, designed to transmit or receive 
to/from a spacecraft. 

Groundtrack — The imaginary line traced on the 
surface of the Earth by the subsatellite point (SSP). 
Inclination — The angle between the orbital plane of a 

satellite and the equatorial plane of the Earth. 

Increment — The change in longitude of ascending 
node between two successive passes of a specified 
satellite, measured in degrees West per orbit. 

Iskra — Soviet low-orbit satellites launched manually by 
cosmonauts aboard Salyut missions. Iskra means 
"spark" in Russian. 

JAMSAT — Japan AMSAT organization. 

Keplerian Elements — The classical set of six orbital 
element numbers used to define and compute satellite 
orbital motions. The set is comprised of inclination, 
Right Ascension of Ascending Node (RAAN), eccen- 
tricity, argument of perigee, mean anomaly and mean 
motion, all specified at a particular epoch or reference 
year, day and time. Additionally, a decay rate or drag 
factor is usually included to refine the computation. 

LHCP — Left-hand circular polarization. 


LOS — Loss of signal — The time when a satellite 
passes out of range and signals from it'can no longer 
be heard. This usually occurs just atter the satellite 
goes below the horizon. 

Mean anomaly (MA) — An angle that increases uni- 
formly with time, starting at perigee, used to indicate 
where a satellite is located along its orbit. MA is 
usually specified at the reference epoch time where 
the Keplerian elements are defined. For AO-10 the 
orbital time is divided into 256 parts, rather than 
degrees of a circle, and MA (sometimes called phase) 
is specified from 0 to 255. Perigee is therefore at MA = 
0 with apogee at MA = 128. 

Mean motion — The Keplerian element to indicate the 
complete number of orbits a satellite makes in a day. 

Microsat — Collective name given to a series of small 
amateur satellites having store-and- forward capability 
(OSCARs 14-19, for example). 

NASA — National. Aeronautics and Space Administra- 
tion, the US space agency. 

Nodal period — The amount of time between two 
successive ascending nodes of satellite orbit. 

Orbital elements — See Keplerian Elements. 


Orbital plane — An imaginary plane, extending through- | 


out space, that contains the satellite orbit. 

OSCAR — Orbiting Satellite Carrying Amateur Radio. 

PACSAT— Packet radio satellite (see Microsat and 
UoSAT-OSCAR). : , 

Pass — An orbit of a satellite. 

Passband —- The range of frequencies handled bya `“ 
satellite translator or transponder. à 
Perigee — The point in a satellite's orbit where it is 

^. closest to Earth. 

Period — The time required for a satellite to make one 
complete revolution about the Earth. See Anomalistic 
period and Nodal period. 

Phase I — The term given to the earliest, short-lived 
OSCAR satellites that were not equipped with solar 
cells. When their batteries were depleted, they ceased 
operating. 

Phase 2 — Low-altitude OSCAR satellites. Equipped 

. with solar panels that powered the spacecraft systems 
and recharged their batteries, these satellites have 
been shown to be capable of lasting up to five years 
(OSCARS 6, 7 and 8, for example). 

Phase 3 — Extended-range, high-orbit OSCAR satellites 
with very long-lived solar power systems (OSCARs 10 
and 13, for example). 

Phase 4 — Proposed OSCAR satellites in geostationary 
orbits. 

Precession — An effect that is characteristic of AO-10. 
and Phase 3 orbits. The satellite apogee SSP will 
gradually change over time. 

Project OSCAR — The California-based group, among 


the first to recognize the potential of space for Amateur: 


Radio; responsible for OSCARs | through IV. 


QRP days — Special orbits set aside for very low power ` | 
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slink operating rough the satellites. 

RAAN — Right Ascension of Ascending Node. The 
- Keplerian element specifying the angular distance, 
measured eastward along the celestial equator, 
between the vernal equinox and the hour circle of the 
ascending node of a spacecraft. This can be simplified . 
to mean roughly the longitude of the ascending node. 


_ Radio Sputnik — Russian Amateur Radio satellites (see 


RS #). 

Reference orbit — The orbit of Phase ll satellites 
. beginning with the first ascending node during that 
UTC day. 

RHCP — Right- -hand circular polarization. 

RS #— The designator used for most Russian Amateur 
Radio satellites (RS-1 through RS-15, for example). 


` Satellipse — A graphical tracking device, similar to 


Oscarlocator, designed to be used with satellites in 
elliptical orbits. 

Satellite pass — Segment of orbit during which the 
satellite “passes” nearby and in range of a particular 
ground station. 

Sidereal day — The amount of time required for the 
-Earth to rotate exactly 360? about its axis with respect 
to the "fixed" stars. The sidereal day contains 1436.07 

. minutes (see Solar day). 

Solar day — The solar day, by definition, contains 
exactly 24 hours (1440 minutes). During the solar day 
the Earth rotates slightly more than 360? about its axis 
with respect to "fixed" stars (see Sidereal day). 

Spin modulation — Periodic amplitude fade-and-peak 
resulting from the rotation of a satellite's antennas 
about its spin axis, rotating the antenna peaks and 
nulls. 


‘SSC — Special service channels. Frequencies in the 


.downlink passband-of AO-10 that are set aside for 

` authorized, scheduled usé in such areas as education, 
data exchange, scientific experimentation, bulletins 
and official traffic. 

SSP — Subsatellite point: Point on the surface of the 
Earth directly between the satellite and the geocenter. 


_Telemetry — Radio signals, originating at a satellite, 


that convey information on the performance or status · 
of onboard subsystems. Also refers to the intormation 
itself. 

Transponder — A device onboard a satellite that 
receives radio signals in one segment of the spectrum, 
amplifies them, translates (shifts) their frequency to 
another segment of the spectrum and retransmits 
them. Also called linear translator. 

UoSAT-OSCAR (UO #) — Amateur Radio satellites built 
under the coordination of radio amateurs and educa- 
tors at the University of Surrey, England. 

Uplink — The frequency at which signals are transmitted 
from ground stations to a satellite. 

Window — Overlap region between acquisition circles of 
two ground stations referenced to a specific satellite. 
Communication between two stations is possible when 
the'subsatellite point is within the window. 


з 
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OSCAR SATELLITE BAND PLAN 


Fig 23.17 — The OSCAR satellite band 
plan allows for CW-only, mixed CW/ 
SSB, and SSB-only operation. 
Courteous operators observe this 
voluntary band plan at all times. 


146.000 MHz, while the downlink is 
29.360 to 29.400 MHz. Consequently, a 
signal at the low end of the uplink band will 
appear at the low end of the downlink band. 
The band plan used on AO-13 and other 
satellites is given in Fig 23.17. FM is rarely 
used on amateur satellite transponders. 

In contrast to satellites such as AO-13 
and RS-10, whose primary mission is pro- 
viding linear transponders for CW and 
SSB communications, uplink and down- 
link frequencies on digital communica- 
tions satellites are usually channelized. 
Tables 23.8 and 23.9 show that specific 
frequencies are used for both uplink and 
downlink. The reason for multiple uplinks 
and a single downlink on some satellites 15 
the uncoordinated Aloha access used by 
ground stations. Generally, the satellite 
can handle requests from more than one 
ground station without overloading its 
own downlink. 

Remember that the ground station will 
experience Doppler shift of the downlink 
frequency as the satellite moves with re- 
spect to the observer. For satellites with 
linear transponders, operating procedures 
have been established to minimize inter- 
ference to other stations in the passband 
while staying tuned to the desired station. 
For digital satellites, the modem usually 
tunes the receiver frequency to compen- 
sate for Doppler shift. 


Satellites with Analog 
Transponders 


Table 23.6 is a list of frequencies for all 
Amateur Radio satellites providing linear 
transponder communication facilities, and 
Table 23.7 contains the frequencies pro- 
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Table 23.7 
Uplink and Downlink Frequencies for 


the Phase-3D Satellite 


Uplinks 

Band Digital (MHz) Analog (MHz) Center (MHz) 
15m N/A 21.210-21.250 21.230 
2m 145.800-145.840 145.840-145.990 145.915 
70 cm 435.300-435.550 435.550-435.800 435.675 
23 cm(1) 1269.000-1269.250 1269.250-1269.500 1269.375 
23 cm(2) 1268.075-1268.325 1268.325-1268.575 1268.450 
13 cm(1) 2400.100-2400.350 2400.350-2400.600 2400.475 
13 cm(2) 2446.200-2446.450 2446.450-2446.700 2446.575 
6 cm 5668.300-5668.550 5668.550-5668.800 5668.675 

Downlinks 
Band Digital (MHz) Analog (MHz) | Center (MHz) 
10m 29.330 (+5 kHz) (used for digitized voice bulletins) 
2m 145.955-145.990 145.805-145.955 145.880 
70cm 435.900-436.200 435.475-435.725 435.600 
13 cm 2400.650-2400.950 2400.225-2400.475 2400.350 
Зет  10451.450-10451.750 10451.025-10451.275 10451.150 
1.5 ст 24048.450-24048.750 24048.025-24048.275 24048.150 


Beacons 
Band Веасоп-1 (MHz) Beacon-2 (MHz) 
2m N/A N/A 
70cm 435.450 435.850 
13 cm 2400.200 2400.600 
3 cm 10451.000 10451.400 
1.5 cm 24048.000 24048.400 


Note: The absence of a 2-m beacon is due strictly to characteristics of the IF Matrix and the 
limited bandwidth available on that band. Studies are underway with the intent of providing a 
2-m beacon, but it is not clear at this time whether this effort will be successful. The beacons 
on the other bands are for various purposes, including providing spacecraft engineering data 
to the command stations. All beacons can be modulated with 400 bits per second BPSK and 


possibly other formats. 


Table 23.8 


Uplink and Downlink Frequencies for 
Digital Communications Links 


Special- Purpose Satellites with 


Satellite Freq (MHz) Modulation Rate (bps) 
UO-11 145.825 AFSK 1200 
435.025 AFSK 4800 
2401.500 AFSK 
DO-17 145.825 AFSK NRZI 1200 
2401.220 BPSK NRZI 1200 
WO-18 437.075 BPSK 1200 
437.102 RCBPSK 1200 


posed for Phase 3D, to be launched in 
1996. Both were accurate as of January 
1995. 

A sensible approach for getting started 
in amateur satellite communication is to 
choose one of the low Earth orbit satellites 
(RS-10/11 or RS-13, for example) operat- 
ing on frequencies for which you already 
have equipment. Even though the access 
times will be much shorter than with the 
higher orbit satellites, experience can be 
gained using existing equipment and 
simple antennas. Then, if the bug bites 
hard, assemble a station to work the wider 


coverage birds such as AO-13. 

There is so much emphasis on the wide- 
area coverage of high altitude satellites, 
that the low Earth orbit (LEO) satellites 
often do not receive proper attention. 
There is a great amount of satisfaction to 
be gained from working other stations via 
LEO satellites, however. Moreover, such 
contacts provide practice at tracking and 
tuning that will prove valuable no matter 
which satellite is eventually used. 

A first attempt at amateur satellite com- 
munication should be undertaken as inex- 
pensively as possible. Successful opera- 


Table 23.9 


Uplink and Downlink Frequencies for Satellites with Two-Way Digital 


Communications Links 


Uplink 
Freq 
(MHz) 


145.900 
145.920 
145.940 
145.960 


145.840 
145.860 
145.880 


145.900 
145.900 
145.975 
KO-23 J 145.850 

J 145.900 


Satellite Mode 
AO-16 J 


Modulation 


LO-19 J Manchester 


Encoded AFSK 


UO-22 J FSK 


FSK 


KO-25 J 145.870 


145.980 
145.875 
145.900 
145.925 
145.950 


145.850 


FSK 


10-26 J Manchester 


Encoded AFSK 


AO-27 J 
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Downlink 
Rate Freq Rate 
(bps) (MHz) Modulation (bps) 
437.050 RCBPSK 1200 
1200 437.154 BPSK 1200 
437.126 RCBPSK 1200 
9600 435.120 FSK 9600 
9600 435.175 FSK 9600 
9600 435.175 FSK 9600 
436.500 
1200 435.867 BPSK 1200 
435.822 BPSK 1200 
AFSK 1200 
FSK 9600 
436.800 
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Fig 23.18 — Some stations worked from a QTH on the lower Texas Gulf Coast 


using simple antennas. 


tion on LEO satellites can be realized us- 
ing omnidirectional antennas, an uplink 
power in the area of 100 W EIRP and a 
good receiver. If Mode A is used, a 10-m 
receive preamp might prove useful. Simi- 
larly, if Mode J is used, a 70-cm preamp 
could be beneficial. One goal of an entry- 
level approach is to eliminate the com- 
plexity of high-gain steerable antennas. A 
power level of 50-100 W into an omnidi- 
rectional antenna is more than adequate 
for CW QSOs and at times will support 
SSB QSOs. The author has had many sat- 
ellite contacts using the approach de- 


scribed here. Fig 23.18 shows a few QSL 
cards from contacts made from his QTH 
on the lower Texas Gulf Coast. Fig 23.19 
shows the ground plane and small Yagi 
antennas used on the 2-m and 70-cm 
bands. On 10 m, either a dipole or wire 
loop antenna was used. 


Assembling an AO-13 Station 


If antenna installation restrictions and 
budget constraints are not a problem, you 
may want to try the high-orbit satellites 
such as AO-13. This section gives the 
important considerations for assembling 
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Fig 23.19 — Simple ground plane and 
Yagi antennas can be used for low- 
Earth-orbit (LEO) satellite contacts. 


an AO-10/AO-13 class station. Obviously, 
these requirements can be realized in many 
different system configurations. More in- 
formation can be found in the section on 
equipping a station. 

A typical AO-13 station will use a 
145-MHz circularly polarized antenna of 
at least 13 dBic having switchable polar- 
ization sense between RHCP and LHCP. 
If switchable polarization is not available, 
then RHCP is the preferred choice. Even 
though antennas with gain exceeding 
18 dBi are available, they are not cost ef- 
fective because the local noise floor be- 
comes the limiting factor. Keep in mind 
that this antenna is used for both the Mode 
B downlink and the Mode J uplink. 

Similarly, the 435-MHz antenna should 
be circularly polarized and have at least 
13 dBic gain. Higher gains, in the range of 
14 to 18 dBic, are preferred. Switchable 
polarization is even more desirable be- 
cause the 435-MHz antenna serves as the 
uplink on Modes B and S as well as the 
downlink for Mode J. Increased antenna 
gainis more usable because the local noise 
floor is not usually a limiting factor as it is 
at 145 MHz. 

The 1269-MHz Mode-L uplink antenna 
should have at least 20-dBic gain. Due to 
the short wavelength (23 cm), the required 
gain is achievable with relatively small 
antenna arrays such as four phased heli- 
ces. Arrays of loop Yagis and standard 
horizontally polarized Yagis can be used 
but there will be a 3-dB penalty for polar- 
ization mismatch. 

The 2400-MHz Mode-S downlink an- 
tenna should have at least 26 dBic gain. 
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However, the required gain is easily 
achievable using a 4-ft parabolic dish or a 
quad helix array. 

The antenna array must be steerable in 
both azimuth and elevation. The elevation 
rotator boom must be made of a nonmetal- 
lic material such as fiberglass. Feed-line 
loss should be held below 2 dB, and less 
than 1 dB is preferable. 

The EIRP of the 435 and 145-MHz 
transmitting system should be no more 
than 1000 W and adjustable, allowing the 
lowest required power level to be used. 
For Modes B and J most communications 
can be conducted using 100 to 300 W 
EIRP. A higher EIRP may be needed on 
Mode S, but the requirement will still be 
below the 1000 W EIRP level. For Mode 
L, the required EIRP at 1269 MHz is be- 
tween 3000 and 5000 W. 

The 145-MHz receiving system should 
have a noise figure no greater than 2 dB 
but less than 1 dB is probably not usable 
even if it can be achieved. The 435 and 
2400-MHz receiving system noise figures 
should be less than 1 dB. 

Using high altitude satellites such as 
AO-13 should be considered weak signal 
work. Always improve the receiving sys- 
tem first before increasing transmit EIRP. 
Once Phase 3D is operating, the downlink 
gain requirements will be much lower due 
to the higher transmitter powers used at 
the spacecraft. 


ASSEMBLING A STATION FOR 
PHASE 3D 


This section was written by ARRL Lab 
Engineer Zack Lau, KH6CP/1. 

If all goes well, Phase 3D will be similar 
to OSCAR 13, but much more "user 
friendly" for voice users. Thus, a station 
that did well with OSCAR 13 has little to 
worry about; the equipment will be more 
than enough for Phase 3D. Those building 
new stations can take advantage of tech- 
nology improvements in the satellite, and 
get acceptable performance with more 
modest SSB/CW stations. Due to the laws 
of physics, those expecting loud signals 
like those of low Earth orbit satellites will 
still be disappointed. A station 100 times 
farther away is 40 dB weaker (400 km vs 
40,000 km). Thus, digital users won't see 
any signal strength improvement com- 
pared to low Earth orbit satellites currently 
in use—the extra distance will eliminate 
improvements in power and antennas. 

Perhaps the biggest change is the or- 
bit—it will repeat every two days. Thus, 
manually rotated or even fixed antennas 
will become much more practical, possi- 
bly eliminating the need for an expensive 
rotator system, for those who just want to 
maintain a schedule with another station. 
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Stations without rotators may wish to use 
smaller antennas to maximize their oper- 
ating time. This generally requires more 
power and better receivers to compensate. 
Mast mounting equipment near the an- 
tenna will reduce needed antenna size. 
Using circularly polarized antennas as 
opposed to higher gain linearly polarized 
antennas will help considerably toward 
optimizing your satellite time if the anten- 
nas don’t move. However, rotatable linear 
arrays are probably preferred for local use. 
Horizontal polarization is the standard for 
terrestrial SSB/CW. 

The next biggest change for most users 
will be on the 2400-MHz downlink—there 
will be a linear 100-W transponder, as 
opposed to the 1-W experiment aboard 
OSCAR 13. Thus, it becomes possible to 
use a simple RHCP 16-turn helix instead 
of a 2-ft dish. However, it may be more 
cost effective to use a 2-ft dish with a 
1.8 dB NF receiver than to obtain a 0.6-dB 
NF receiver for the helix. Since these are 
system noise figures, it isn't unusual to 
need a 0.4-dB NF preamp to get that 
0.6-dB NF receiver. The dish with a no- 
tune preamp and receive converter makes 
alot more sense for a builder with minimal 
test equipment. The antenna gain to re- 
ceiver temperature ratio (G/T) to shoot for 
is 0.53/kelvin. There will also be a 13-cm 
uplink—plan on +27-dBWic. This is 5 W 
at the feed of a 20-dBic 2-ft dish. 10 W to 
a loop Yagi would also work; the extra 3 
dB compensates for the polarization mis- 
match. However, the satellite won't be 
capable of in-band full duplex—a band 
can only be used on transmit or receive, 
not both simultaneously. Thus, since the 
13-cm downlink is expected to be used 
heavily, the uplink is likely to get little 
use. 

The 436-MHz uplink will need about 
20 dBWic—10 W to a 5-turn 3-ft boom 
helix or a 5-ft boom circularly polarized 
Yagi. Slightly larger antennas can com- 
pensate for feed-line loss. Chances are, 
there will be little benefit to running a big 
amplifier—there will be an automatic 
notcher called LEILA to prevent stations 
from hogging the transponder. Hopefully, 
this will force stations to improve receive 
capability, when they find it difficult to 
hear themselves on the satellite. 

On 436-MHz receive, you want a gain 
to system noise temperature ratio of 
0.032/kelvin. A 12-dB antenna has a gain 
of 16. Thus, for a 12-dBic antenna you 
need a noise temperature under 
500 kelvins, or 4 dB. Earth noise, feed- 
line noise and antenna noise all add to the 
receiver noise. A mast-mounted preampli- 
fier and a small Yagi will work quite well. 
If the feed-line run is short, perhaps 50 ft, 


a larger antenna would allow having the 
preamplifier near the operating position. 

The 1269-MHz uplink will need about 
26-dBWic—8 W to a 12-ft boom loop 
Yagi, 10 W to a RHCP 16-turn helix, or 
6 W to a 3-ft dish. Current rules prohibit 
having a 1269-MHz downlink, so this isn't 
planned for any of the satellites. 

The 146-MHz uplink will need about 
18 dBWic—10 W to a 5-ft boom circu- 
larly polarized Yagi or 3-turn helix. Again, 
this is power at the feed of the antenna. 

The 146-MHz downlink depends 
heavily on your local noise level. Ama- 
teurs in rural areas can do just fine with a 
2-dB system noise figure and an 8-dBic 
antenna. The predicted G/T needed is 
0.008/kelvin. Those in heavily populated 
urban areas may be disappointed with the 
results—even with a big circularly polar- 
ized beam and a mast-mounted preampli- 
fier. These amateurs should consider us- 
ing a quieter band for the downlink. 

Two meters does have a distinct advan- 
tage in one area— less attenuation through 
trees. As the frequency goes up, so does 
the attenuation through trees. Thus, while 
it is possible to hear the 2.4-GHz down- 
link indoors, tree blockages often degrade 
signals. It gets worse if you are using a 
small antenna with a low-noise preampli- 
fier. Not only does a tree block more of a 
small antenna, but it also acts as a warm 
noise source. This noise adds to the sys- 
tem noise figure, degrading signals even 
more. 

Amateurs attempting to contact the sat- 
ellite on the horizon with microwaves may 
notice two degradations to the path. At- 
mospheric loss can add another 1.6 dB of 
path loss at 2.4 GHz, increasing to 3 dB at 
10 GHz, though this is typically under 
0.1 dB at 10 GHz for vertical paths. An 
antenna fixed on the horizon will also see 
noise from the warm Earth, reducing sys- 
tem sensitivity. A more serious problem 
may be finding excellent locations where 
one can worry about such details. | 

It is easy to overestimate the ease of 
obtaining a low noise figure, particularly 
at microwaves. A single bad connector, 
adapter or piece of coax can stop the sys- 
tem from meeting expectations. Avoid 
cheap connectors and coax. Getting all the 
pieces to work properly together can be a 
challenge. Fortunately, MMICs and com- 
puter aided design have resulted in designs 
that reduce potential problems. Still, it is 
possible to have pieces that work fine by 
themselves, but poorly as asystem. People 
have even had problems with poorly de- 
signed power supplies generating spurs or 
modulating received signals. Fortunately 
microwave ovens have not interfered with 
2.4-GHz amateur satellite work. Simi- 


larly, it is easy to underestimate the ease 
of obtaining low angle radiation at 2 m. 
The antenna height required may not be 
practical. It is often wise to have a bit of 
excess capability, often called link mar- 
gin. If you do have excess uplink power, 
you should have a method of easily scal- 
ing it back. 

While they are not expected to be as 
popular as the lower bands, a 5668-MHz 
uplink (34 dBWic), a 10451-MHz down- 
link (G/T=13/kelvin) and a 24048-MHz 
downlink will be included. Even with 
state-of-the-art equipment, it is likely that 
the latter will not be heard on long LOS 
paths due to atmospheric absorption. 

The satellite may also have a 29.33-MHz 
downlink for both digital work and 
digitized voice bulletins, though, like 
146-MHz, they may not be useable from 
noisy locations. The 28-MHz G/T is 
1/(9000 kelvins). Simple antennas like the 
turnstile work well with the satellite over- 
head, but not so well near the horizon. A 
simple vertical works better near the hori- 
zon. It makes a lot of sense to match the orbit 
track with the antenna pattern, keeping in 
mind that some computer simulations aren't 
accurate with wires close to real ground. Ion- 
ized atmospheric layers can significantly 
disturb satellite communications by block- 
ing signals to and from the satellite. There 
may also bea21-MHz uplink, but it is likely 
thatit will not work well for many users, due 
to the high galactic noise, and the modest 
antenna on the satellite. | 

The picture isn’t quite so rosy for digi- 
tal users—the 146-MHz uplink will need 
+22 dBWic, 10 W to a 12-ft boom circu- 
larly polarized Yagi. The 1270-MHz up- 


link will need +34 dBWic, or 10 W toa- 


6-ft dish. 

The 436-MHz downlink will require a 
G/T of 0.12 1/kelvin, or a 13 dBic antenna 
with a 1 dB preamp (allowing 50 kelvins 
for sky and antenna noise, and 0.5 dB ex- 
tra receiver noise). 


DIGITAL COMMUNICATIONS 
SATELLITES : 


The amateur satellite enthusiast with an 
interest in digital communications will 
find a multitude of satellites with which to 
experiment. All of the digital communica- 
tions satellites currently operating in the 
Amateur Satellite Service are in low Earth 
orbit. At first, it might seem that the short 
access times of LEO satellites would not 


support useful communications services. 


But, as will be seen shortly, this is cer- 
tainly not the case. 


There are three general categories of | 


Amateur Radio satellites having digital 
communications links. First, there are 
ı those that transmit telemetry and other 


information of interest using digital codes 
but do not provide store-and-forward 
message service. Satellites in this cate- 
gory include DOVE-OSCAR 17 (DO-17) 
and UoSAT-OSCAR 11 (UO-11). Also, 
WEBERSAT-OSCAR 18 transmits images 
of the Earth (see Fig 23.20). Satellites such 


. as DO-17 and UO-11 provide an excellent. 
opportunity to learn the mechanics of 


tracking LEO spacecraft and decoding 
their digital transmissions. At the same 
time, study of the captured telemetry data 
will provide an appreciation of many as- 
pects of spacecraft engineering. A listing 
of the special-purpose digital satellites can 


be found in Table 23.8. 


Another class of LEO satellites are those 
that provide store-and-forward message ser- 
vices via a user interface similar to those 
found on terrestrial packet radio bulletin 
board systems. 

Finally, there are many satellites that 
provide store-and-forward services using 


the PACSAT Broadcast Protocol devel-. 


oped by Ward and Price. Satellites using 
the PACSAT Broadcast Protócol include: 


AMSAT-OSCAR 16 (AO-16), LUSAT- 
OSCAR 19 (LO-19), UoSAT-OSCAR 22 
(UO-22), KITSAT-OSCAR 23 (KO-23) 


and ITAMSAT-OSCAR 26 (IO-26). In 


addition to these satellites, there are other 
projects in the design and construction . 
stages that will also use the PACSAT 
Broadcast Protocol (PBP). Table 23.9 
contains a list of the digital store-and- 


forward satellites operating at the time of 


publication. 


Fig 23.20 — This Earth image, 


downloaded from WEBERSAT-OSCAR 
18, shows the East Coast of the African 
nation of Somalia. (photo by Steve 


Ford, WB8IMY) . 


Omni- directional antenna such as ground plane, discone, 


turnstile over reflector, or eggbeater. 
t 


145 MHz (2m) 
j Receiver 


Could be a typical 2m 

transceiver, hand held, 

or 2m converter with IF 
output at HF (10m). 


Rx Audio 


. 


1200 bps AFSK 
Demodulator 


Could be surplus Bell 202 
modem, commercial kit 
' such as Hamtronics 

DE- 202, or home brew. 


Could be IBM PC or compatible running 

a serial communications program such as 
Procomm, Telix, Bitcom or Comit, or 

if data capture is not necessary, a dump 
terminal such os VT—100, H-19, H—29, 
ADM-— 34A, and so on. 


Modem Rxd to PC serial port. 


Fig 23.21 — Equipment needed to monitor digital transmissions from SONA: 


OSCAR 11. 


UOSAT-2 


0005026192842 


00512601467402206603398104056705043206023707055708049509035F 
10442311356012000313068C14228D15355716182C17585E185419195638 
203890211893226600230001240006250007261005273503285294295196 


30511631036732285E33590C340007352859363431374473384953395294 
40809541123542644043000744169E450001460002475143485283494911 
50548C51100552697F537032547215550000560003575227585181595180 
6083E3615BD4621E0B633341644402651D0F66DFEC67000168000E69000F 


Fig 23.22 — A UoSAT-OSCAR 11 (UoSAT-2) telemetry frame as monitored. 
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UoSAT-2 ORBIT NO. 10335 DATE: 
CHANNEL PARAMETER 
оо Solar Array Current -Y 
01 Nav Magnetometer X Axis 
02 Nav Magnetometer Y Axis 
03 Nav Magnetometer  Z Axis 
04 Sun Sensor 1 
05 Sun Sensor 2 
06 Sun Sensor - 3 
07 Sun Sensor 4 
08 Sun Sensor 5 
09 Sun Sensor . 6 
10 Solar Array Current +Y 
11 Nav Magentometer Temp 
12 Horizon Sensor 
13 Spare 
14 DCE RAMUNIT Current 
15 DCE CPU Current 
16 DCE GMEM Current 
17 Pacet Temperature +X 
18 Facet Temperature +Y 
19 Facet Temperature +7 
20 Solar Array Current -X 
21 +10 Volt Line Current 
22 PCM Voltage +10V 
23 P/W Logic Current (45V) 
24 P/W Geiger Current (+14У) 
25 P/W Elec sp.curr (+10V) 
26 P/W Elec sp.curr (-10V) 
27 Facet Temperature  -X 
28 Facet Temperature  -Y 
29 Facet Temperature  -Z 
30 Solar Array Current +X 
31 -10 Volt Line Current 
32 PCM Voltage -10V 
33 1802 Computer Current 
34 Digitalker Current (+5V) 


35 145 MHz Beacon Power Output 


36 145 MHz Beacon Current 
37 145 MHz Beacon Temperature 


Command Decoder Temperature 
Telemetry System Temperature 


Solar Array Voltage 
+5 Volt Line Current 
PCM Voltage +5V 

DSR Current (45V) 
Command Receiver Current 


(*30V) 


435 MHz Beacon Power Output 


435 MHz Beacon Current 

435 MHz Beacon Temperature 
P/W Temperature  (-X) 

BCR Temperature  (-Y) 
Battery Charge/Discharge 
*14 Volt Line Current 
Battery Voltage (+14V) 
Battery Cell Voltages 
Telemetry System Current 


2401 MHz Beacon Power Output 


2401 MHz Beacon Current 
Battery Temperature 


2401 MHz Beacon Temperature 


CCD Imager Temperature 


86/02/07 - 


(*10V) 


Current 


(MUX) 


Friday 


- 86.038 TIME: 02.04.00 
RAW VALUE 
512 
467 
206 
398 
056 
043 
023 
055 
049 
035 
442 
356 
000 
068 
228 
355 
182 
585 
541 
563 
389 
189 
660 
000 
000 
000 
100 
350 
529 
519 
509 
036 
285 
591 
000 
283 
342 
447 
495 
529 
792 
123 
644 
000 
169 
000 
000 
514 
527 
489 
540 
100 
695 
701 
715 
000 
000 
522 
518 
518 


ACTUAL UNITS 
7.600 mA 
1.350 uT 

-37.926 uT 

-9.021 uT 
0.000 
0.000 
0.000 
0.000 
0.000 
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-7.536 Degrees 
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83.950 mA 

28.905 mA 
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-1.800 Degrees 
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Fig 23.23 — A UoSAT-OSCAR 11 (UoSAT-2) telemetry frame decoded to 


engineering units. 


Satellites Transmitting Digital 
Telemetry Data Only 


Monitoring satellites transmitting digi- 
tal telemetry data provides an excellent 
receive-only introduction to amateur satel- 
lite operations for the computer enthusiast. 
Of course, one could monitor telemetry 
from any of the digital satellites, but this 
section will deal primarily with UO-11 and 
DO-17 because they do not provide two- 
way communication capabilities. 


UoSAT-OSCAR 11 

UO-11 transmits various kinds of data 
on its 2-m downlink (145.825 MHz) and 
most of it is plain-text ASCII, including 
bulletins and spacecraft telemetry. It is 
important to note that UO-11 transmits 
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plain text and not packets such as those 
used in terrestrial 2-m packet radio net- 
works. This means that a packet radio TNC 
is not required at the ground station. 

Fig 23.21 shows a typical equipment 
configuration for receiving UO-11 trans- 
missions. As can be seen, all that is neces- 
sary is to connect the receiver audio output 
to the demodulator input and the serial data 
output from the demodulator to the com- 
puter serial port. If a modem is purchased 
at a flea market or other used equipment 
outlet, be sure that it a Bell 202 standard as 
opposed to Bell 212. The type of modem is 
usually obvious from the model number but 
the 212 is much more common than the 202. 
Kits for Bell 202 demodulators are avail- 
able commercially and construction plans 
have also been published in QST. 


Ina minimal equipment configuration it 
is also possible to eliminate the expense of 
acomputer and substitute a serial terminal 
instead. However, capturing the received 
telemetry for later decoding or real-time 
telemetry decoding will require a com- 
puter. In this regard, remember that 80286 
and earlier PCs are now sold at very rea- 
sonable prices and even discarded out- 
right. These machines are entirely ad- 
equate to serve as substitutes for serial 
terminals and can perform the telemetry 
capture and decoding functions as well. 

Fig 23.22 shows a typical UO-11 raw 
telemetry frame while Fig 23.23 shows a 
telemetry frame decoded to engineering 
data. Telemetry capture and decoding 
software for UO-11 is available from 
AMSAT-NA and AMSAT-UK. 


DOVE-OSCAR 17 


For a number of reasons, DO-17 may be 
the easiest of the digital satellites to moni- 
tor. One reason is that its transmissions 
are compatible with standard packet radio 
TNCs, which means that anyone who op- 
erates terrestrial 2-m packet radio already 
has all the necessary equipment. Another 
reason is that its transmitter has a high 
enough power level to be received well on 
the ground even with a hand-held receiver. 

Fig 23.24 gives a typical equipment 
configuration for receiving DO-17 trans- 
missions. Many of the same comments 
made about the UO-11 equipment con- 
figuration also apply to DO-17; that is, a 
serial terminal may be substituted for the 
PC until such time as telemetry decoding 
is desired. 

Fig 23.25 shows typical telemetry 
frames as they would appear using the 
TNC monitor mode and Fig 23.26 shows 
the data decoded to engineering units. In 
Fig 23.25, the value to the left of each 
colonis the telemetry channel number and 
the value on the right must be substituted 
into an equation to make the conversion to 
engineering units. Telemetry decoding 
software for DO-17, called TLMDCII, is 
available from AMSAT-NA. 

In addition to transmitting digital telem- 
etry data, DO-17 will eventually be pro- 
grammed to "speak" some of the telem- 
etry values and other messages using its 
onboard speech synthesizer. This will al- 
low students who do not have access to 
packet radio equipment and computers to 
study the operation of some of the DO- 
17's systems. 


Satellites Utilizing the PACSAT 
File Broadcast Protocol 
Many Amateur Radio operators make 


use of terrestrial packet radio bulletin 
board systems (PBBS). These PBBSs are 


the Amateur Radio counterpart of micro- However, much of the activity on terres- est. For example, Amateur Radio opera- 
computer-based bulletin board systems, trial PBBSs is taken up with the repeated tors interested in satellite operations may 
which use the public telephone network. retrieval of information of general inter- access a PBBS to obtain the reference el- 
ements used in their orbital prediction pro- 
grams. Consequently, the exact same in- 
formation may be transmitted many times. 
Omni- directional antenna such as ground plane, discone, On terrestrial networks, repeated trans- 
turnstile over reflector, or eggbeater. mission of the same data can be tolerated 
because the system capacity is available 
by virtue of the 24-hour per day access 


Rx Audio Terminal Node time and multiple stations providing 
Receiver Controller PBBS service. Such capacity obviously 

RS] does not exist in the case of a LEO sat- 

Could be a typical 2m Any standard TNC used ellite-based system with limited visibil- 
transcelver, hand held, for VHF terrestrial packet ity time at any particular ground station 


or 2m converter with IF radio operated in monitor 
output at HF (10m). mode. 


location. What is needed is a way for 
multiple users to benefit from the same 
transmission of a particular file since 
many users are within the satellite foot- 
Could be IBM PC or compatible running print at the same time. 
a serial communications program or a ; 
Fools Unie: telemetry decoding program. è | Satellites such as AO-16 and 00-22 аге 
such as TEMDCII or if real-time decoding in low Earth orbits at an average altitude 
and/or data capture is not necessary, о i 
dun termiial such as реони of 800 km. From that vantage point, over 
H—29, ADM—3A and so on. populated areas such as the continental 
United States, hundreds and perhaps even 
thousands of potential users are within the 
satellite's footprint. Although at any given 
ground station location (in the middle lati- 
tudes) there will be only 50 to 60 minutes 
of access time per day, there is still suffi- 
Fig 23.24 — Equipment needed to monitor digital packet transmissions from cient time for any individual station to re- 
DOVE-OSCAR 17. ceive a large amount of data. For example, 
with AO-16 operating at 1200 bps, it is 
possible to receive approximately 500 
DOVE-1>TLM [01/07/94 04:10:05] «UI»: kbytes of data per day. For UO-22, operat- 
00:58 01:58 02:84 03:30 04:58 05:58 06:6C 09:76 ing at 9600 bps, about 4 Mbytes of data 
OB:DF OC:E8 OD:D6. OE:00 OF:25 10:02 11:А6 14:A1 could be received. This assumes, of 
7 3 Н 3 i irn 
16:87 17:88 18:88 19:88 1A:86 1B:7D 1C:8B 1F:5D course, that the ground station is in opera- 
DOVE-1>TLM [01/07/94 04:10:06] «UI»: tion for all times the satellite is visible. 
21:B4 22:19 23:17 24:14 25:33 26:00 27:00 2A:00 Based on the nature of the system com- 
2C:01 2D:28 2E:00 2F:9A 30:C8 31:9B 32:01 35:A1 donth - ined with 
37:A6 38:АС ponents and on the experience gained wit 
the UoSAT-2 Digital Communications 


Fig 23.25 — DOVE-OSCAR 17 raw telemetry frames as seen with TNC in monitor Experiment (DCE)1, Ward and Price have 
mode. developed the PACSAT Protocol Suite, 
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DOVE-1>TLM [01/06/94 04:44:35] 94/01/06 @ 04:45:03 UTC 


Fig 23.26 — DOVE-OSCAR 17 telemetry frame decoded to engineering units. 
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which is fully documented in Notes 2-6. 
Look to these references for the complete 
details of the protocol implementation. 
The data-link layer protocol used is 
AX.25.7 The PACSAT Protocol Suite 
implements a file broadcast mode and a 
file server mode using a common file for- 
mat. Each of these two modes will be de- 
scribed briefly. The hardware and soft- 
ware required to access the satellite will 
be presented in the next section. 


PACSAT File Header 


Files being transmitted in broadcast 
mode and files being uploaded in file 
server mode make use of the PACSAT file 
header. Fig 23.27 shows an example of the 
information contained in the file header. 
In broadcast mode, an individual data-link 
layer frame information field contains 
only the file number (ID), file type and the 
offset to the location in the file where the 
data belongs. The other information 
needed to identify the file and its attributes 
are contained in the file header. User soft- 
ware (PFHADD) has been provided to add 
a PACSAT file header to a file before it is 
uploaded and to remove or display a file 
header after the file has been downloaded 
(PHS). 


File and Directory Broadcast Mode 


The PACSAT Broadcast Protocol has 
the following attributes: (1) Any frame, 
when received independently, can be 
placed in the proper location within the 
file to which it belongs; (2) When all 
frames have been received, the receiving 
station can tell that the file is complete; 
and (3) For file types where it makes sense, 
partial files are usable. This implies that if 
a data compression scheme is used, it 
should be possible to incrementally 
decompress the file. 

The broadcast mode transmits files in 
the message system memory and their di- 
rectory entries by giving each file on the 
broadcast queue a certain amount of down- 
link time. The broadcasts continue in a 
round-robin fashion until the user’s re- 
quest has been filled. 

File broadcasting is done as a series of 
АХ.257 unnumbered information (UI) 
frames. UI frames are not acknowledged 
by the receiver and order of delivery is not 
guaranteed. The terminal node controller 
(TNC) passes the frame on to the applica- 
tion program only if the frame is correctly 
received. Error checking of the frame is 
done via CRC-16 by the TNC. The format 
of the information field of a broadcast 
frame is shown below. 


<flags> <file id> <file type> <offset> 
<data> <сгс> 
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file 
file 
file extension 
file size 
create date 
last modified 
seu flag 

file type 

body checksum 
header checksum 
body offset 
source 


number 
name 


ax25 uploader 
upload time 
download count 
destination 
ax25 downloader 
download time 
expiry time 
compression 
priority 
user filename 
title 
keywords 


type 


0x0 


20270 

Tue Jan 08 04:56:58 
Tue Jan 08 04:57:26 
0x00 

0x00 

0x662d 

0х1а24 

186 

nSahd 


uninitialized 
ооо 
wd5ivd 


uninitialized 
uninitialized 
0x00 

000 

ntc01.doc 
article draft 
NIC92 


Fig 23.27 — PACSAT file header contents. 


In the information field format above, 
the file ID field is a file number assigned 
by the file server system when the file is 
uploaded rather than an ASCII character 
string file name. The offset gives the posi- 
tion relative to the beginning of the file 
where the data belongs. The CRC shown 
is acheck on the I-field contents only and 
is included to allow detection of errors on 
the serial link between the TNC and the 
computer. 

Requests to place files in the broadcast 
queue are likewise done with UI frames. 
The spacecraft does respond to broadcast 
requests but not in terms of a data-link 
layer acknowledgment. It only sends a UI 
frame with “OK” in the information field 
to the station making a successful broad- 
cast request. Error indications, such as 
broadcast queue full, are also transmitted 
as UI frames. 

Even though a station may also access 
the satellite in a connected-mode transac- 
tion (described in the next section), the file 
and directory broadcast mode is the pri- 
mary method of operation. Since multiple 
users in the satellite footprint may want to 
capture the same files and update their 
directories at the same time, downlink uti- 
lization is maximized when broadcasting 
is used. Individual users may request fills 
of specific “holes” in their captured files 
and directories, but the rebroadcast of en- 
tire files or directories for multiple users 
is eliminated. 


File Server Mode 


AO-16, UO-22 and similar satellites can 
also operate in file server mode, which is 
transaction oriented. Currently, the file 
server mode is used only for uploading 
files to the message system. An upload 
transaction can be resumed later if it was 
previously interrupted (by LOS, for ex- 
ample). 


When using the file server mode, an 
AX.25 connection exists between the 
ground station and the spacecraft. Stan- 
dard balanced-mode HDLC procedures 
control the exchange at the data-link layer. 
The transaction-oriented operation en- 
sures that the availability of the uplinks is 
maximized. 


PACSAT Ground Station 
Equipment 

A typical equipment configuration for 
utilizing AO-16 and UO-22 is shown in 
Fig 23.28. Even though the diagram shows 
a station set up to operate on both AO-16 
and UO-22, a sensible approach would be 
to set up for AO-16 operation first and then 
progress to UO-22. This is particularly true 
if you had been operating on FO-20 because 
the radios and modems are already in place 
and attention can be focused on installing 
and using the PB and PG software. Even if 
you have not used FO-20 it is still easier to 
set up for AO-16 first: 1200 bps operation 
does not usually require any internal con- 
nections and/or modifications to the trans- 
mitter and receiver, whereas 9600 bps op- 
eration usually does require some internal 
connections. 


PACSAT Ground Station Software 
Capabilities and Operation 


To use all of the communication facili- 
ties available, four computer programs, 
PB, PG, PHS and PFHADD, are available 
free of charge to the Amateur Radio com- 
munity. PB allows files and directories 
being broadcast to be captured on the re- 
ceiving station's computer. PB also allows 
a station to request the broadcast of hole 
fills in partially received files and directo- 
ries. PG is used to upload files to the space- 
craft for later broadcast. PFHADD adds 
the header required for uploading a user 
file. PHS will display or remove the file 


Tx Audio 


145 MHz (2m) 
FM Transmitter 


(for 00—22). 


ІВМ PC/AT or Compatible — 


running PB or PG 


Terminal Node 
Controller 
(TNC) 


‘Fig 23.28 — Typical equipment configuration for utilizing the AMSAT-OSCAR 16 


“and UoSAT-OSCAR 22 satellites. 


Download: 


Message Holes Size 


Priority Auto Grab Never Fill Dir 
Offset. Revd Dir 


Dir 
Dir 
Dir 
Dir 
Dir 
Dir 


Message 4efc heard. 


П 


‘Info. View dir. 
S:EISLOG T: 
$:j2g . T:VK6AKI 
S:Image. view T:VElHD ¥:SMSBVF 
$:AD920713 Tr F: 
$:BL920713 T: F: 

S:F I NN I T:OH6LFG F:OH7BY 
S:0H1311T1.Z T:JA6FTL F:OH6SAT 


Quit! Help. 
3a11 ; 

-5126 
512# 
5046 
509 
5134 
5133. 


Message 4e32 heard. 


Dir. 


Dir 


OK NOGIB 
OK NOGIB 
OK NOGIB 
PB: 
HIT V2.16 PBP V2.05 DBP V1.00 
Mon Jul 13 17:49:21 1992 Uptime= 
Lmem-2741 4:0 6:0. 

Open 1 a : WSERO 

OK NSAHD 

Open 1 a : W5ERO 

OK VE8DX 


DIR: Dir 


05) 


Part AUTO: 


92/22:9:12 


50d8 S:TD920713 QT: 
50d7 $:AL920713 T: 


WB7QKK KFS5SOJ\D KC2PH K8TL WBSEKWAD NOGIBND  K8YAH 


EDAC- 2158 Fmem=4204 


8:0427 b:007650 d:001505 e: 


Fig 23.29 — PB display while receiving data from UoSAT-OSCAR 22 satellite 


downlink. 


header after downloading a file. PB, PG, | 


PFHADD and PHS гип on ІВМ-РС/АТ 
and compatible systems. 

Recall that file and directory broadcast- 
ing is done in AX.25 unconnected mode 


and file uploads are done in AX.25 con- . 


nected mode. Consequently, PB looks for 
‘UI frames from the spacecraft and places 
them in the proper location in the file be- 
ing received if the user has requested that 
the file be captured. PG, on the other hand, 
establishes a connection with the file 
server and attempts to complete the trans- 


action requested by the user. The follow- : 


ing brief discussion of user software op- 
eration will provide some insight into the 


' mechanics of utilizing the communica- 


. tions facilities of the satellites. 


A user wishing to monitor files and di- 
rectories being broadcast on the downlink 


would configure his/her station equipment ` 


as shown in Fig 23.28 and éxecute the 


PB program on the station computer. | 


Fig 23.29 shows a typical screen display 
fromthe PB program while monitoring UO- 


22 downlink traffic. The lower half of the ` 
screen shows certain informational mes- 
sages exactly as they appear on the down- 
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‘these files, which have a “to 


. link. The upper left corner of the screen 


shows files for which capture is in progress 
(in this case none), and the upper right cor- 
ner shows directory headers and message 
numbers being heard on the downlink. 
The last line of the screen is a status 
line. *DIR: Part (05)" means that an up- 


'dated directory has been partially received 


and there are five holes (missing pieces). 
"AUTO: Dir" shows that the ground sta- 
tion computer directory is being updated 
automatically from the monitored direc- 


. tory data. “Dir” could be replaced by a file 


number being downloaded. The values 
labeled “s:,” “b:,” “d:” and “e:” stand for . 
data rate in bytes per second for the last 
five seconds, number of bytes monitored 


5 from broadcast files, number of bytes 


monitored from broadcast directories and 
number of CRC errors between the TNC 
and the ground station computer. 


The line beginning with “PB:” shows 


` which stations have made requests for files 


or directories (or hole fills) to be broad- 
cast. Station call signs with the suffix “\D” 
have made directory requests while the 
others have made file broadcast requests. 
The message “Open: 1 a: WSERO” shows 
that station W5ERO is a connected-mode ~ 
user (probably doing a file upload) on up- 
link 2 and that uplink 1 is available for 
another user. 

Fig 23.30 shows a portion of the ground . 
station computer directory after it has been 


` captured from the downlink traffic. The 


upper right corner of the screen shows the 
file broadcast selection criteria in the mes- 
sage “Select = All Mail." This means that 
message traffic addressed to “All” or traf- 
fic to this specific station’s call sign will 
be downloaded automatically. These cri- 
teria can be changed to suit the station 
operator through selection equations em- 
ploying relational and logical operators 
that test appropriate fields in the PACSAT 
File Header. Consistent with the selection 


` of “All,” note that file numbers 5136, 511f 


and 5118 have a square block in the 
“S(tatus)” column. This indicates that 
” address of 
“ALL,” have already been downloaded. At 
the lower left corner of the screen the 
message “All Mail AL BL” appears. These 
are the selection criteria for the directory 
display, as opposed to the criteria for auto- 
matic file downloading. Thus, the direc- 
tory display will show AL (activity log) 
and BL (broadcast log) files in addition to 


. files addressed to other satellite users. 


A user wishing to upload a file would 
first attach the PACSAT file header to the 
file and then use the PG program to upload 
it to the satellite. PG is used only for file 
uploading and operates in connected mode 
using the AX.25 data link layer protocol. 
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Keys: Prio Auto Grab Never Find aRchview Quit Help Main 
Message 5 Subject | To | Froa 
к he RE -4 ар 
5140 answers ,W3TMZ | N6KK 
513f KCT/T jWBONCR 'N6KK 
513e |9|511 ÍN4oUL | NEKK 
5136 CSDP Members 
5134 FINNISH.. 
50d9 BL920713 
50d7 AL920713 
512f Image viewer 
5126 329 
5125 VIDEO 
5120 eb3cdc.001 
511# images.hlp 
5118 DSP-12 query 
5108 |g|RE EANET 
5101 Supertrak again 
50ff Graphics Packet assist 
50fd RE. NET-EA 


OH7BY 


VE1HD 
VK6AKI 
| VK3ARJ 
EB3CDC 
ALL 
ALL 
EASDOM 
ON6UG 
ZL1BIV 
EA4RJ 


SMSBVF 
VK6BMD 
VK8SO 
:EA4RJ 
VElHD 
DJ1KM 
EB3CDC 
2L1WN 

| ZL2AMD 
i EB3CDC 


асаан E REECE EEE EU ECT 


А11 Mail AL BL 


DIR: Up-To-Date AUTO: Idie 8:0969 b:369695 


Fig 23.30 — A display of a portion of a downloaded directory from UoSAT-OSCAR 22. 
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07/13 
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ALL CS WBONCR ‚07/13 
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07/13 
07/13 
07/13 
07/13 
07/13 
07/13 
07/13 
07/13 
07/13 
07/13 

107/13 


“The Development of Low-Earth-Orbit 
Store-and-Forward Satellites in the Ama- 
teur Radio Service," Proc IEEE Interna- 
tional Phoenix Conference on Computers 
and Communications, Tempe, AZ, March 
23-26, 1993, pp 378-386, ©1993 IEEE.] 


WiSP 

The software package just described, 
consisting of the PB, PG, PHS and 
PFHADD programs, is the set of programs 
initially made available for accessing sat- 
ellites utilizing the PACSAT Broadcast 
Protocol (PBP). More recently, consider- 
able software development activity has re- 
sulted in several alternatives to the origi- 
nal program suite. The most significant of 
these new programs is the Windows appli- 
cation WiSP developed by Chris Jackson, 
ZL2TPO. An alternative to PB called XPB 


Select-All Mail 
Posted at 


d:135249  e:0002 


When using PG, a connection is estab- 
lished, an upload transaction executed and 
the connection terminated as a result of a 
single operator command. The one-trans- 
action-per-connection philosophy ensures 


while a ground station operator executes a 
command and then pauses deciding what 
to do next. 

[This section, including Figs 23.29 and 
23.30, is reprinted with permission from 


has been developed for the Linux X-Win- 
dows environment by John Melton, 
GOORX/N6LYT, and Jonathan Naylor, 
G4KLX. Finally, a version of PB designed 
specifically for the IBM OS/2 environ- 


maximum utilization of the uplinks in con- 
nected mode. There is no wasted time 
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Fig 23.31—WiSP ground station control (GSC) screen 
showing the next visibility times for UO-22 along with the 
current clock time and the countdown to next AOS timer. 


Groundstation Control - Graphic Tracking 
Tracking Observer 


20:19:39 аре 1995 Eclipsed | 
00-22 tati 36N toni воре: 768km ĦA:194 Hode; 1 
[Observer —— — zm Ele Range Doppler бЕр ў 


Fig 23.32—WiSP graphical tracking screen. 
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Fig 23.33—WiSP real-time downlink data display screen. 
This is the WiSP equivalent to Fig 23.29 for PB. 
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Fig 23.34—WiSP display produced by the View-DIR 
function. This is the WiSP equivalent to Fig 23.30 for PB. 


ment is currently in development. The 
WiSP and XPB packages are available via 
FTP from several different sites including 
ftp.amsat.org. WiSP requires the payment 
of a registration fee to your national 
AMSAT organization while XPB falls 
under the GNU Public License. A brief 
explanation and a few examples of WiSP 
operation follow. 

Fig 23.31 shows the display produced 
by the WiSP ground station control (GSC) 
program. Although the display shows only 
one satellite, the program may be config- 
ured to track multiple satellites with pri- 
orities assigned to each. Fig 23.32 shows 
the graphical tracking feature of WiSP that 
may be invoked by the user if desired. 
When a satellite comes into view, a user- 
specified program can be run. This pro- 
gram could be something as simple as a 
terminal program to display raw downlink 
data. For the digital store-and-forward 
satellites like AO-16, LO-19, UO-22, KO- 
23 and KO-25, the MSPE program that is 
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part of the WiSP package will usually be 
run. Fig 23.33 shows a typical screen pro- 
duced by MSPE while monitoring UO-22. 
Notice that this is WiSP's equivalent to 
Fig 23.29 produced by the original PB 
program. Users may select which files 
should be automatically downloaded and 
processed for later reading. Finally, Fig 
23.34 shows a display produced by the 
View Dir(ectory) function. Once again 
there is a close parallel between the infor- 
mation shown my View-Dir and that 
shown in Fig 23.30 from PB. The WiSP 
package also has radio tuning and rotator 
control features. Sophisticated ground sta- 
tion software packages such as WiSP truly 
demonstrate the maturity of the ground 
segment that supports digital store-and- 
forward Amateur Radio satellites. 


EQUIPPING A STATION 


The previous sections have shown there 
are many satellites supporting Amateur 
Radio communications in many different 
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modes. The satellite enthusiast must take 
into consideration his/her own desires, 
goals and financial resources when pur- 
chasing and assembling equipment for an 
amateur satellite ground station. Because 
there are so many different combinations 
of station equipment possible, it would be 
a good idea to define some broad catego- 
ries that arise naturally from a combina- 
tion of the available satellites, individual 
operating goals and required expenditures. 

One possible set of categories for ama- 
teur satellite stations consists of: (1) re- 
ceive-only stations; (2) stations to work 
LEO satellites with analog transponders; 
(3) stations to work LEO digital store-and- 
forward satellites; (4) stations to work 
HEO satellites with analog transponders; 
and (5) stations utilizing satellites with 
uplinks and/or downlinks in the micro- 
wave bands (above 450 MHz [70 cm]). As 
always, there are many trade-offs that can 
be made. Some of the common ones will 
be mentioned later. 
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Fig 23.35 — Several different Mode-B satellite-station configurations are shown here. At A, separate VHF/UHF multimode 
transceivers are used for transmitting and receiving. The configuration shown at B uses transmitting and receiving 
converters or transverters with HF equipment. At C, a multimode, multiband transceiver can perform both transmitting and 
receiving function, full duplex, in one package. The Ten-Tec 2510 shown at D contains a 435-MHz transmitter and a 2 m to 


10-m receiving converter. 
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Fig 23.36 — Several different Mode-J 
satellite-station configurations are 
shown here. At A, separate VHF/UHF 
multimode transceivers are used for 
transmitting and receiving. The 
configuration shown at B uses 
transmitting and receiving converters 
or transverters with HF equipment. At 
C, a multimode, multiband transceiver 
can perform both transmitting and 
receiving functions, full duplex, in one 
package. 


Perhaps the biggest difference between 
terrestrial and satellite communications is 
that the latter is full-duplex operation. This 
means that you transmit and receive 
simultaneously. When communicating 
through an analog transponder, you can 
hear your own downlink signal while 
transmitting, as well as that of the station 
being worked. Full duplex provides the 
opportunity for a fully interactive conver- 
sation, as if the other station is in the very 
same room. 

Successful satellite operation demands 
that you can locate and hear your own sig- 
nal from the spacecraft. Choose equipment 
with this goal in mind. Equipping a station 
for full-duplex operation is not too difficult 
because the transmitter is on a different 
band than the receiver. Ground-station con- 
figurations for high-altitude satellites vary 
according to the communications “mode” 
being used. Figs 23.35, 36, 37 and 38 show 
several different configurations suitable 
for Modes B, J, L and S. An example of an 
entry-level receive-only station can be seen 
in Fig 23.39. 


Computer System | 


The main reason for mentioning com- 
puter equipment in this section is that in 
many cases some other part of the station 
will be used in conjunction with a com- 
puter. For example, automatic antenna 
positioning may be done using a computer 
and appropriate rotator control interface. 
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Fig 23.37 — Several different Mode-L 
satellite-station configurations are 
shown here. At A, separate VHF/UHF 
multimode transceivers are used for 
transmitting and receiving. The 
configuration shown at B uses 
transmitting and receiving converters 
or transverters with HF equipment. At 
C, a multimode, multiband transceiver 
can be used for full duplex receiving 
and transmitting (with the addition of a 
2-m to 24-cm transmitting converter). 


One of the most common uses for a 
computer in the amateur satellite station 
is determining when and where a particu- 
lar satellite will be visible. When consid- 
ering this aspect of satellite operations, 
think carefully about what you really need 
and what “would be nice.” If you are an 
entry-level operator and using omnidirec- 
tional antennas, a simple listing of AOS, 
LOS and position at 1-minute intervals is 
sufficient. Many different orbital predic- 
tion programs are available; they range in 
complexity from those that produce 
simple time, heading and position printed 
output (see Fig 23.40) to those that pro- 
duce graphical displays in real time (see 
Figs 23.15 and 16). 

When considering a program for track- 
ing purposes, be sure and note the hard- 
ware capabilities that are required. For 
example, if you have an original IBM PC, 
you may not be able to use a program that 
produces a graphical display. Another 
point to consider, especially if other sta- 
tion functions such as tracking will be 
computer controlled, is that you may be 
better off with one computer dedicated to 
satellite-related functions rather than try- 
ing to do orbit prediction, antenna point- 
ing, radio frequency control and your 
word processing and financial records all 
on the same machine. There is nothing 
more annoying than stopping in the 
middle of some other important work to 
get the right programs going for the next 
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Fig 23.39 — An entry-level receiving 
station using 2 m and 70-cm 
converters and a general coverage 


|! | | communications receiver. 
145 - MHz DOWN- ey ie 
RECEIVER CONVERTER 


satellite contact. With every new genera- 
tion of microprocessor, systems using the 
preceding technologies become more 
plentiful at reasonable prices. As your in- 
terest in amateur satellite operations so- 
lidifies, keep your eye open for a good 
computer buy at the next hamfest. 


Other Microprocessor-Based 
Equipment 


DOWN- 145 — MHz If, after monitoring satellites such as 
DO-17, you develop a serious interest in 
the digital satellites, you will want to con- 
sider a DSP-based TNC. Since digital 
amateur satellites tend to use different 
modulation techniques than terrestrial 
packet radio, TNCs will usually require an 
additional external or internal modem. 
Fig 23.38 — Several different Mode-S satellite-station configurations are shown Although choosing a DSP-based TNC will 
here. result in a higher initial cost, the modem 
then becomes a matter of software rather 
than additional hardware. Consequently, 
as new modulation techniques require new 
modems, only software has to be changed, 


ORBIT NO. 20988 EPOCH: 30.219444444384 DATE: 1/30/94 either by downloading from a PC or chang- 
ing ROM chips in the TNC. 
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level. In this case the gain requirements are 
not as high as for AO- 10 and AO-13 but for 
serious, dependable, day-to-day operation, 
Fig 23.40 — Tabular output from an orbit prediction program showing time and automated azimuth and elevation position- 
position information for AO-16. ing will become most desirable. 
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Fig 23.41 — A 
popular com- 
mercially 
manufactured 
antenna array for 
AO-10 and AO- 
13, Modes B and 
J, is a pair of 
KLM crossed 
Yagis. Shown 
also are Mode-L 
helical antennas. 
The large box on р 
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transverter and 
power amplifier, 
and power- 
supply 
regulators. 


The best antennas for use in the amateur 
satellite service are circularly polarized 
(CP). The present trend in satellite arrays 
for 145 and 435 MHz is to use two com- 
plete Yagis mounted perpendicular to each 
other on the same boom. One set of ele- 
ments is mounted !/4 wavelength ahead of 
the other. The antennas are fed in phase 
and are switchable from RHCP to LHCP. 
This is in contrast to using helical anten- 
nas. Circularly polarized Yagi antenna 
arrays are manufactured by KLM, Cush- 
craft, Telex/HyGain, M2 and others. A 
typical set of crossed-Yagi antennas is 
shown in Fig 23.41. 

Satellite antennas should be mounted as 
close to the station as possible. Height 
above ground makes no difference for sat- 
ellite work, except that the antennas must 
be mounted high enough that trees and 
other obstructions do not block the view 
of the satellite at low elevations. A low 
mount allows use of shorter feed lines 
(lower losses) and often reduces noise 
pickup by the antennas. Many operators 
are able to set up their antennas on a 10 to 
15-ft mast right next to the shack and have 
only 20 ft of feed line. Plan to use good- 
quality, low-loss coaxial cable from the 
start, such as Belden 9913. Even better are 
runs of Hardline coaxial cable, available 
from a number of manufacturers. 

Mode L transmitting antennas and Mode 
S receiving antennas have taken numerous 
forms, mostly based on the technology 
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Fig 23.42 — A boom brace may be desirable for long Yagis. This arrangement is 
made from non-conductive material to prevent undesirable effects on the antenna 


pattern. 


needed for EME communications. Loop 
Yagis, such as those presented in the An- 
tennas and Projects chapter, are popular, 
but you must stack at least two in an array 
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to achieve the 20+ dBi gain necessary for 
AO-13, Mode L. Also popular are the large 
parabolic reflector antennas seen in EME 
and TVRO services. For AO-13 Mode L 
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Fig 23.43 — KLM 2M-22C antenna CP switching relay with relocated balun and 


protective cover. 


some of these higher gain antennas get 
good results, but are overkill. While higher 
gain means lower transmitter power, the 
narrow beamwidths require the operator to 
reposition the antenna more often. 

Although a practical CP Yagi for 24 cm 
has not yet been demonstrated, such an 
approach may be feasible. As AO-13 
Mode L is only operated near the satellite 
apogee, essentially on the satellite antenna 
pattern main lobe, RHCP operation is the 
only CP sense needed. This makes the use 
of a helical antenna attractive. A home- 
built Mode L helical antenna array is 
shown in Fig 23.41. Active Mode L opera- 
tors have also found that a small parabolic 
dish (6 ft in diameter, or larger) with a 
circularly polarized feed can make a fine 
Mode L antenna. A number of reasonably 
priced TVRO dishes are available; they 
require only the addition of a suitable feed 
for Mode L service. For TVRO dishes of 
12 ft diameter, a dual-band (70 cm and 
24 cm) feed for Mode L is a possibility, as 
the gain at 70 cm is sufficient for excellent 
reception, and the gain is very substantial 
for QRP 24-cm transmissions. 

For AO-13 Mode S reception, the most 
commonly used antennas are a small helix 
(16 turns) or a small parabolic dish (less 
than 3 ft). 


Antenna Accessories 


Long-boom Yagis, such as the KLM 
antennas shown in Fig 23.41, can suffer 
from boom sag that might cause pattern 
distortion and pointing errors. In addition, 
a boom support is desirable in areas where 
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high winds or ice are a problem. To avoid 
possible interference with the antenna 
pattern, the boom brace must be made 
from nonconductive material such as 
Phillystran HPTG2100 guy cable. Details 
for the brace are shown in Fig 23.42. 

The vertical boom-brace support mem- 
ber is nonconductive and made from a 
fiberglass fishing rod blank. A short piece 
of threaded stainless-steel rod inserted in 
the top of the tube is used to adjust tension 
on the boom brace. A 2-inch piece of 
/ie-inch copper tubing brazed across the 
threaded rod in a "T" fashion holds the 
Phillystran cable in place. Jam nuts secure 
the threaded rod once the boom is straight. 

Experience with the exposed relays on 
the polarity switchers used on some com- 
mercial antennas has shown that they are 
prone to failure caused by an elusive 
mechanism known as "diurnal pumping." 
The relay is covered with a plastic case, 
and the seam between the case and PC 
board is sealed with a silicone sealant. It is 
not hermetically sealed, however. As a 
result, the day/night temperature swings 
pump air and moisture in and out of the 
relay case. Under the right conditions of 
temperature and moisture content, mois- 
ture from the air will condense inside the 
relay case when the air cools. Water builds 
up inside the case, promoting extensive 
corrosion and unwanted electrical conduc- 
tion, seriously degrading relay perfor- 
mance in a short time. 

If you have antennas with sealed plastic 
relays, such as the KLM CX series, you 
can avoid problems by making the modi- 
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Suppliers of Equipment of Interest 
to Satellite Operators 


Contact information appears in the 
Handbook Address List in the Refer- 
ences chapter. Send updates to the 
Handbook Editor at ARRL 
Headquarters. 


Multimode VHF and UHF Transceiv- 
ers and Specialty Equipment 


ICOM America 
Kenwood Communications 
Yaesu USA 


Converters, Transverters and 
Preamplifiers 


Advanced Receiver Research 
Angle Linear 

Hamtronics 

Henry Radio 

The PX Shack 

Radio Kit 

RF Concepts 

Spectrum International 


Power Amplifiers 


Alinco Electronics 
Communications Concepts 
Down East Microwave 
Encomm 

Falcon Communications 
Mirage Communications 
RF Concepts 

TE Systems 


Antennas 


Cushcraft Corp 

Down East Microwave 
KLM Electronics 

Telex Communications 


Rotators 


Alliance 

Daiwa 

Electronic Equipment Bank 
Kenpro 

M? Enterprises 

Telex 

Yaesu USA 


Other Suppliers 


AEA 

ATV Research 

Down East Microwave 

Electronic Equipment Bank 

Grove Enterprises 

M? Enterprises 

Microwave Components of Michigan 

PacComm 

SHF Microwave Parts 

Tucson Amateur Packet Radio 
(TAPR) 


Note: This is a partial list. The ARRL 
does not endorse specific products. 
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Fig 23.44 — The Yaesu G-5400B azimuth-elevation rotator includes a DIN 


computer connection. | 


fications shown in Fig 23.43. Relocate the 
4:1 balun as shown and place a clear poly- 
styrene plastic refrigerator container over 
the relay. Notch the container edges for 
the driven element and the boom so the 
container will sit down over the relay, 
sheltering it from the elements. Bond the 
container in place with a few dabs of RTV 
adhesive sealant. 

Position the antenna in an “X” orienta- 
tion, so neither set of elements is parallel 
to the ground. The switcher board should 
now be canted at an angle, and one side of 
the relay case should be lower than the 
other. Carefully drill, by hand, a pair of 
3/32-inch holes through the low side to vent 
the relay case. The added cover keeps rain 
water off the relay, and the holes will pre- 
vent any build-up of condensation inside 
the relay case. Relays so treated have re- 
mained clean and operational over periods 
of years without any problems. 


Antenna Rotators 


Unlike stations located on the surface 
of the Earth, AO-10 and AO-13 will be 
found somewhere in the sky above. Op- 
erators commonly aim antennas toward 
another station by changing the pointing 
angle, or azimuth (sometimes called az). 
Aiming antennas toward AO-10 and 
AO-13 requires the control of antenna 
elevation (el). Satellite antennas must be 
able to rotate from side to side and up and 
down simultaneously. While the use of 
electrically controlled antenna rotators 
will be discussed here, it might be noted 


that Phase 3 satellite motions are slow 
enough that hand-operated, “armstrong” 
antenna control is feasible. At times, the 
antennas may not need repositioning for 
periods of up to four hours. On the other 
hand, the fast-moving LEO satellites such 
as AO-16 and UO-22 will almost certainly 
require an automatic positioning system. 

Azimuth rotators are commonly used 
for positioning terrestrial HF and VHF 
antennas. Antennas for low-orbit satellites 
can be on the smaller and lighter side, so 
light-duty TV-antenna rotators such as 
those sold by Alliance, Channel Master, 
Radio Shack and others could be used for 
the azimuth rotator. Today's high-gain 
satellite arrays are a bit large for these 
light-duty rotators. Look for something 
more robust, such as a rotator recom- 
mended for turning a small HF beam or 
VHF array. Various models manufactured 
by Alliance, Daiwa, Kenpro, Telex and 
others are advertised in QST. 

Elevation rotator selection is more lim- 
ited. Commercially manufactured models 
such as the Yaesu G-500A and G-5400B 
are available. The С-500А has been avail- 
able in the past under different designa- 
tions such as KLM and Kenpro KR-500 
and is designed for elevating small-to 
medium-size VHF or UHF arrays. The 
G-5400B is a combined azimuth and el- 
evation rotator. See Fig 23.44. Home-built 
elevation mounts can also be fabricated 
from TVRO antenna jack-screw motion 
controls or other similar muscular devices. 

A lower cost alternative is the Alliance 


Repeaters, Satellites, EME and Direction Finding 


U110 TV-antenna rotator. Rotators of this 
type have been used successfully by satel- 
lite operators for many years. Despite its 
relatively light construction, the U1 10 will 
handle antenna loads weighing up to 40 
pounds. The key to success is to achieve a 
static balance of the antenna mass so the 
rotator does not have to elevate a “dead” 
load. A highly attractive feature of the el- 
evation rotators noted above is that the 
cross boom to be rotated passes com- 
pletely through the rotator. This allows the 
mounting of one antenna on each side of 
center and the adjustment of their respec- 
tive positions for a side-to-side balanced 
load. 


Automatic Antenna Positioning 


Several products are now available to 
automatically steer a satellite antenna ar- 
ray under computer control. Automatic 
antenna pointing is particularly useful 
when operating the OSCARs in low Earth 
orbit. Among the products available are 
the Kansas City Tracker/Tuner sold by 
L. L. Grace Co and the TrakBox sold by 
TAPR. There are other sources for similar 
products but these two represent the two 
general approaches to automated antenna 
control. The Kansas City Tracker is in- 
stalled in an existing station computer 
while the TrakBox is a standalone control- 
ler with its own built-in microprocessor. 

The Kansas City Tracker is available 
either as a tracker only or with the tuner 
option which sets and corrects the radio 
frequency throughout a pass. In either 
case, the tracking and/or tuning functions 
are carried out by the rotator control card 
in conjunction with Terminate and Stay 
Resident (TSR) programs running in the 
computer. Position and Doppler frequency 
correction information for the TSRs is 
supplied by the tracking program. Some 
rotators, such as the Yaesu G-5400B, al- 
ready have a connector for the computer 
interface. 

The TrakBox and similar units are spe- 
cialized microprocessor-based control 
units. Usually, the position information is 
downloaded from a PC to the control box. 
After receiving the position information, 
the controller operates in a standalone 
mode. Devices such as the TrakBox have 
an LCD display that shows the operational 
status of the controller. 

Whether to use a tracker and/or tuner 
that plug into the PC expansion bus or a 
standalone unit is a complicated question 
involving both technical matters and per- 
sonal preference. If your station computer 
is using at least an 80386 class processor, 
the question is largely a matter of prefer- 
ence. In the case of 80286 class or lower 
processors, it may be a good idea to offload 
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The Yaesu 736R is a multimode 
transceiver for 2 m (144-148 MHz) and 
70 cm (430-450 MHz). It can be used for 
full-duplex receiving and transmitting 
on AO-10 Mode B and AO-13 Modes B 
and J. An optional 23-cm module 
covers 1230-1300 MHz (Mode L). 
Approximate power output: 20 W on 

2 m and 70 cm, and 10 W on 23 cm. 


the work of tracking and/or tuning to an 
independent unit. Consider the situation 
of working one of the digital satellites like 
UO-22. With everything running in a 
single computer that machine must: up- 
date antenna position, set the radio fre- 
quency often enough to keep up with the 
Doppler shift, accept data from the TNC 
at a rate of 19,200 bps, update files and 
directories on disk as data is being cap- 
tured, and update the screen display. 

Finally, even though a tracker/tuner 
construction project has not been included 
in this section, it is an area where home- 
brew systems are certainly a possibility. 
Relay drivers can be built to control the 
rotators via signals from a parallel port. 
Analog-to-digital converters can be used 
to read the position indicating voltage 
from the meter circuit. Furthermore, most 
modern transceivers can be controlled by 
commands from a serial I/O port. Conse- 
quently, it is not beyond the capabilities of 
someone with programming and hardware 
experience to build an antenna and fre- 
quency control system. 


Antenna Cross-Boom 
Construction 


One requirement not commonly dis- 
cussed is that of using a nonmetallic el- 
evation axis boom for antennas that have 
their boom-to-mast mounting hardware in 
the center of the boom. A metal cross 
boom will seriously distort the beam pat- 
tern of acircularly polarized antenna, so it 
is important to make those portions of the 
cross boom nearest to the antennas from 
nonmetallic materials. 

From a structural standpoint, the best 
nonmetallic material for this job is 
glass-epoxy composite tubing, because its 
stiffness is excellent. Lengths of this ma- 
terial may be found at an industrial supply 
house that specializes in plastics. Also, 
KLM sells lengths of 1'/2 in. OD fiber- 
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glass masting for this purpose, and Telex/ 
HyGain includes fiberglass masting with 
their OSCAR antennas. If you have a rota- 
tor that will accept a 1'/2 in. elevation 
boom, then your best bet is to use a single 
piece of this tubing. The 1'/2 in. OD fiber- 
glass tubing also slides into the ID of the 
1'/2 in. pipe used for the heavy-duty eleva- 
tion axis. 

A less expensive alternative is to make 
the cross boom from a combination of 
metallic and nonmetallic tubing. For 
strength and stiffness, use a short length 
of steel or aluminum tubing through the 
middle of the rotator. Let the metal tubing 
extend for about 6 in. on each side of the 
rotator. Then install nonmetallic masting, 
such as common PVC pipe, over the steel 
stubs. 

The elevation boom pictured in 
Fig 23.41 was constructed with this 
method. The center piece that fits through 
the U110 is a 2-ft section of 1.33-in.-OD 
steel tubing that originally was part of the 
top support rail of a chain-link fence. At- 
tached to the steel stub on each side of the 
rotator is a 4-ft length of 1'/4 in., schedule- 
40 PVC pipe. This pipe slipped nicely over 
the center stub. The fit is perfect — no 
machining was needed. 

Unlike glass-epoxy tubing, PVC pipe is 
not very stiff. The secret to making PVC 
pipe capable of supporting satellite Yagis 
is to insert a wooden dowel into the PVC 
pipe, along its entire length. The finished 
dimension of 1?/s in. wooden clothes-rod 
dowel (the kind you might hang inside a 
closet) is just perfect for a slide fit into the 
pipe. This material is available from most 
lumber yards. Add a few '/s in. bolts to 
each side to secure the pieces, and you 
have a sturdy, inexpensive, nonmetallic 
elevation boom. 


Receivers 


The old adage “You can’t work 'em if 
you can't hear 'em" especially applies to 
satellite operation. Receiving require- 
ments for AO-10 and AO-13 are demand- 
ing, but pleasurable results can be 
achieved with the right kind of equipment. 
OSCAR operation is a weak-signal mode 
where contacts can be made with signals 
that are only 4 dB stronger than the noise. 
Conversational quality can be assured 
with signals that are 6 to 9 dB above the 
noise. 

The first step to be taken before attempt- 
ing to work such high altitude satellites as 
AO-10 and AO-13 is to assemble the best 
receiving setup possible. There is no point 
in getting transmitting capability until the 
satellite signals can be comfortably heard. 

Amateurs active on 2 m with a multi- 
mode transceiver already have the basic 


building block for receiving Mode B and 
transmitting on Modes J and L (with an 
additional transmitting converter). If you 
currently have no VHF equipment, con- 
sider that a multimode, multiband trans- 
ceiver will also allow you to explore the 
exciting world of terrestrial 2-m and 70- 
cm SSB operations. The basic require- 
ments are that the rig includes SSB and 
CW modes and that it covers the entire 
144-MHz band and (most of the) 420-MHz 
band. A multimode transceiver also makes 
an excellent replacement for an FM-only 
144-MHz rig. 

The equipment manufacturers listed in 
Table 23.10 all make suitable trans- 
ceivers, either single-band or multiband 
units. The current crop of base-station 
rigs includes the Kenwood single-band 
transceivers TS-711A (2 m) and TS-811 
(70 cm), and multiband transceiver 
TS-471H and IC-475H (70 cm). Yaesu 
offers their multiband FT-726R and 
FT-736R transceivers. There are also sev- 
eral compact multimode radios intended 
for mobile use that will be quite usable. 
These include the Yaesu single-band 
FT-290R and FT-790R, Kenwood single- 
band TR-751A and TR-851A, and the 
ICOM single-band IC-290H. In addition, 
there are often good buys on the used 
market, if you're interested in an older 
radio. Gear such as the Kenwood TS-700 
series, Yaesu FT-225RD and ICOM 
IC-251 are still popular. Many of these 
transceivers have been reviewed in QST. 

Users of Mode L may want to consider 
the use of a full transceiver in the station 
for the 24-cm transmissions, as such a unit 
will also allow operations on the 23-cm 
band (1296 MHz). Kenwood and Yaesu 
offer 23-cm modules for their multiband 
transceivers for this service. ICOM also 
offers the single-band IC-271A. Alterna- 
tively, there are some 24-cm transmitting 
converters and transverters offered that 
employ a 2-m IF. 

An excellent solution to receiving 
Modes B, J and L satellite signals can be 
found in the form of receiving converters 
used with a high-quality HF transceiver or 
receiver. The 2-m and 70-cm receiving 
converter consists of a mixer and a local 
oscillator and may contain a preamplifier. 
The local oscillator frequency is usually 
chosen so that signals will be converted to 
the 10-m band. In addition, a number of 
manufacturers offer transverters that in- 
clude receiving and transmitting convert- 
ers in the same package. Receiving con- 
verters are available from several 
suppliers listed in Table 23.10. 

There are several advantages to using a 
receiving converter. Modern HF trans- 
ceivers and receivers most likely have 


excellent frequency stability, a frequency 
readout in 1 kHz or smaller steps, good 
SSB and CW crystal filters, an effective 
noise blanker and high dynamic range. 
Chances are good that a multimode VHF 
transceiver will offer some, but not all, of 
these features. Cost is another factor. If 


you already own an HF rig, but are not 


interested in terrestrial VHF/UHF SSB 


operation (you don't need 2-m transmit . 


capability for Mode B); the cost of build- 
ing or buying a superior receiving con- 
verter will be significantly less than that 
of even an older multimode transceiver. 


One commercial example of a Mode-B- ` 


‘only unit is the Ten-Tec 2510B, providing 


an excellent 2-m receiving converter and a : 


complete 70-cm SSB/CW transmitter, all 
with \coupled VFOs for simultaneous 
` tracking on both bands. While the '2510 is 
an economical way to get into satellite 
operation, it is limited to Mode B service 


only and cannot provide any help for Mode , 


J and L services. 

Experience has shown that daytime 
noise will often raise the practical 2-m 
receiver noise floor by 10 to 20 dB, thus 
making Mode B daytime communications 
difficult, at best. Wéak downlink signals 
are often no match for the noise. In gen- 

- eral, noise is not à problem on 70-cm (for 
Mode J and Mode L reception), but in 


some areas interference from airport radar : 


can be troublesome. In addition; local FM 


repeaters may be heard in the satellite, 


passband of the ground-based receiver 


because the VHF transceiver may offer , 
poor rejection of strong nearby signals. 


Use of a high-dynamic-range receiving 


converter with a good HF transceiver has. 


been shown to solve both of these prob- 
lems. The lesson is that many VHF trans- 


ceivers have noise blankers that are inad- 


equate for VHF/UHF satellite operation 
and.some VHF transceivers do not work 
well in areas with many nearby, strong 
signals. Consequently, in some cases, bet- 
ter results may be achieved with a receiv- 
ing converter than with a VHF multimode 
transceiver. 


Receiving Accessories 
: Forthose stations using a receiving cori- 


-verter and an HF. receiver for downlink | 


reception, an in-line switchable attenua- 
tor, installed between the converter output 
and the antenna jack of the 10-m receiver, 
may prove useful. Such an attenuator can 
be used to lower the AGC level and im- 
prove the perceived signal-to-noise ratio. 
In addition, by adjusting the attenuator so 
that the S meter on the HF rig rests at zero 
at no signal, more accurate signal reports 
can be given. An attenuator circuit is 
‘ shown in the Test Equipment chapter. A 


useful modified form may include only, . 


three steps— 5, 10 and 20 dB. These three 


settings. allow attenuation in 5-dB steps 


from 0 to 35. dB. 


Preamplifiers 


No discussion of satellite receiving sys- 
tems would be complete without. mention- 
ing preamplifiers. . Good, low-noise 
preamplifiers are essential for receiving 


weak downlink signals. Multimode rigs 


and most transverters will hear much bet- 
ter with the addition of a GaAsFET pre- 
amplifier ahead of the receiver front end, 
albeit at the expense of a considerable re- 
duction in the third-order intercept point 
of the receiver. While a preamplifier can 
Бе added right at the receiver in the sta- 


tion, it may not do much good there. Соп- 


siderably better results can be obtained if 
the preamp is mounted near the antenna. 
Indeed, antenna mounting of a preamp is 
essential for UHF and higher operation. 


' Losses in the feed line will seriously de- 


grade the noise figure of even the best 


` preamplifier mounted at the receiver, 


while an antenna-mounted preamplifier | 


'сап оуегсоте nearly ‘all of these noise ` 
‚ figure problems. 


Table 23.10 lists several sources of | 


commercially built preamplifiers. These 


-are available in several configurations. 


Some models.are designed to be mounted 


in a receive-only line, for use with a re- · 


ceiving converter or transverter. Others,’ 
designed with multimode transceivers in 


mind, have built-in relays and circuitry 


that automatically switch the preamplifier ` 


out of the antenna line during transmit, - 


Still others are' housed, with relays, in 


‚ weatherproof enclosures that mount right 


at the antenna. For the equipment builder, 
several suitable designs appear in The 
Satellite Experimenter's Handbook. ` 


Tower-Mounted Preamplifiers 


f Mast-mounting of sensitive electronic 
equipment has been a fact of life for the 


serious VHF/UHFer for years, although it’ 
may seem to be a strange or difficult tech- . 


nology for many HF operators. To get the 


most. out of your satellite station, you'll 


need to mount a low-noise preamplifier on 
the toweror mast, near the antenna, so that 


feed-line losses do not degrade low-noise . 
performance. Feed-line losses ahead of the 


preamplifier add directly to receiver noise 


figure. A preamp with a 0.5-dB noise fig- 
‚ ure will not do you much. good if there is 


3 dB of feed-line loss between it and the 
antenna. 


`. In Fig 23.41, note the: fagi: white box 
. located below the elevation rotator. Fig 


23.45 shows the interior of this box. A 
close look shows:/a 2-m preamplifier for 
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the Mode B downlink and relays to switch 
itin and out of the line to the antenna. This 
setup is designed to beat excessive 
feed-line losses for basic stations. Trans- . 
mitting equipment for the 70-cm and 


Fig 23.45 — Interior of the tower- . 
mounted equipment rack with the cover 
removed. The 70-cm equipment is on | 
the left, while power-supply regulators, 
à 24-cm transmit converter and a 2-m 
preamp are mounted on the right. 


Kenwood's TS-790A is a dual-band 
(144-148 MHz and 430-450 MHz) 
multimode transceiver. A 23-cm . 
(1240-1300 MHz) module is optional. 
Power output is 35-45 W on 144 MHz, 
30-40 W on 430 MHz and 10 W on 1240 
MHz. 


The ICOM IC-820 is a state-of-the-art 


_ transceiver designed especially for 
satellite use. 
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24-cm bands is also housed in the same 
enclosure. Normal installations may re- 
quire only the receiving preamplifier (2 m 
for Mode B and 70 cm for Mode J and L) 
to be mounted on the mast. The transmit- 
ting equipment is discussed further in the 
next section. 


Transmitters 


The AO-10 and AO-13 Mode B uplinks 
require a controllable 5 to 50 W of 
435-MHz RF power at the antenna. This 
assumes a good antenna, which will be dis- 
cussed later. Feed-line losses in a typical 
435-MHz installation can easily run 3 dB, 
so you'll need anywhere between 10 and 
100 W output from your transmitter. 
AO-13, Mode L, has an uplink requirement 
of 15 to 100 W, depending on antenna gain. 

Since there are many combinations of 
transmitter power and antenna gain that 
will result in a satisfactory signal through 
AO-10 and AO-13, satellite users gener- 
ally talk about their uplink capability in 
terms of effective radiated power (ERP). 
ERP takes into account antenna gain, feed- 
line loss and RF output power. For ex- 
ample, a 10-W signal into a 3-dB-gain 
antenna will have an ERP of 20 W (3 dB 
greater than, or twice as strong as, 10 W). 
This assumes no loss in the feed line and 
all 10 W from the transmitter reaches the 
antenna. If the signal is 10 W into a 10-dB- 
gain antenna, the ERP is 100 W. The same 
100-W ERP can be achieved with a 50-W 
transmitter and a 3-dB-gain antenna. 

Stations with an uplink ERP as low as 
10 W can be copied through AO-10 and 
AO-13, Modes B and J, but ERP levels of 
100 to 400 W are the norm. No matter what 
your ERP, your signal on the downlink 
should never be stronger than the general 
beacon at 145.81 MHz (Mode B) and 
435.65 MHz (Mode J). As a reminder, sat- 
ellite service ground stations do not have to 
be as strong as the beacon to provide excel- 
lent communications, good operators will 
adjust their signals to just the level needed 
for the QSO. You must have a way of ad- 
justing your uplink signal power so that 
your downlink is no stronger than the bea- 
con. These points are discussed in detail in 
The ARRL Operating Manual. 

If the Mode-B satellite ground station 
has a 10-W transmitter, a short run of low- 
loss feed line and good antenna gain, an 
additional amplifier would probably not 
be needed. If losses and gains do not add 
up to the required ERP, a 30 to 40-W am- 
plifier may be needed. Some operators 
have 100-W amplifiers, but with the an- 
tennas available today, use of that much 
power is guaranteed to create an uplink 
signal that far exceeds the beacon level. 
This is considered by good operators to be 
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an antisocial action. Considerate operators 
with the 100-W amplifiers quickly reduce 
drive power to lower the ERP to accept- 
able levels. 

Most satellite operators use UHF multi- 
mode transceivers to generate Mode B 
uplink signals. The manufacturers listed 
in Table 23.10 make 70-cm multimode 
transceivers that are similar to the 2-m 
units as described earlier. Although most 
of these transceivers provide 10-W out- 
put, some can deliver 25 W or more. 

Earlier satellites in the AMSAT pro- 
grams created and fostered the need for 
good multimode 2-m transceivers, as they 
formed the nucleus of the satellite station. 
Current and future satellite programs will 
find the 70-cm transceiver as the focal 
point of the satellite station, emphasizing 
the trend to even higher frequencies. Note 
that the 70-cm transceiver is involved in 
all of the AO-13 operating Modes. 

For Mode L transmitting, there are sev- 
eral transmitting converters, transverters, 
amplifiers and even a multimode trans- 
ceiver available from the suppliers listed 
in Table 23.10. AO-13 Mode L operation 
can use the power levels offered by a tube- 
type amplifier, but useful results can be 
obtained using power levels that can be 
generated by transistors. 


Transmitting Accessories 


The tower-mounted equipment rack 
shown in Fig 23.45 contains the 70-cm 
and 24-cm power amplifiers. Tower 
mounting of a transmitter is probably 
unnecessary for 70-cm, but becomes 
much more important for higher fre- 
quencies. Feed-line losses at 70 cm are 
generally twice those of 2 m, while 
those at 24 cm are about twice those of 
70 cm, or four times those of 2 m. For an 
80-ft feed line, the losses at 24 cm can 
easily reach 6 dB for even the best co- 
axial cable. Consequently, a 100-W 
amplifier in the shack will only yield 
25 W at the antenna. A good alternative 
is to place the transmitting converter 
and a 20-W solid-state amplifier in the 
tower-mounted box near the antennas. 
The results are nearly the same, and you 
avoid the time and money needed to 
generate high power that will just be lost 
in the feed line anyway. 

A coaxial RF sampler is connected to 
the output of the 70-cm amplifier since 
it is good amateur practice to monitor 
the power at the antenna to be sure the 
transmitter is working properly. Coaxial 
relays are used for proper switching of 
the power amplifiers and 70-cm preamp 
for OSCAR Mode J and L operation as 
well as for terrestrial communications. 

One very important aspect of using 


GaAsFET preamps with transmitting 
equipment is getting everything to 
switch at the proper time. If transmit- 
ters, amplifiers and antenna relays are 
keyed simultaneously, it's likely that 
RF will be applied to the feed line be- 
fore the relays are fully connected to the 
antenna load. Such hot switching can 
easily arc the contacts on expensive 
coaxial relays. In addition, if the TR 
relay is not fully closed, RF may be 
applied to the preamplifier. Such bursts 
of RF energy are guaranteed to destroy 
the GaAsFET in the preamplifier. Many 
pieces of transmitting equipment (espe- 
cially multimode transceivers) emit a 
short burst of RF power when switched 
on or off, so there is the risk of transmit- 
ting into your preamp even if you are 
careful to pause before keying. 

Ideally, keying of a transmitter 
should follow a timing sequence that 
will ensure the safety of the equipment. 
When you switch into transmit from re- 
ceive, the coaxial relays change state to 
remove the preamplifier from the line. 
Next, the power amplifier is keyed on. 
The last thing that happens is that the 
transmitter RF is enabled. When switch- 
ing back to receive, the sequence is just 
the opposite. First, the transmitter RF is 
switched off, the power amplifier is dis- 
abled, and then the TR relays change 
state to place the preamp back in ser- 
vice. Solid-state sequencers to control 
station TR switching are shown in the 
Station Accessories chapter. 


Specialized Transceivers 


Separate transceivers or transmitting 
and receiving converters are no longer 
the only way to go. Modern equipment 
offerings by Kenwood, Yaesu and Ten- 
Tec, tailored for the satellite user, do it 
all in one package. 

The Kenwood TR-790A and Yaesu 
FT-726R and FT-736R units start out as 
2-m multimode transceivers. They are, 
however, expandable to work on other 
bands with the addition of optional mod- 
ules. The Mode-B satellite operator 
would most likely be interested in the 
TR-790A or FT-726R/FT-736R with the 
stock 144-MHz and 430-MHz modules. 
These same RF modules will also serve 
well for Mode J directly and Mode L 
using an outboard 23-cm transmitting 
converter. Both manufacturers also of- 
fer 23-cm transceive modules, for Mode 
L, for their multiband units. To tie it all 
together, these Kenwood and Yaesu 
transceivers also both offer satellite 
modules (stock or optional) that allow 
the amateur to transmit on one band for 
the uplink while receiving on another 


PREAMP 
AND RELAY 


COAXIAL CABLE TO STATION 


Fig 23.46 — Protection for tower- 
mounted equipment need not be р 
elaborate. Be sure to dress the cables 
as shown so that water drips off the 
cable jacket before it reaches the 
enclosure. | 


band for the downlink. This is full du- 
plex operation; the effect is the same as 
having two separate radios in one box. 


Tower-Mounted Equipment 
Shelters Е í 


A great many amateurs seem apprehen- 
sive about placing their’ valuable radio 
equipment outdoors. Such fears are un- 
founded if adequate care is taken to protect 
the equipment from the elements. The equip- 
ment shown in the photos has been outdoors 
for years without any adverse effects. 

Fig 23.46 shows the basic scheme for 
weatherproofing tower-mounted equip- 
ment. The fundamental concept is to pro- 
vide a cover to shelter equipment from 
rain. A deep drawn aluminum pan can 
make an excellent shelter. A.trip to the 
housewares section of the local depart- 
ment store will reveal a variety of plastic 
and aluminum trays and pans that can 
make suitable rain covers. Polyethylene 
plastic is not durable in the sunlight. Clear 
polystyrene refrigerator containers work 
better than those made of polyethylene, 
and aluminum is best of all. Choose a 
cover that is largé enough for your equip- 
ment; remember to leave room for con- 
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Fig 23.47 — Control circuitry for the mast-mounted 2-m preamplifier and 24-cm 


Model-L transmitter. K1-K3 are surplus coaxial relays. 


necting cables. 


_ The bottom of the rain cover is open to 
the elements. This is done on purpose and 


. will not cause any problems. Do not try to 


hermetically seal the enclosure. By leaving 


the bottom open, adequate ventilation will ` 


prevent accumulation of water condensa- 
tion. Just make sure that water cannot run 
into the enclosure by way of cables coming 
from above. Form the cables as shown in 
Fig 23.46 to provide drip loops. Adding a 
piece of window screen over the opening 


should be considered to avoid infestations ` 


of nesting insects, such as wasps, and the 
wire-hungry ravages of squirrels. 

The mast-mounted enclosure shown ear- 
lier is a welded aluminum box purchased 
from a surplus dealer. It was used because 
it was available and the price was right. You 
don’t really need a big box like this if you 


` just want to protect a preamp and relays. 


Station Control 


Fig 23.47 is a schematic diagram of 
the control circuitry for the 2-m side 
tower-mounted rack. Parts of this dia- 


gram will be helpful, even if only the 


preamp is mounted at the antenna. Note 
that this circuit is designed around the 


‘surplus coaxial relays that were avail-. 


able at the time. Your version will.prob- 
ably be different and will depend on the 
relays available to you. 

This circuitry performs several func- 
tions. For starters, it places the preamp in 
the line only during receiving periods and 


‘takes it out of the line during transmitting 
. periods as well as at those times when the 


station is not in use. This is needed if the 
satellite array is used for terrestrial trans- 
ceive operation as well. The switching ar- 
rangement shown also protects the preamp 
from stray electromagnetic pulses (EMP), 
such as lightning strokes, when the station 
is not'in use. EMP protection is desirable 
even if the antenna and preamp are used 
only for receiving satellite signals. 

Fig 23.47 is only a little more compli- 
cated than the average mast-mounted 
preamp setup because it also allows 2-m 
RF to drive a 24-cm Mode L transmitting 
converter. An extra relay (K3) is used to 
switch between 2-m and 24-cm operation. 
K1, an SPDT transfer relay, switches the 
antenna between the input of the preamp 
and a through line to K2. K2, another 
SPDT relay, switches the feed line, from 
the shack, between the preamp output and 
K1. The relays are connected so that they 
must be energized to place the preamp in 
line, thus ensuring that the preamp is dis- 
connected when not in use. 

Depending on the complexity of your 
satellite station, you might want to com- 
bine most of the switching and control 
circuitry into a single box so that it 
provides ready access to all controls. 
Fig 23.48 shows a Minibox cut to a low 
profile (beneath the multi-antenna rotator 
control unit) that contains all of the 
switches needed to control the station ac- 
cessories. Ithouses a TR sequencer circuit 
board as well. This box controls the fol- 
lowing functions: change antenna polar- 
ization from RHCP to LHCP on 2 m and 
70 cm; switch the 2-m and 70-cm pream- 
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Fig 23.48 — The satellite station at WD4FAB, with a home-brew antenna controller 
mounted above a low-profile station controller. On the right is a Yaesu FT-726R 
transceiver, with a power meter, clock and 23-cm transverter mounted on top. 


plifiers in and out of the circuit; and switch 
the power amplifier in or out of the line. 
The box also contains a high performance 
2-m receive converter, for use with the 
station HF transceiver, when the Mode B 
conditions get to be really difficult. As 
shown, home-built control unit boxes can 
be dressed up with the addition of a plot- 
ted or printed label on white paper. The 
label is bonded to the panel with the use of 
thin double-sided adhesive tape. A cover- 
ing of clear label tape protects the label 
from smudges and dirt. 


Station Equipment Summary 


Satellite communication, like any other 
facets of Amateur Radio, requires some 
specialized station equipment and acces- 
sories. Having the best equipment does not 
necessarily guarantee success. There are a 
number of “hints-and-kinks” type ideas 
that can make OSCAR operation far more 
satisfying. Some of the equipment items 
that have been discussed here provide ca- 
pabilities beyond the bare minimum 
needed for successful satellite operation. 
They may also be of value in VHF and 
UHF terrestrial work. Design your station 
to suit your own needs. Some operators 
may continually tinker with their station 
equipment, making frequent improve- 
ments, as part of their participation in the 
Amateur Radio hobby. 


SUPPORTING CONCEPTS AND 
THEORY 


Previous sections have described the 
satellites and communication modes avail- 
able as well as various types of equipment 
needed for successful satellite operations. 
As is often the case with other specialized 
communications systems, there are certain 
concepts and theory peculiar to satellite 
communication. The purpose of this sec- 
tion is to review some topics that range in 
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importance from “essential” to “interest- 
ing to know.” 

Orbital mechanics and tracking will be 
examined first. The material presented 
here will be more descriptive than math- 
ematical. For a complete treatment of this 
subject, the reader is directed to The 
Satellite Experimenter’s Handbook pub- 
lished by the ARRL. The need to use cir- 
cularly polarized antennas was mentioned 
in the discussion of equipping a station. 
This section includes a more complete dis- 
cussion of circular polarization along with 
а related phenomenon whose effects can 
be mitigated somewhat by using circularly 
polarized antennas — spin modulation. 
The sections on path loss and link budget 
will help explain why certain combina- 
tions of receiving and transmitting equip- 
ment and antennas were recommended. 


Tracking and Orbital Mechanics 


In order to complete a QSO via an 
Amateur Radio satellite, the ground sta- 
tion operators must be able to predict when 
the satellite will be visible at their respec- 
tive locations. Previous sections have rec- 
ommended a stepwise approach to the 
complexities of amateur satellite opera- 
tion. Expertise in the area of satellite track- 
ing can be gained in a similar manner. 

One method of tracking that is adequate 
for operations using omnidirectional 
antennas on LEO satellites uses the Oscar- 
locator, published by the ARRL as part of 
The Satellite Experimenter’s Handbook. 
The Oscarlocator is a graphical tracking 
aid that consists of a satellite ground track 
indicator and a set of range circles overlaid 
on a polar projection map of the world. 
Since the ground track is calibrated in min- 
utes, it is only necessary to position the 
track at the correct equator crossing loca- 
tion and note how many minutes later the 
satellite will cross inside the range circle. 


There are, of course, many computer pro- 
grams available for satellite tracking. These 
range in complexity from those that produce 
text output such as shown in Fig 23.40 to 
those that produce graphical output in real- 
time such as seen in Figs 23.15 and 16. It is 
also possible to obtain real-time tracking 
programs that will, in conjunction with the 
proper antenna controller, position your 
antennas automatically. 

All of these programs rely on what is 
called a reference Keplerian element set 
for their operation. The Keplerian element 
sets for Amateur Radio satellites are dis- 
tributed via on-the-air nets, terrestrial and 
packet radio networks and printed media. 

The reference element sets used by the 
program need to be updated periodically. 
This is necessary because a future posi- 
tion is being computed based on a known 
previous position specified by the element 
set. As the length of time between the ref- 
erence element set and the future predic- 
tion increases, the predictions are prone to 
inaccuracies due to perturbations of the 
orbit such as atmospheric drag. 

How often the reference elements 
should be updated is dependent on the sat- 
ellite. Reference elements for LEO satel- 
lites should probably be updated about 
once per month. Element sets for HEO 
satellites such as AO-10 and AO-13 need 
not be updated nearly as often. This is 
particularly true if the element set in use 
has been produced by averaging previous 
element sets over a long period of time. 
Other special cases such as the US Space 
Shuttle SAREX missions can require very 
frequent updates of the elements sets be- 
cause the orbit geometry can change sig- 
nificantly and frequently depending on the 
goals of the mission. Reference element 
sets are distributed by AMSAT every 
week by many media including HF and 
VHF packet radio networks, the packet 
radio satellites such as AO-16 and UO-22, 
as well as commercial information ser- 
vices such as CompuServe's HamNet. 

Satellite tracking software is now avail- 
able for a wide variety of computers from 
many different sources. However, if you 
purchase your tracking program from 
AMSAT-NA, you can be sure that your 
contribution will help finance the next 
Amateur Radio satellite project. No mat- 
ter where you purchase your program, you 
should be sure that it has the features you 
need and will run correctly on your com- 
puter system. 


Circular Polarization 


In the HF bands, polarization differ- 
ences between antennas are not really no- 
ticeable because of the nonlinearities of 
ionospheric reflections. On the VHF and 


Table 23.11 


Polarization and Gain of AO-10 and AO-13 Antennas 


High Gain Antennas 


Frequency Polarization Gain 
(MHz) (dBi) 
146 RHCP 9.0 
436 RHCP 9.5 
1269 RHCP 12.0 


Omni Antennas 


Polarization Gain 
(dBi) 
Linear 0.0 
Linear 2.1 
RHCP 0.0 


UHF bands, however, there is little iono- 
spheric reflection. Cross-polarized sta- 
tions (one using a vertical antenna, the 
other a horizontal antenna) often find con- 
siderable difficulty, with upwards of 
20-dB loss. Such linearly polarized anten- 
nas are “horizontal” or “vertical” in terms 
of the antenna's position relative to the 
surface of the Earth, a reference that loses 
its meaning in space. 

The need to use circularly polarized 
(CP) antennas for space communications 
is well established. If spacecraft antennas 
used linear polarization, ground stations 
would not be able to maintain polarization 
alignment with the spacecraft because of 
changing orientation. Ground stations us- 
ing CP antennas are not as sensitive to the 
polarization motions of the spacecraft an- 
tenna, and therefore will maintain a better 
communications link. 

All AO-10 and AO-13 gain antennas (for 
2 m, 70 cm, 24 cm and 13 cm) are config- 
ured for RHCP operation along their maxi- 
mum gain direction. See Table 23.11 and 
Fig 23.49. Since this direction is also the 
main antenna lobe along the spacecraft +Z 
axis, the best communications with AO-10 
and AO-13 will also be along that direction. 
Since the AO-10 and AO-13 radiations are 
RHCP, ground stations should also be 
RHCP for optimum communications. 

There are times, however, when LHCP 
provides a better satellite link. AO-13 is 
designed so that the main antenna lobe is 
oriented toward the center of the Earth 
when the satellite is at apogee. AO-10 is 
not under active orientation control due to 
a failure of the flight computer memory. 
Thus, the AO-10 main-lobe orientation is a 
matter of chance. However, AO-13 is only 
oriented toward the Earth center for up to a 
few hours either side of apogee. As the 
satellite moves away from apogee, the ori- 
entation changes and the RHCP main lobe 
is not centered on Earth. At other times, 
ground command stations have to orient the 
spacecraft to odd angles to maintain proper 
sunlight on the solar cells that are used for 
prime power. Again, at such times the sat- 
ellite antenna's main lobe is not pointed 
directly at Earth. During the periods when 
the main lobe is directed away from Earth, 
communications are still possible through 
the use of AO-13’s antenna side lobes. CP 


antenna patterns, however, exhibit side 
lobes that can be polarized in the opposite 
sense to the main lobe. At times when only 
LHCP side lobes are available, ground sta- 
tions must be able to switch to LHCP to 
maintain optimum communications. 
Independently switchable RHCP/LHCP 
antenna circularity is necessary, especially 
for 70 cm. It is not required for 24 cm op- 
eration on AO-13 as Mode L operations are 
only conducted on the main lobe. Switch- 
able RHCP/LHCP on 2 m is very conve- 
nient and useful for Mode B operations. 


Spin Modulation 


A characteristic of the AO-10 and 
AO-13 designs is that the 2-m and 70-cm 
high-gain array patterns have three side 
lobes located along the spin axis that are 
only about 3 dB weaker than the primary 
axial lobe. The effective radiation pattern 
intended for this antenna is shown in 
Fig 23.49. Lobes in the off-axis antenna 
patterns produce amplitude modulation of 
signal strength as the spacecraft spins about 
its axis. Off-axis operations of AO-10 and 
AO-13 are an established fact of life, creat- 
ing spin modulation frequencies of about 
0.5 Hz from a 10 r/min spin rate. 

Stations using CP antennas are much 
less prone to be affected by spin modula- 
tion than those using linearly polarized 
antennas. Good signals are maintainable 
even far off-axis from the main lobe, if the 
ground station is using switchable CP. 

In free space, a station located at a dis- 


Fig 23.49 — This diagram shows the far- 
field radiation pattern (undeformed) for 
the 2-m high-gain antenna on AO-10 and 
AO-13. (Adapted from The AMSAT-Phase 
Ш Satellite Operations Manual, prepared 
by AMSAT and Project OSCAR.) 


tance from an RF source will receive an 
average power flow from that source that 
is inversely proportional to the square of 
the distance. Doubling the range will re- 
duce the signal by 6 dB. Since Phase 3 
satellites have substantially elliptical 
orbits, the changes in path length (slant 
range) and path loss is correspondingly 
sizable. Fig 23.50 illustrates the changes 
in path length of AO-10/13 signals for all 
conditions from apogee to perigee and for 
direct overhead passes (subsatellite point 
location) to the far-limb viewing at AOS 
or LOS. 

Other physical processes introduce ad- 
ditional losses in signals traveling to and 
from AO-13 through the troposphere and 


Table 23.12 


Summary of One-Way Transmission Losses for Communications Paths 
Between Earth and Phase 3 Spacecraft at Apogee in an 11.7-Hour 
Elliptical Orbit, as Viewed Near AOS-LOS Range 


Attenuation (dB) 


Loss Mechanism 2m 70 cm 24 cm 
Path Loss 168.07 177.57 186.86 
Tropo/lonospheric Refraction 0.002 0.0003 0.0002 
Tropo Absorption 0.1 0.7 1.65 
lonospheric Absorption (by category) 
D Layer 0.12 0.013 0.002 
F-Layer 0.12 0.013 0.002 
Aurora 0.13 0.014 0.002 
Polar Cap Absorption ` 0.47 0.053 0.006 


(a rare D-layer event) 
Field-Aligned irregularities t t T 

tLittle data available; characterized by rapid amplitude and phase fluctuations. 

(Adapted from The AMSAT-Phase Ill Satellite Operations Manual prepared by AMSAT and 
Project OSCAR) 
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ionosphere. While many of these effects 
are frequency dependent, the additional 
path losses for AO-13 signals are small 
compared to the slant range path losses. 
Table 23.12 summarizes the path losses 
for each band used on AO-13. 


Link Budget 


Link budget computations can be de- 
ceiving to the unwary observer. The prob- 
lems arise from the application of wide- 
bandwidth spacecraft transponders to 
handle a wide variety of complex, time- 
averaged, narrow-bandwidth QSOs. The 
analysis presented in Table 23.13 employs 


5 6 7 
Time from Perigee (h) 


a somewhat lower signal-to-noise ratio 
than the source information. Actual on- 
the-air experience has shown these lower 
values to be workable. The computation is 
also performed on the basis of averaged 
RF power levels. The conversion to PEP is 
done at the end, assuming a 6-dB relation- 
ship between PEP and average. 


Fig 23.50 — Change of range loss of signal strength during the 11.7-hour elliptical 
orbit of AO-10. OSCAR 13 performance is very similar. (Adapted from The AMSAT- 
Phase III Satellite Operations Manual, prepared by AMSAT and Project OSCAR.) 


Table 23.13 


Link Budget Computations for Mode-B and Mode-L Transponders on 


OSCAR 10 and OSCAR 13 at Apogee and AOS-LOS Range 


Ground Station Uplink 


In the link computations, no allowances 
have been made for ground station trans- 
mission line attenuation. Information for 
attenuation of a variety of popular feed 


Symbol Parameter ModeB _ ModeL _ lines is shown in the Transmission Lines 
М Baie M ges ни VAM UR Md chapter. If you measure RF power near 
f at Receiver Noise Floor —1936. m | т : 
SNR Avg Signal-to-Noise Ratio 15.0 dB 15.0 dB e pnt nna ane p | bod поне 
Ps Signa! at Satellite -121.7 dBm -122.4 dBm ow-noise preamp, the link computations 
Gr Satellite Antenna Gain 9.0 dBi 12.0 dBi can be used as presented. The computa- 
Pa Signal at Sat Antenna -130.7 dBm -134.4 dBm tion is based on two possible worst-case 
PL Path Loss 177.57 dB 186.86 dB conditions: with the maximum slantrange 
Lit lono/Tropo Loss 0.73 dB 1.65 dB | AOS/LOS. and with th 
Lp,p Pointing/Polarization Loss 1.5 dB 1.5 dB values at >, апа with Ше space- 
Pritt Reqd Gnd Stn avg ERP 19.10 dBW 25.61 dBW craft at apogee. An important assumption 
or: 81.3 W 363.9 W is that the spacecraft antenna pattern is 
ang Stn PEP ERP dade de M SW on-axis to the communications path, a 
Gt Gnd Station Antenna Gain 16.0 dBi 19.0 dBi highly unusual spacecraft orientation con- 
Pt Gnd Stn PEP Power Output 9.1 dBW 13.6 dBW dition. Of course, an infinite number of 
or: 8.1W 18.2 W cases could be presented in such a tabular 
Р А assessment. 
Satellite Downlink А К 
Symbol Parameter Mode B Mode L Another highly variable parameter that 
(2-m downlink) (70-cm downlink) must be taken into account is pointing and 
Pt Satellite Max. PEP Output 16.99 dBW 16.99 dBW polarization loss. With the wide variety of 
Average Output 10.99 dBW 10.99 dBW AO-10 and AO-13 offset pointing situa- 
Lm Multi-user Load Share —15.0 dB -20.0 dB ions that en in typical operation, the 
Gs Satellite AGC Compression 0.0 dB 0.0 dB попа d eiim Ур a Т 
Gt Satellite Antenna Gain 9.0 dBi 9.5 dBi pointing and polarization tosses сап савгу 
Py Average User ERP Output 34.99 dBm 30.49 dBm achieve values of 10 dB or more. Never- 
PL Path Loss 168.07 dB 177.57 dB theless, the presentation of Table 23.12 is 
Lit lono/Tropo Loss 0.33 dB 0.73 dB 1 B i f 
L »,p Pointing/Polarization Loss 1.5 dB 1.5 dB Б ше ае ede Ros s W 
r Receiving Antenna Gain 12.0 dBi 16.0 dBi ose DOWEL levels ane: fece ved signa 
Ps Received Signal Level —122.91 dBi —133.31 dBm conditions seen in practice. 
Pn Noise in Rcv Bandwidth. -137.76 dBm —146.67 dBm Consistent AO-13 Mode L perfor- 
SNR Avg Signal-to-Noise Ratio 14.8 dB 13.4 dB mance, with the spacecraft near apogee, 


Link computations are based on the following parameters: 


11.7 hour elliptical orbit 

Eccentricity = 0.6 

Slant range = 41.395 km at AOS/LOS 
2.4 kHz SSB Signal 

6 dB peak (PEP) to average signal ratio 


Ground Station Receiving Noise Characteristics 


at 2 m: T = 505 K, NF = 4.4 dB 
at 70 cm: T = 65 K, NF = 0.9 dB 


(Adapted from The AMSAT Phase III Satellite Operations Manual, prepared by AMSAT and 


Project OSCAR) 
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can be attained with uplink power in the 
range of 3 to 5-kW EIRP, preferably cir- 
cularly polarized. Also required is a good 
receiving setup, with 70-cm downlink an- 
tenna gain about 18 dBic and a low-noise 
GaAsFET preamp at (or very near) the 
antenna. 


THE 4 x 3 x 5 MHz FILTER FOR MODE J 


If your 435-MHz receive system is sen- 
sitive enough to experience desense from 
your 2-m uplink, the filter shown in Fig 
23.51 should solve the problem. Most 
Mode J OSCAR users have experienced 
some difficulty getting satisfactory results 
on this mode. Being able to receive well is 
the secret. Adding this filter should nar- 
row the passband enough to allow rejec- 
tion of unwanted noise and birdies. Insert 
it before any preamp or converter in the 
antenna feed line. If the third-harmonic 
level is high, it may be necessary to use a 
similar filter built for the 144-MHz band 
after your uplink 144-MHz rig. 

Most plumbing-supply outlets can sup- 
ply you with the material for the ?/4- and 


Parts List 
Piece No. 
1 Pipe, copper 
3” diam, 5” long 
Pipe, copper 
3/4" diam, 4" long 
Disk, copper 
3A" diam 
1/16"-1/8" thick 
Disk, copper 
34" diam 
1/16"-1/8" thick 
Connector, coax 


3-inch copper pipe. The only other item of 
costis thetype of coax receptacle you want 
to use. Make it adaptable to your system, 
without sacrificing loss. The filter should 
cost less than $10. 

Be careful when you solder double- 
sided PC board. Direct the heat of your 
torch at the pipe and enough heat will 
transfer to the board to allow the solder to 
flow. It is not necessary to use PC board, 
as copper or brass that is thick enough to 
support the unit will do. If copper or brass 
is not available, a soup can you can solder 
to works well. The more stable the struc- 
ture, the better. 

The filter has a narrow passband, but 
with a good high-gain, low-noise system 
you should be able to peak up the noise 


Cut ends square. Drill or punch for 
connectors 334" from bottom. 


AgSn (plumbing alloy) solder to center of 10. 


Drill through center. Solder 
solid hook-up wire between disk 
and connector to space disk 3/16" from piece 2. 


Drill through center. Solder solid hook- 
up wire between disk and connector to 
space disk 3/16" from piece 2. 


BNC, SMA or N type. Solder to 


prevent turning. For large 
connector, use chassis punch. 


Same as 5 


Nut, brass 
74"-20 hex 

Nut, brass 
V4"-20 hex 


PC board, double- 
sided. Top 4" x 4". 


Drill hole in center to clear 
7-20 bolt. Solder 7 and 8 each 


side of hole. (Use bolt 11 to 
hold nuts in place when 
soldering.) 


PC board, doubie- 
sided. Bottom 4" x 4". 


Bolt, brass 
%-20 x 3" 
Locking nut, 
brass, 14-20 hex 


Solder 2 in center. 


Insert through 12, then through 
7 and 8 


To hold piece 11 after resonance 
adjustment. 


Fig 23.51—Parts list for the 4 x 3 x 5 MHz filter. 
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with no signal. A low-power 145.050- 
MHzsignal into a dummy load should give 
you a test signal to peak the filter. 

The insertion loss measured in the 
ARRL Lab was around 0.4 to 0.5 dB. If 
you want to improve this figure, use silver 
braze and silver plating. This filter was 
fashioned after a design by Joe Reisert, 
WIJR, and was built by Jay Rusgrove, 
WIVD. 

A similar filter is available as a kit from 
the Microwave Filter Co, Inc (see the Ref- 
erences chapter). MFC developed their 
model 9397 filter specially as a kit for 
amateur Mode-J satellite operators. Dick 
Jansson, WDAFAB, describes the kit fully 
in September 1992 QEX. 


FROM BOTTOM 


\ 
* 
\ kc ORILL OR PUNCH TO FIT 
\ COAX CONNECTOR 3-3/4" 


S y 
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PARABOLIC REFLECTOR AND HELICAL ANTENNAS FOR AO-13 MODE S 


The Mode S transponder on AO-13 has 
become very popular for a variety of rea- 
sons. Among the reasons are: good perfor- 
mance can be realized with a physically 
small downlink antenna and good quality 
downconverters and preamps are available 
at reasonable prices. Increased operation 
on Mode S has long been advocated by a 
number of people including Bill McCaa, 
K@RZ, who led the team that designed and 
built the Mode S transponder!4 and James 
Miller, G3RUH, who operates one of the 
AO-13 command stations.!5 Ed Krome, 
KA9LNV, and James Miller have pub- 
lished many articles detailing the construc- 
tion of preamps, downconverters, and 
antennas for Mode S.16-19.20-22 The fol- 
lowing is a condensation of several articles 
written by G3RUH describing two types 
of antennas that can be easily built and 
used for reception of the AO-13 Mode S 
downlink. 


Parabolic Reflector 


There are three parts to the dish antenna 
— the parabolic reflector, the boom, and 
the feed. There are as many ways to ac- 
complish the construction as there are con- 
structors. It is not necessary to slavishly 
replicate every nuance of the design. The 
only critical dimensions occur in the feed 
system. When the construction is com- 
plete, you will have a 60-cm diameter 


Adaptor 
Plate 


Parabolic 
Reflector 


S-band dish antenna with a gain of about 
20 dBi with RHCP and a 3 dB beamwidth 
of 18°. Coupled with the proper down- 
converter, performance will be more than 
adequate for AO-13 Mode S. 

The parabolic reflector used for the 
original antenna was intended to be a 
lampshade. Several of these aluminum re- 
flectors were located in department store 
surplus. The dish is 585 mm in diameter 
and 110 mm deep corresponding to an f/d 
ratio of 585/110/16 = 0.33 and a focal 
length of 0.33x585 = 194 mm. The f/d of 
0.33 is a bit too concave for a simple feed 
to give optimal performance but the price 
was right, and the under-illumination 
keeps ground noise pickup to a minimum. 
The reflector already had a 40-mm hole in 
the center with three 4-mm holes around it 
in a l-inch radius circle. 

The boom passes through the center of 
the reflector and is made from 12.5 mm 
square aluminum tube. The boom must be 
long enough to provide for mounting to 
the rotator boom on the back side of the 
dish. The part of the boom extending 
through to the front of the dish must be 
long enough to mount the feed at the fo- 
cus. If you choose to mount the 
downconverter or a preamp near the feed, 
some additional length will be necessary. 
Carefully check the requirements for your 
particular equipment. 


Reflector 


Fig 23.52 — Detail of 60-cm Mode-S dish and feed. 
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A 3 mm thick piece of aluminum, 
65 mm in diameter is used to support the 
boom at the center of the reflector. Once 
the center mounting plate is installed, the 
center boom is attached using four small 
angle brackets — two on each side of the 
reflector. See Fig 23.52 for details of re- 
flector and boom assembly. 

A small helix is used for the S-band an- 
tenna feed. The reflector for the helix is 
made from a 125 mm square piece of 
1.6 mm thick aluminum. The center of the 
reflector has a 13-mm hole to accommo- 
date the square center boom described 
above. The type N connector is mounted 
to the reflector about 21.25 mm from the 
middle. This distance from the middle is, 
of course, the radius of a helical antenna 
for S band. Mount the N connector with 
spacers so that the back of the connector is 
flush with the reflector surface. The helix 
feed assembly is shown in Fig 23.53. 

Copper wire about 3.3 mm in diameter 
is used to wind the helix. Wind four turns 
around a 40-mm diameter form. The turns 
are wound counterclockwise. This is be- 
cause the polarization sense is reversed 
from RHCP when reflected from the dish 
surface. The wire helix will spring out 
slightly when winding is complete. 

Once the helix is wound, carefully 
stretch it so that the turns are spaced 
28 mm (+1 mm). Make sure the finished 
spacing of the turns is nice and even. Cut 
off the first half turn. Carefully bend the 
first quarter turn about 10? so it will be 
parallel to the reflector surface once the 
helix is attached to the N connector. This 


Spacing = 1.2 


Width 6.0 
Thickness 0.2 


Spacing = 3.0 


Reflector 125 x 125 


All dimensions are in mm. 


Fig 23.53 — Helix side of 60-cm Mode-S 
dish feed. The N-type connector is 
fixed with three screws, and is 
mounted on a 1.6-mm spacer to bring 
the PTFE molding flush with the 
reflector. Dimensions are in mm; 1 in. = 
25.4 mm. 


` quarter turn will tomi part of the matching 


section. 
Cut a strip of brass 0. 2 mm thick and 
6 mm wide matching the curvature of the 


' first quarter turn of the helix by using а 


- its brass 
1.2 mm above the reflector at its start (at the ` 


paper pattern. Be careful to get this pattern 


and subsequent brass cutting done exactly ' 


right. Using a large soldering iron and 


the brass strip to the first '/s turn of the 
helix. Unless. you are experienced at this 
type of soldering, getting the strip attached 
just right will require some practice. If it 
doesn’t turn out right, just dismantle, wipe 
clean and try again.. ^ 


Aftertack soldering the end of the helix to 


the type N connector, the first '/ turn, with 
strip, in place, should be 


Fig 23.54 — 16-turn helix antenna for AO-13 Mode S. ` | 


N connector) and 3.0 mm at its end. Be sure. 


to line up the helix so its axis is perpendicu- 


Лаг to the reflector. Cut off any extra turns to 


make the finished helix һауё 2'/s turns total. 


‚ à cable with connector. Angle brackets 


Once you are satisfied, apply a generous. 
amount of solder at the point the helix at- ' 


taches to the N connector. Remember this is 


all that supports the helix. 
working. оп a heat-proof surface, solder `` 


Once the feed assembly is а, 


pass the boom through the middle hole апа: 


complete the mounting by any suitable 
method. The middle of the helix should be 


figures shown here, the feed is connected 


. directly to the downconverter and then the 


downconverter is attached to the boom. 


You may require a slightly different con- 


figuration depending. оп whether you аге 


attaching a downconverter, preamip, or just 


This project, designed by Zack Lau, 


KH6CP/1, in the ARRL Lab, was first pub- 


dished in July 1994 QEX, pp 25-30. Its goal 


is a simple yet high-performance 13-cm 


receive converter optimized for 2401-MHz : 


OSCAR Mode-S reception. The design 


takes advantage of recent advances. in.. 


PHEMT technology to simplify the cir- 
cuitry while also improving performance. 
See Fig 23.55. A template package is avail- 
able.23 The finished unit checks out with a 


0.33-dB NF and 31 dB of conversion gain, - 


. according to the ARRL Lab's HP 346A/ 


8970 noise-figure meter. This low noise 


- figure, combined with а 15-turn helix an- 
.'tenna, achieves a gain-to-noise-tempera- .° 


ture ratio of around.1. The converter also is 
small enough to be mounted at the focus of 
a dish with minimal blockage. 

The biggest design simplification 
comes from the use of Hewlett-Packard 
PHEMT .GaAs MGA-86576 MMICs, 


which are almost ideal in this application. -` 


. MODE-S RECEIVE CONVERTER 
The. MGA-86576-has a relatively low 


noise figure of 1.5 dB, just the right output 
power of +7 dBm, a low current.draw of 
16 mA, and a gain of 23 dB that peaks in- 


band. The major disadvantage of the de- . 


vice is that it requires very. good ground- 
ing for stability. Hewlett-Packard 
suggests four plated-through holes under 


.each lead. Since this design is for ama- 
_ teurs to duplicate, rather than for commer- 
cial manufacturers, very thin circuit board, > 


„at the geometric focus of the dish. In the - 


15-mil 5880 Rogers Duroid, was used. Mi-: 


crowave Components -of Michigan has - 


been selling this material for many years. 
Excellent stability can be obtained with 
this thin board. by bending the leads 
Sharply and running them through the 


board. Unlike those of some surface- 
‚ mount devices, the leads of these MMICs 
. are long enough to go through and bend 


back against the board for a i good mechani- 
cal attachment. 
An чо {0 РНЕМТ MMICs is 
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^ 


may be used to secure the feed to the boom 
in a manner similar to the boom-to-reflec- 
tor mounting. Be sure to use some method 


. of waterproofing if needed for your 


preamp and/or downconverter. 


16-Turn Helix 


' The 16-turn helix described in this sec- 
tion was designed to be as physically small 


: as possible and still allow reception of AO- 


13 Mode $ downlink signals.2! The results · 


of tests using the antenna while AO-13 
was at apogee of 43,000 Km can be found 


in Reference 22. When coupled with an 


“adequate preamp/downconverter system, 


the 15.5 dBic gain of the 16-turn helix is 
adequate for CW operation, and under 


‘good conditions, may be adequate for SSB 


operation as well. 

The 16-turn helix is shown іп Fig 23.54. 
The helix and reflector plate are con- 
structed as described for the parabolic dish 
above, except that the helix is wound right 
handed (clockwise). The matching section 
spacing from the reflector is 2 mm at the 
start and 8 mm at the end. The helix is 
supported at every fifth.turn, starting with 
turn 3/4, using PTFE (Teflon) spacers 
screwed to the boom.‘ | ` 

For additional information, on con- 
structing antennas for use àt microwave 
frequencies, see The ARRL UHF/Micro- : 
wave Experimenter's Manual.’ ` 


ўа 


their significant power efficiency. The 564 
to 2256-MHz multiplier draws only 


_ 23 mA, even when an inefficient LM317L 


linear regulator is used. See Table 23.14. 
The mixer is a Mini-Circuits SYM-11,a 
surface mount device with a reasonable 
RF port impedance. Its 50-Q input SWRis " 
roughly. 2:1. f 
Since the two MMICs and PHEMT draw 
only about 50 mA, the local oscillator 


| Table 23.14 


Measured Performance of the. 
564 to 2256-MHz Multiplier 


Input (dBm) Output (авт) 
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RF Amplifier 


board was redesigned. See Fig 23.56. Size | 


and current consumption were both cut in 
half. A major part of the size reduction 
was obtained by using smaller filters. This 
was done by capacitively loading the hair- 
pin loops of the filter with 4.7-pF chip 


- capacitors. This adds an interesting vari- - 


cable to no-tune designs. A disadvantage is 
that capacitor tolerances can skew the cen- 
ter frequency of the filter, perhaps unac- 

‚ ceptably. On the other hand, it also can 
compensate for variations in board mate- 
rial. Thus, a bad batch of boards might well 
be salvaged merely by changing the value 
of the chip capacitors. This circuit might 
also be used for a 561.6 or 568-MHz LO. 
Multiply the former frequency by 10 fora 
5616-MHz, 6-cm LO and the latter by 18 
for a 10,224-MHz, 3-cm LO. 


A major variable in dealing with G-10 


‚ or FR-4 glass-epoxy board is the board 
thickness. Variations can be as large as 
]4926—significant in determining the reso- 


_ nant frequency of a microstrip filter.. 
Rogers advertises an available thickness . ' 


tolerance of 1.5%. 

The local oscillator is the circuit used in 
the no-tune trarisverters.^ 
not recommended if you wish to set the 
oscillator to a precise frequency, however: 


Like many overtone circuits, this опе тау. 
be difficult to get running properly, since. 
there are at least three things that can go. 
wrong. The most insidious is a parallel 


resonance in ‘the tank bypass circuit at 


around 100 MHz. This may prevent the. 


circuit from oscillating properly. This 


problem can be prevented by changing the 


. value of the bypass capacitors or by chang- 


ing the spacing between them so the stray: 


inductance changes. The next possibility 


is that the tank circuit may not resonate at . 


the desired frequency. The easiest solu- 
tion is to install a 47-Q resistor in place of 
the crystal and resonating inductor to see 


Fig 23.55—Schematic of the S-band converter. 
C1, C2—100-pF ATC 100A chip 


capacitors (substitution not 
recommended). 


This circuit is : 


D2—Hewlett-Packard 5082-2835 


what the tuning range of the tank circuit is. 
Be sure to verify that the oscillator is op- 
erating at 94 MHz. It is entirely possible 
that the output is near 564. MHz but the 
oscillator is operating at some other fre- 
quency, such as 80.6 MHz. Finally, the 
parallel resonating inductor must resonate 
near the desired overtone. Since the shunt 
capacitance across the crystal seems 'to 
vary, the inductance value also must vary. 
This shunt capacitance can be measured 


. with a 1-kHz capacitance meter that reads 


a few piccfarads accurately. 

With a temperature compensating ca- 
pacitor for C5, a home-built 561-MHz lo- 
cal oscillator drifted 368 Hz over a tem- 


perature variation of 41? (0 to 41°C). . 


Unfortunately, temperature compensating 
capacitors of specific values are not 
readily available in small quantities, al- 
though they can be found in “bargain as- 
sortments" at Radio Shack. 


CONSTRUCTION 


in the board for ground foils and transistor 
source leads. These are marked with thin 


pads. Use a no. 10 X-acto knife with a 
sharp.blade. The slot should just touch thé ~ 
outside of the pad, so the transistor will 


cover the copper pads. In addition to the 


four.slots for the transistors, there are : 
' seven slots to ground pads with thin cop- 


perfoil (roughly 1 mil thick). Next, cutthe 


“U” for the RF preamplifier. This allows a. 


piece of unetched circuit board to be sol- 
dered in place for the ground plane. Fi- 


nally, three holes are needed for the IF and 
dc power connections. Coax can be run - 


between the IF connection and a panel- 


“mount connector. Copper can be cleared 


away from the holes with a hand-held drill 
bit. This takes a bit of practice with such 
thin board material. 


A disadvantage of-15-mil board is poor E 


Schottky diode (or another 
Schottky switching diode). 


After etching the Teflon board, cut slots - 


W1—#32 silver-plated ‘wire taken from 


mechanical rigidity. Thus, the board 
should be mounted in a brass frame. 


.0.025x1-inch brass strip can be used. At- 


tach the connectors to the brass strips with 
Screws, then solder the strips to the circuit 
board. The strips without connectors are 
then soldered to the circuit board. An ex- 
tra brass strip was added at the center of 
the enclosure. near the mixer for extra’ 


stiffness. 


The preamplifier construction is almost. 
identical to the design published in Nov: 
1993 QEX 25 Instead of an SMA connec- 


- tor, however, a nonstandard N connector 


was used—one with a panel-mount flange 
similar in size to a BNC connector. 

R2 is set so the voltage across R1 is 
0.10 V, making the bias current of Q1 10 
mA. W1 and W2 may have to be tweaked 
for best noise figure. It is easy to damage 
Q1 via electrostatic discharge while doing 
this, so take proper precautions. 


. OPERATING HINTS 


Ifthis converter will be used with a typi- 
cal transceiver, the mixer must be pro- 
tected from the transmitter. When turned 


‘off, many modern transceivers transmit ^ 


momentarily. Installation of a postampli- 
fier and attenuator is recommended if you 
wish to connect this converter to the an- 
tenna port of a transceiver. This unit was 
really meant to be hooked up at the an- — 
tenna, much like a mast-mounted pream- 
plifier. There is little benefit to using an 
expensive GaAs FET preamplifier if it is 
fed with many feet of lossy coax. How- 
éver, you can separate the preamp/MMIC 
amplifier and the rest of the converter, 
mounting the RF amplifiers at the antenna 
and having the converter in the station. 
Doing the calculations to determine the 
noise figure of the new system is recom- 
mendéd. 


20-gauge Teflon stranded wire 
(8-mil diameter). This is a loop 


C3, C9, C10—1000-pF chip capacitors. L3, L4—4 turns #28 enameled wire, whose ends are 200 mils apart 


C4, C7, C8—8.2-pF, 50-mil chip 1he-inch ID. | а using 250 mils of wire (plus more 
capacitors." RD1—22-Q, 1/:-М chip resistor, 50x80 for the connections). One end is 
C5—0.1-yF or larger capacitor. mils. 55 mils above ground; the other 


АЗ, R6, R7—51-Q, '/-W chip resistor. 
U1, U4A—LM317L adjustable voltage 


end is grounded. 


C6—100-pF feedthrough capacitor (any $c 
W2—#32 silver-plated wire. This loop is 


value from 10 pF to 0.1 uF should · 


work fine). : regulator. between the center pin of the 
C11—4.7-pF chip capacitor. ` U2, U5—Hewltett-Packard MGA 86576 coax and the transistor gate. The 
C12—10-pF chip capacitor. f PHEMT MMIC. ў ‚ gate lead is 20 mils long. Not 


D1—1N4001 rectifier diode. U3—Mini-Circuits SYM-11 mixer. counting connections, the length 
Г -is 310 mils. The ends of the loop 


are 182 mils apart. 
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94—MHz Oscillator 


Fig 23.56—Schematic of the 564-MHz local oscillator. 


C3—2 to 10-pF trimmer capacitor. 

C4—15-pF NPO capacitor. 

C5—47-pF N1500 capacitor. A 
commonly available NPO could be 
used, but the temperature 
compensation improves stability. 
(See text.) 

С8—0.33-нЕ or larger capacitor to 
prevent U2 from oscillating. 

C9—1000-pF feedthrough capacitor. 
Any value from 100 pF to 0.1 uF 
should work well. 

J1—SMA panel jack. At 564 MHz 
connectors are optional. 


L1—7 turns #28 enameled wire, 
0.1-inch diameter, closewound. 

8 turns may work if C3 tunes low 
enough. 

L2—14 turns #26 enameled wire on a 
T-25-10 core. As many as 17 turns 
may be needed on a T-25-6 core, 
though 10 turns are usually 
specified. It depends on the crystal's 
shunt capacitance. 

R7—270-Q resistor. Replace with a 
470-0 resistor to run the MMIC from 
+12 V (no 8-V regulator). 

R8—82-O resistor. Replace with a 
220-Q, ‘/2-W resistor to run the MMIC 
from +12 V. 


A SIMPLE JUNKBOX SATELLITE RECEIVER 


This project, by John Reed, W6IOJ, 
appeared first in April 1994 QEX. Single- 
conversion receivers—including direct- 
conversion designs—have received a 
good deal of attention, primarily because 
of the article by Rick Campbell, KK7B, in 
August 1992 QST. The receiver described 
here has been configured for monitoring 
the 70-cm polar-orbiting PACSATs, and 
has demonstrated very good performance 
in spite of the limitations of single-con- 
version designs. In addition, it has retained 
the simplicity, compactness and versatil- 
ity of single conversion. The receiver can 
operate in any part of the 70-cm band. The 
output is an IF signal having a 250-Hz to 
2-MHz passband. 

Fig 23.57 is a block diagram of the re- 
ceiver. This diagram shows one particular 
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PACSAT configuration—the receiver is 
being used with a 50-kHz IF filter/ampli- 
fier/FM discriminator, a 9600-baud mo- 
dem and a TNC/computer. 


GENERAL DESCRIPTION 


The receiver's 3x5!/4x5?/s-inch metal 
cabinet contains two 4°/4x5-inch circuit 
boards. One is the UHF circuit board that 
has a 70-cm input filter, low-noise 
monolithic preamplifier, double-balanced 
mixer and IF preamplifier. See Fig 23.58. 
There is also an LO driver consisting of a 
tripler/filter arrangement operating from 
a 145-MHz, 6-mW source. The VFO cir- 
cuit board has a 24- MHz varactor-tuned 
VFO and a 145-MHz frequency multiplier 
followed by a two-stage monolithic am- 
plifier. This amplifier output is the LO 


12.56 V 


4.7 


HIP 


568-MHz BPF 


RFC1—8 turns £26 enameled wire, 
0.10-inch ID, closewound. 

U1—78L05 5-V regulator. 

U2—78M08 8-V regulator. 

U3—MAR-6, MSA-0685 MMIC. 

U4—MAR-3, MSA-0385 MMIC. 

W1—Wire jumper. 

Y1—94-MHz crystal. International 
Crystal Manufacturing part number 
473390. For better temperature 
stability, mount the crystal on the 
ground-plane side of the board and 
cover it with antistatic foam. 


driver input. The VFO circuit board in- 
cludes a 10-V regulator operating from a 
12 to 20-V external source. 

On the front panel there is a 12-position 
band selector switch covering 3.6 MHz of 
the 70-cm band in 300-kHz steps. Fine 
tuning within these steps is accomplished 
with a potentiometer covering a 500-kHz 
spread. The selector range can be placed 
in any part of the 70-cm band by trimmer 
adjustments located on the circuit boards. 
The back panel contains a BNC connector 
for the 70-cm input and jacks for the re- 
ceiver output and the AFC input. 


LIMITATIONS 


Single-conversion receivers lack dis- 
crimination of the unused sideband. For 
example, ina PACSAT application witha 
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Fig 23.57—Block diagram of the 
receiver. The dashed-line section 

VFO Circuit Board indicates a particular 
configuration for monitoring 
9600-baud PACSATs. 
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Fig 23.58—Schematic of the UHF circuit board. See Fig 23.59 for detail of the UHF filters. All capacitors are 50-V disc 
ceramics unless otherwise noted. All RFCs are 20 turns of #26 wire having an ID of '/:s inch. C8 and C9 are 10-pF FILMTRIMS 
(Sprague-Goodman part #GYA10000). L6 is 7 turns of #18 wire, '/4-inch ID, ?/s inch long with a 1-turn link coupling coil 


connected to the VFO amplifier output coupling cable. 
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Fig 23.59—Detail of the UHF filter. 
The filter is easily assembled 
using the wood soldering jig to 
hold the striplines at the proper 
spacing while soldering. Use a 
Ys-inch drill placed between the 
striplines and PC board to ensure 
proper height above the mounting 
surface while assembling. The Jig 
slots are made with a hacksaw, 
which makes the desired 0.032- 
inch slot width. The devices 
marked C are 1.6 to 6-pF 
FILMTRIMs, a Sprague-Goodman 
plastic-dielectric capacitor (part 
$GYASROOO). Surplus 2.4 їо 9-pF 
ceramic trimmers also worked 
well. 

The local oscillator filter is the 
same except the input stripline 
is 1.5 inches long rather than 
3 inches long, and the related 
capacitor, C9, is increased to 
10 pF (#GYA10000). 


` 


50-kHz IF there will be an image fre- 


quency 100 kHz from the received signal.. 
In actual operation, there has been no in- . 


terference from a signal at this image fre- 
quency while monitoring PACSATSs. In 
the rare case where there may be interfer- 
ence, you can tune to the opposite side- 
band, placing the image at a different fre- 
quency. ; 

Probably of more importance is that 
unattenuated noise at the image frequency 


. causes a 3-dB S/N degradation. Although 


this is clearly not optimal, typical signal 
variations of polar-orbiting satellites are 
so large that this loss does not represent a 
major compromise. A’ second possible 
limitation is 1/f noise originating from the 
diode mixer. But practically all I/f noise is 
below 10 kHz. Therefore, PACSAT appli- 
cation, with its 50-kHz IF, is not affected. 
Even in applications requiring the use of 
lower frequencies, the receiver’s RF am- 
‘plifier will largely override the 1/f noise. 
The IF preamplifier has been left 


‘wideband simply as à versatility feature. 


Although the dynamic ranges of both the 


mixer and IF preamplifier start to roll over ` 


at about the same input levels, a filter, be- 
tween the mixer and preamplifier will help 
avoid possible overloading effects of un- 
wanted signals that pass through the input 
filter but are outside the useful passband. 
For example, a 50-kHz filter (20-kHz 
bandwidth) will improve the performance 


of the PACSAT configuration during 


some interference conditions. 
Frequency stability is a major consider- 


ation of simple 70-cm local-oscillator de- . 


sign. One influencing factor in this case is 
that polar-orbiting satellites have total 
Doppler shifts of up to 20 KHz. This alone 
requires automatic frequency control— 


unless you are willing to keep one hand on ' 
the tuner! Of course, if AFC can compen- 


sate for Doppler, it can also compensate 
for some drift in the local oscillator. 


CIRCUIT BOARDS 


The circuit boards are assembled using 
a glue-down stripline technique that holds 
the components and acts as conducting RF 
links. Using this method, the printed-cir- 
cuit board foil remains a solid ground- 
plane, making it appropriate to use a 


single-sided board. A second feature is. 


that the glued-down pads can be easily 
removed to accommodate layout changes. 
The component striplines are about 
' Ms-inch wide, and the lengths are deter- 
mined by how many connections are de- 
sirable in a single line. The connecting 
pads are separated by foil notches made 
with a hacksaw, about 7/1s-inch apart or 
longer, depending upon rayon conve- 
nience. 
^ 


The 50-Q RF conducting lines are made 
3/39-inch wide, assuming the use of stan- 


dard glass-epoxy 0.059-inch material. The 
width is different from conventional 
` etched striplines due to the raised glue- - 


down stripline edge effect. In this particu- 
lar application, the critical RF lines are so 
short that the type of PC board material is 
of little consequence.. Elmer’s Clear 
Household Cement can be used for fasten- 
ing the striplines. The cement sets up 
enough to use the pad in a few minutes. 


Removal of a pad becomes difficult after. · 


setting-up for severàl weeks or more. 


-UHF CIRCUIT BOARD - 


The possibility of overloading of the 
preamplifier by off-frequency interfer- 
ence is minimized by first passing tlie 
input signals through a three-séction 


stripline filter. It has an insertion loss of. 
0.7 dB. Asshown in Fig 23.59, the filteris : 


easy to build from readily available mate- 
rials. Although the diagram specifies à 
Sprague capacitor, which is available from 
many sources (Digi-Key, for example), 


there are inexpensive surplus miniature . 
ceramic trimmers that will work fine as 
, longasthe minimum o: is 2.5 pF 


or less. 
The MAR-6 аара MMIC has a 
typical gain of 18 dB with a noise figure of 


3.0 dB. The critical operating characteris- 
tic is the 3.5-V bias voltage (measured at - 
.the MMIC output terminal). A 10-V Уу, 


together with 430-D series resistors, sets 
the proper bias to allow the MMIC to op- 
erate near its nominal 16-mA current 


- specification. Although chip coupling ca- 
pacitors are recommended, standard disc ' 
ceramics offer little performance compro- · 
' mise. People with poor eyesight will find. 


disc ceramics much easier to use. Two ca- 
pacitors in parallel reduce possible com- 
promising inductance. The two MMIC 
ground leads are raised above the board 
surface using strips of '/1s-inch thick brass 


` to make them level with the input and 


output leads, which соппесї to the glue- 
down striplines. 

‚ The SBL 1 mixer is mounted in the còn- 
ventional manner. Use of a drill to slightly 
ream each of the eight pin holes to avoid 
pin contact with the foil allows proper 


‘connection to the glue-down striplines. 


Grounded pins are soldered to the PC 


board with a small piece of soldering braid: 
- over the pin. This permits a relatively easy 
desoldering procedure if for some reason : 


it becomes necessary to remove the mixer. 


-The LO level into the mixer is monitored ` 


by a diode peak-reading detector. The 
nominal level is 5 mW, or about 0.8 V at 
ТРЗ. 

_ The LO driver filter i is like the ipt fil- 
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ter except the input stripline is made 


‘shorter and used with a larger value ca- | - 


pacitor. This optimizes loading of Q4, the 
MRF 901 tripler. The LO driver has a 


maximum output of 20 mW. The output is 


reduced to the desired level by the drive 
control, R1, located on the VFO circuit 
board. : 

The IF preamplifier is similar to the 
one described in Campbell's QST ar- 
ticle. The grounded-base stage, Q5, pro- 
vides a 50-Q load to the mixer and ap- 
proximately 40 dB of gain. It is followed 
by an emitter follower to supply a low 
output impedance. f 


VFO CIRCUIT BOARD 

See Fig 23.60. The VFO; Q1, is a 24- 
MHz JFET Colpitts oscillator. It is tuned 
by a 12-V Zener diode connected to oper- 
ate like a varactor. It produces approxi- 
mately a 10-pF capacitance change that 
provides the desired 436-MHz LO shift of 


4 MHz (222-kHz shift at the VFO). The 


output is taken from the FET drain with a 
48-MHz tuned circuit. This doubles the 
frequency while providing reasonable iso-- 
lation from the VFO. — 

Fig 23.61 shows the results of tests 
made of various VFO components. Fig 


‚23.61 also describes two acceptable com- 


ponent combinations. The dominant tem- 
perature-sensitive components are the in- 
ductor (11) and the tuned circuit 
capacitors (C2, 3, 4). The band-set trim- 
mers (both the capacitors and the variable 
ferrite), and the varactor are less sensitive. 
The two recommended combinations have . 
an initial turn-on frequency shift of about 
10 kHz during the first 15 minutes of op- 
eration. After that the shift is less than 
10 kHz. An uncompensated configuration 
using all mica capacitors together with a 
Plexiglas coil form has a frequency shift 
of about 15 kHz per degree change of 
ambient temperature. 

A resistive divider network, shown in 
Fig 23.62, provides the varactor tuning 


k voltage and an input for the AFC or scan- 


ner function. A 12-position switch selects 
voltage divider resistors having values 
that compensate for the  varactor 
nonlinearity, resulting in a 300-kHz fre- 
quency shift for each position. The volt- 
age for the varactor will vary from 3.7. to 
6.6 V or 3.4:to 6.0 V depending on the 


` position of the fine-tuning potentiometer. ` 


The AFC/scanner input is nominally 
biased to 5 V. The frequency can be shifted 
up to 200 kHz either plus or minus by 


"forcing the bias to 0 or 10 V. The bias 


resistance is 5 КО; 

Two 10-turn potentiometers, one for 
bandset and the other for fine tuning, are 
an alternative method. Frequency calibra- 
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Fig 23.60—Schematic of the VFO circuit board. 


C1—40-pF FILMTRIM (Sprague- L4—5 turns #18 wire, '/4-inch ID, 
Goodman #GYC40000). She-inch long with a 1-turn link 
C2—100-pF silver mica. coupling coil made from #22 hookup 
C3—100-pF polypropylene (Panasonic wire. The twisted pair is about 1 inch 
#ECQ-P1H101JZ). long. 
C4—330-pF silver mica. L5—7 turns #18 wire, 1/4 inch ID, ?/s inch 
D1—1N4742, 12-V Zener diode (used as long with a 1-turn link coupling coil 
a varactor). made from #22 hookup wire. The 
L2—10 turns #26 wire wound on a twisted pair is about 1.5 inches long. 
'/-inch diam form (wood dowel). RFC—20 turns #26 wire, '/:« inch ID. 
L3—-10 turns #26 wire wound on a Output coupling to the tripler—about 
Yaeinch diam form with a 2-turn link 1 ft of miniature microphone cable 
coupling coil made from #30 wire- (RS 278-510). 
wrapping wire. The twisted pair is A—'/s inch diam Plexiglas rod. 


about 2 inches long. 


Air 
Fitmtrim 


Ferrite Core 


Temp Coefficient 


Polypropylene 


C2 and C4 C1 Bondset 
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VFO L1 Coil Detail 


ig ere 
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B—7 turns coil #26 gauge wire. 

C—4 turns coil #26 gauge wire. 

D—0.010-inch diam carpet thread 
wound with the coil for uniform turn 
spacing. 

Е—3'/6 inch diam holes to hold the 
coil. 

F—#4-40 coil mounting stud. It is 
cemented or threaded into the 
Plexiglas form. 

G—Place several lines of clear cement 
along the coil length (Elmer's Clear 
Household Cement). + 


Fig 23.61—Relative temperature 
coefficients of the VFO components as 
observed during circuit operation. The 
solid lines indicate a configuration 
using a solid Plexiglas coil form and 
the dashed lines a thin-wall ceramic 
form. Both configurations will operate 
continuously for six hours together 
with a 10° F ambient temperature 
change with less than a 20-kHz shift in 
frequency. There is little performance 
difference between the three types of 
band-set methods as a function of 
temperature change. 
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Fig 23.62—Schematic of the varactor voltage controller. There is a 300-kHz 
frequency shift between each SW-1 position. The fine tuning frequency shift is 
500 kHz. The total tuning range is 4 MHz. The AFC input can shift the frequency 
up to +200 kHz. It is biased to +5 V by a 5-kQ resistive divider. Maximum shift 


occurs when it is forced to 0 or +10 V. 


tion is performed simply by monitoring 
the varactor input voltage with a meter. 
This method worked very well. It didn’t 
compensate for the nonlinear varactor, but 
the tuning was fine enough to make that 
unimportant. 

The VFO is followed by an FET tripler 
and a two-stage MMIC amplifier. The 
145-MHz tripler has a maximum output of 
about 0.5 mW. This level is controlled by 
varying the FET drain voltage with the 
potentiometer R1, and monitored by a di- 
ode peak detector (TP1). The first MMIC 
MARI stage has a gain of about 18 dB and 
an output capability of +7 dBm in the VHF 
region. Its nominal operating current is 
17 mA with a bias of 5 V. Although this 
output is probably enough to drive the LO 
tripler, the MAR4 was added as a safety 
factor to allow for circuit performance 
variations. It has a gain of about 8 dB with 
an output of +13 dBm. Its nominal operat- 
ing current is 50 mA with a bias voltage of 
6 V. The bias resistors, 300 and 100 Q, 
together with the 10-V source, operate the 
MMICs close to their nominal values. 


There is a relatively high-Q tuned circuit 
used in the interstage coupling between 
the two MMICs for filtering out unwanted 
VFO responses. There are three tuned cir- 
cuits for this purpose, L4/C6, L5/C7 and 
L6/C8, to ensure a reasonably pure wave- 
form for driving the LO tripler. Output of 
the VFO amplifier is monitored by a peak 
voltmeter at TP2. It is also used to initially 
align L6/C8. At resonance, TP2 will read 
a minimum value due to lowering of the 
load impedance. About one foot of minia- 
ture microphone cable is used to connect 
the amplifier RF output to the UHF circuit 
board. There is a bit of loss in using this 
cable, but there is power to spare and cable 
flexibility is an important consideration. 


ALIGNMENT 


The receiver can be aligned using noth- 
ing more than a multimeter and a 2-m 
transceiver. The 2-m receiver permits ini- 
tial frequency set of the VFO, and the third 
harmonic of the 2-m transmitter provides 
a signal for initial test and alignment of 
the input filter and RF amplifier. The re- 
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Table 23.15 
Procedures for Final Alignment 


1. Adjust all capacitors to minimum 
capacitance except C1, C5 and C8. Set 
these three at maximum capacitance. 
Set R1 for maximum VFO output. 


2. Turn the tuner controls for midband 
response. SW1: pos 6, SW2: low pos. 
Fine tuning potentiometer: midway point. 


3. Set the 2-m transceiver to 145.33 MHz 
and arrange conditions such that a 
rubber duck, or some other pick-up 
device, can be placed near L1. 

4. Tune the VFO to 24 MHz by decreasing 
C1 until the VFO is heard on the 
receiver. 

5. Tune L3/C5 to 48 MHz by decreasing C5 
while peaking the 2-m receiver re- 
sponse. 

6. Peak the 146-MHz multiplier response 
by decreasing C6 while monitoring TP1; 
it should read about 0.3 V. 

7. Peak the VFO amp response by 
increasing C7 while monitoring TP2; it 
should read greater than 1 V. 

8. Peak L6/C8 to 146 MHz by increasing 
C8 while monitoring TP2; it will null to 
about 0.8 V. 

9. Peak the LO filter by decreasing C9 
while monitoring TP3, then trim the 
remaining two 5-pF capacitors. TP3 
should read about 1.2 V. 

10. Correct the LO mixer input by adjusting 
R1 on the VFO circuit board for 0.8 V at 
ТРЗ. 

11. Normalize the IF preamp operation by 
adjusting R2 to make the dc voltage at 
ТР4 2 V. 

12. Peak the three input filter 5-pF 
capacitors for maximum response to the 
2-m transmitter’s third harmonic. 

13. Optimize the S/N by tuning to a 
marginal input signal that is about +10 
dB S/N (transmitter harmonic, noise, etc) 
and peaking the three filter 5-pF 
capacitors. S/N alignment requires the 
receiver input be terminated with a 50-Q 
load. 

Parts Suppliers 

MMICs—Down East Microwave. 

SBL1—Oak Hills Research. 


Panasonic P-Series Polypropylene 
capacitors and Sprague-Goodman 

FILMTRIMs—Digi-Key Corp. 

Silver mica capacitors and ceramic 
trimmers—AIl Electronics. 

Plexiglas—Check the Yellow Pages under 
Plastics. 


Brass—Hobby shops usually stock small 
sheets of brass in various thicknesses. 


quired alignment steps are detailed in 
Table 23.15. 

Performance of the compact stripline 
filter is far from outstanding. However, it 
does allow me to monitor PACSATS while 
transmitting into the adjacent 2-m uplink 
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antenna without interfering with the re- 
ceived signal (for the PACSAT full-du- 
plex mode). The author has concluded that 
a more complex internal filter would not 
substantially improve the receiver’s per- 
formance. 

The receiver has been used to copy FM 
9600-baud packet from UO-22 and 
KO-23, and 1200-baud PSK from AO- 16. It 
is asimple assembly that is a pleasure to use. 
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Earth-Moon-Earth (EME) 


EME communication, also known as 
“moonbounce,” has become a popular 
form of space communication. The con- 
cept is simple: The moon is used as a 
passive reflector for VHF and UHF sig- 
nals. With a total path length of nearly 
500,000 miles, EME is the ultimate DX. 
EME is a natural and passive propaga- 
tion phenomenon, and EME QSOs count 
toward the WAS, DXCC and VUCC 
awards. EME opens up the VHF and 
UHF bands to a new universe of world- 
wide DX. 

The first demonstration of EME ca- 
pability was done by the US Army Sig- 
nal Corps just after WW II. In the 1950s, 
using 400 MW of effective radiated 
power, the US Navy established a moon 
relay link between Washington, DC, and 
Hawaii that could handle four multi- 
plexed Teletype (RTTY) channels. The 
first successful amateur reception of 
EME signals occurred in 1953 by 
W4AO and W3GKP. 

It took until 1960 for two-way ama- 
teur communications to take place. Us- 
ing surplus parabolic dish antennas and 
high-power klystron amplifiers, the 
Eimac Radio Club, W6HB, and the 
Rhododendron Swamp VHF Society, 
WIBU, accomplished this milestone in 
July 1960 on 1296 MHz. In the 1960s, 
the first wave of amateur EME enthusi- 
asts established amateur-to-amateur 
contacts on 144 MHz and 432 MHz. In 
April 1964, W6DNG and OHINL made 
the first 144-MHz EME QSO. 432-MHz 
EME experimentation was delayed by 
the 50-W power limit (removed January 
2, 1963). Only one month after the first 
144-MHz QSO was made, the 1000-ft- 
diameter dish at Arecibo, Puerto Rico, 


was used to demonstrate the viability of 
432-MHz EME, when a contact was 
made between KB4BPZ and W1BU. The 
first amateur-to-amateur 432-MHz 
EME QSO occurred in July 1964 be- 
tween WIBU and KH6UK. 

The widespread availability of reliable 
low-noise semiconductor devices along 
with significant improvements in Yagi ar- 
rays ushered in the second wave of amateur 
activity in the 1970s. Contacts between sta- 
tions entirely built by amateurs became the 
norm instead of the exception. In 1970, the 
first 220- and 2304-MHz EME QSOs were 
made, followed by the first 50-MHz EME 
QSO in 1972. 1970s activity was still con- 
centrated on 144 and 432 MHz, although 
1296-MHz activity grew. 


wave board and the LO board. Requestthe 
96 Handbook S-Band Converter template 
package from the ARRL Secretary. 

24Davey, Jim, WA8NLC, “А No-Tune 
Transverter for the 2304-MHz Band,” QST, 
Dec 1992, pp 33-39. 

25 Lau, Zack, KH6CP, “RF,” QEX, Nov 1993, 
pp 20-23. 


As the 1980s approached, another 
quantum leap in receive performance 
occurred with the use of GaAsFET 
preamplifiers. This, and improvements 
in Yagi performance (led by DL6WU’s 
log-taper design work), and the new US 
amateur power output limit of 1500 W 
have put EME in the grasp of most seri- 
ous VHF and UHF operators. The 1980s 
saw 144- and 432-MHz WAS and WAC 
become a reality for a great number of 
operators. The 1980s also witnessed the 
first EME QSOs on 3456 MHz and 5760 
MHz (1987), followed by EME QSOs 
on 902 MHz and 10 GHz (1988). 

EME is still primarily a CW mode. As 
stations have improved, SSB is now more 
popular. Regardless of the transmission 


Tommy Henderson, WD5AGO, pursues 144-MHz EME from his Tulsa, Oklahoma, 
QTH with this array. Local electronics students helped with construction. 
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NOMINAL APOGEE 
MHz Loss 


50 — 244.0 dB 
144 — 253.5 dB 
220 – 257.0 dB 


432 – 263.0 dB 
902 - 269.0 dB 
1296 — 272.5 dB 
2304 — 278.0 dB 
3456 — 281.0 dB . 
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ADDITIONAL PATH LOSS IN DECIBELS 


Fig 23.63 — Variations in EME path loss can be determined from this graph. SD 
refers to semi-diameter of the moon, which is indicated for each day of the year in 


The Nautical Almanac. 


mode, successful EME operating requires: 

1) As close to the legal power output as 
possible. 

2) A fairly large array (compared to 
OSCAR antennas). 

3) Accurate azimuth and elevation rota- 
tion. 

4) Minimal transmission-line losses. 

5) A low system noise figure, prefer- 
ably with the preamplifier mounted at the 
array. 


Choosing an EME Band 


Making EME QSOs is a natural progres- 
sion for many weak-signal terrestrial opera- 
tors. Looking at EME path loss vs frequency 
(Fig 23.63), it may seem as if the lowest 
frequency is best, because of reduced path 
loss. This is not entirely true. The path-loss 
graph does not account for the effects of 
cosmic and man-made noise, nor does it re- 
late the effects of ionospheric scattering and 
absorption. Both short- and long-term fad- 
ing effects also must be overcome. 

50-MHz EME is quite a challenge, as 
the required arrays are very large. In addi- 
tion, sky noise limits receiver sensitivity 
at this frequency. Because of power and 
licensing restrictions, it is not likely that 
many foreign countries will be able to get 
on 50-MHz EME. 

144 MHz is probably the easiest EME 
band to start on. It supports the largest 
number of EME operators. Commercial 
equipment is widely available; a 144-MHz 
EME station can almost be completely 
assembled from off-the-shelf equipment. 
222 MHz is a good frequency for EME, 
but there are only a handful of active 
stations, and 222 MHz is available only 
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in ITU Region 2. 

432 MHz is the most active EME band 
after 144 MHz. Libration fading (see 
Fig 23.118) is more of a problem than at 
144 MHz, but sky noise is more than an 
order of magnitude less than on 144 MHz. 
The improved receive signal-to-noise 
ratio may more than make up for the more 
rapid fading. However, 432-MHz activity 
is most concentrated into the one or two 
weekends a month when conditions are 
expected to be best. 

902 MHz and above should be consid- 
ered if you primarily enjoy experimenting 
and building equipment. If you plan to 
operate at these frequencies, an unob- 
structed moon window is a must. The 
antenna used is almost certain to be a 
dish. 902 MHz has the same problem that 
222 MHz has — it’s not an international 
band. Equipment and activity are expected 
to be limited for many years. 

1296 MHz currently has a good amount 
of activity from all over the world. Recent 
equipment improvements indicate 
1296 MHz should experience a signifi- 
cant growth in activity over the next few 
years. 2300 MHz has received renewed 
interest. It suffers from nonaligned inter- 
national band assignments and restric- 
tions in different parts of the world. 


Antenna Requirements 


The tremendous path loss incurred over 
the EME circuit requires a high-power 
transmitter, a low-noise receiver and a 
high-performance antenna array. Al- 
though single-Yagi QSOs are possible, 
most new EME operators will rapidly be- 
come frustrated unless they are able to 


work many different stations on a regular 
basis. Because of libration fading and the 
nature of weak signals, a 1- or 2-dB in- 
crease in array gain will often be perceived 
as being much greater. An important an- 
tenna parameter in EME communications 
is the antenna noise temperature. This re- 
fers to the amount of noise received by the 
array. The noise comes from cosmic noise 
(noise generated by stars other than the 
sun), Earth noise (thermal noise radiated 
by the Earth), and noise generate by man- 
made sources such as power-line leaks and 
other broadband RF sources. 

Yagi antennas are almost universally 
used on 144 MHz. Although dish antennas 
as small as 24 ft in diameter have been 
successfully used, they offer poor gain-to 
size trade-offs at 144 MHz. The minimum 
array gain for reliable operation is about 
18 dBd (20.1 dBi). The minimum array 
gain should also allow a station to hear its 
own echoes on a regular basis. This is 
possible by using four 2.2-А Yagis. The 
12-element 2.5-À Yagi described in the 
Antennas and Projects chapter is an ex- 
cellent choice. When considering a Yagi 
design, you should avoid old-technology 
Yagis, that is, designs that use either 
constant-width spacings, constant-length 
directors or a combination of both. These 
old-design Yagis will have significantly 
poorer side lobes, a narrower gain band- 
width and a sharper SWR bandwidth than 
modern log-taper designs. Modern wide- 
band designs will behave much more 
predictably when stacked in arrays, and, 
unlike many of the older designs, will 
deliver close to 3 dB of stacking gain. 

222-MHz requirements are similar to 
those of 144 MHz. 

Although dish antennas are somewhat 
more practical, Yagis still predominate. 
The 16-element 3.8-А Yagi described in 
the Antennas and Projects chapter is a 
good building block for 222-MHz EME. 
Four of these Yagis are adequate for a 
minimal 222-MHz EME station, but six 
or eight will provide a much more 
substantial signal. 

At 432 MHz, parabolic-dish antennas 
become viable. The minimum gain for re- 
liable 432-MHz EME operation is 24 dBi. 

Yagis are also used on 432 MHz. The 
22-element Yagi described in the Anten- 
nas and Projects chapter is an ideal 
432-MHz design. Four of the 22-element 
Yagis meet the 24-dBi-gain criteria, and 
have been used successfully on EME. If 
you are going to use a fixed polarization 
Yagi array, you should plan on building an 
array with substantially more than 24-dBi 
gain if you desire reliable contacts with 
small stations. This extra gain is needed to 
overcome polarization misalignment. 


At 902 MHz and above; the only an- . 


tenna worthy of consideration is a para- 
bolic dish. While it has been proven that 
Yagi antennas аге capable of making EME 
"QSOs at 1296 MHz, Yagi antennas, 
whether they use rod or loop elements, are 
simply not practical. 


EME QSOs have been made at 1296 | 


MHz with dishes as small as 6 ft in diam- 


eter. For reliable EME- operation with | 
similarly equipped stations, а 12-ft diam-. 


eter dish (31 dBi gain at 1296 MHz) is a 


practical minimum. TVRO dishes, which, 


` are designed to operate at 3 GHz make 
excellent antennas, provided they have an 
accurate surface area. The one drawback 


of TVRO dishes is that they usually have 


. an undesirable F/d ratio. More informa- 
tion on dish construction and feeds can be 
found in The ARRL Antenna Book and The 
ARRL UHF/Microwave Experimenter’ $ 
Manual. 


‚ Polarization Effects 


All of the close attention paid to operat- 
ing at the best time, such as nighttime peri- 
gee, with high moon declination and low 


sky temperatures is of little use if signals. 


are not aligned in polarization between the 
two stations attempting to make contact. 
There are two basic polarization effects. 
The first is called spatial polarization. 


‘Simply stated, two stations (using az-el - 


mounts and fixed linear polarization) that 
are located far apart, will usually not have 


their arrays aligned in polarization as seen . 


by the тооп. Spatial polarization can eas- 
` Пу be predicted, given the location of both 
` stations and the position of the moon. 


_ The second effect is Faraday rotation. : 
This, is an actual rotation of thé radio . 


waves in space, and is caused by the 
charge level: of the Earth's ionosphere. 
_ At 1296 MHz and above, Faraday rotation 
is virtually nonexistent. At 432 MHz, it 
is believed that up to a 360° rotation is 
common. At 144 MHz, it is believed that 


the wavefront can actually rotate sevenor . 
“more complete 360° revolutions. When - 


Faraday rotation is combined with spatial 


polarization, there are four possible re- - 


sults: : 


QSO. 
2) Station A hears station B, station n B 
does not hear station A.: 
3) Station B hears station A, station A 
does not hear station B. : 
4) Neither station A not station B hear 
_each other. 


At 144 MHz, there are so many revolu- | 
tions of the signal, and the amount of Fara- ` 


day rotation changes so fast that, gener- 
ally, hour-long schedules arearranged. At 


1) Both stations hear each other xdi can 


432 MHz, Faraday rotation can take hoürs 


to change. Because of this, half-hour 
schedules are used. During the daytime, 

you can count on 90 to 180? of rotation. If 
both stations are operating during hours of - 
darkness, there will be little Faraday rota- 


tion, and the arnount of spatial polariza- 


tion determines if a schedule should be 
attempted. 


At 1296 MHz and above, circular polar- | 


ization is.standard. 
The predominant array is а parabolic 


reflector, which makes circular polariza-, 


tion easy to obtain. Although the use of 
circular polarization would make ‘one ex- 
pect signals to be constant, except for the 
effect of themoon's distance, long-term 
fading of 6 to 9 dB is frequently observed. 

With improved long-Yagi designs, for 
years the solution to overcoming polariza- 
tion misalignment has been to make the 
array larger. Making your station's sys- 
tem gain 5 or 6 dB greater than required 
for minimal EME QSOs will allow you to 


work more stations, simply by moving you 


farther down the polarization loss curve. 
After about 60? of misalignment, how- 
ever, máking your station large enough to 
overcome the added losses quickly be-. 
comes a lifetime project! See Fig 23.64. 

At 432 MHz and lower, Y agis are widely 
used, making the linear polarization stan- 
dard. Although circular polarization may 


' seem like a simple solution to polarization 


problems, when signals are reflected off 
the moon, the polarization sense of circu- 


larly polarized radio wave is reversed, ге- · 
quiring two arrays of opposite polarization 
sense be used. Initially, crossed Yagis with С 


switchable polarization may also look at- 
tractive. Unfortunately, 432-MHz Yagis 


' are physically small enough that the extra 
_ feed lines апа switching devices become 


complicated, and usually adversely affect 
array performance: Keep in mind that even 
at 144 MHz, Yagis cannot tolerate metal 
mounting masts and frames i in line with the 
Yagi elements. 

When.starting out on EME, keep in 
mind that it is best to use a simple system. 
You will still be able to work many of the 
larger fixed-polarization stations and 
those who have polarization adjustment 
(only one station needs to have polariza- 
tion control). Once you gain understand- 


_ing and confidence in your simple array, a 


more complex array such as one with po- 
larization rotation can be attempted. 


Receiver Requirements 


A low-noise receiving setup is essential ` 
for successful EME work. Many EME sig- 
nals are barely, but not always, out of the 
noise. To determine actual receiver per- 
formance, any phasing line and feed line 
losses, along with the noise generated in 
the receiver, must be added to the array 
noise reception. When.all losses are con- 
sidered, a system noise figure of 0.5 dB 
(35 K) will deliver about all the perfor- 
mance that can be used at 144 MHz, even . 
when low-loss phasing lines and a quiet 
array arè used. 


The sky noise at 432 MHz and above is . ` 


low enough (cold sky is «15 K (kelvins) at 
432 MHz, and 5 K at 1296 MHz) so the 
lowest possible noise figure is desired. 
Current high-performance arrays will have 
array temperatures near 30 K when un- 
wanted noise pickup is added in. Phasing _ 
line losses must also be included, along 
with any relay losses. Even at 432 MHz, it 


‚ is impossible to make receiver noise insig- 


nificant without the use of a liquid-cooled 
preamplifier. Current technology gives a 
minimum obtainable GaAsFET preampli- 
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Fig 23.64 — The graph shows how quickly loss because of polarization 
misalignment increases after 45°. The curve repeats through 360°, Showing no 
loss at 0° and maximum loss at 90° and 270°. : 
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HARDLINE 


HARDLINE 


Fig 23.65 — Two systems for switching a preamplifier in and out of the receive 
line. At A, a single length of cable is used for both the transmit and receive line. 


‘At B is a slightly more sophisticated system that uses two separate transmission 


lines. At C, a high-isolation relay is used for TR switching. The energized position 


is normally used on receive. 


fier noise figure, at room temperature, of 
about 0.35 dB (24 K). See Fig 23.65. 
GaAsFET preamps have also been stan- 
dard on 1296 MHz and above for several 
years. Noise figures range from about 
0.4 dB at 1296 MHz (30 K) to about 2 dB 
(170 K at 10 GHz). HEMT devices are now 
available to amateurs, but are of little use 
below 902 MHz because of 1/f noise. At 
higher frequencies, HEMT devices have 
already shown impressively low noise 
figures. Current HEMT devices are 
capable of noise figures close to 1.2 dB at 
10 GHz (93 K) without liquid cooling. 
At 1296 MHz, anew noise-limiting fac- 
tor appears. The physical temperature of 
the moon is 210 K. This means that just 
like the Earth, it is a black-body radiator. 
The additional noise source is the reflec- 
tion of sun noise off the moon. Just as a 
full moon reflects sunlight to Earth, the 
rest of the electromagnetic spectrum is 
also reflected. On 144 and 432 MHz, the 
beamwidth of a typical array is wide 
enough (15° is typical for 144 MHz, 7° for 
432 MHz) that the moon, which subtends 
a 0.5? area is small enough to be insignifi- 
cant in the array’s pattern. At 1296 MHz, 
beamwidths approach 2°, and moon-noise 
figures of up to 5 dB are typical at full 
moon. Stations operating at 2300 MHz and 
above have such narrow array patterns that 
many operators actually use moon noise 
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to assure that their arrays are pointed at 
the moon! 

A new weak-signal operator is encour- 
aged to experiment with receivers and fil- 
ters. A radio with passband tuning or IF- 
shift capability is desired. These features 
are used to center the passband and the pitch 
of the CW signal to the frequency at which 
the operator’s ears perform best. Some op- 
erators also use audio filtering. Audio fil- 
tering is effective in eliminating high-fre- 
quency noise generated in the radio’s audio 
or IF stages. This noise can be very fatigu- 
ing during extended weak signal operation. 
The switched-capacitor audio filter has be- 
come popular with many operators. 


Transmitter Requirements 


Although the maximum legal power 
(1500 W out) is desirable, the actual power 
required can be considerably less, depend- 
ing on the frequency of operation and size 
of the array. Given the minimum array 
gain requirements previously discussed, 
the power levels recommended for reason- 
able success are shown in Table 23.16. 

The amplifier and power supply should 
be constructed with adequate cooling and 
safety margins to allow extended slow- 
speed CW operation without failure. The 
transmitter must also be free from drift and 
chirp. The CW note must be pure and prop- 
erly shaped. Signals that drift and chirp 


Table 23.16 


Transmitter Power Required for 
EME Success 


Power at the array 


50 MHz 1500 W 
144 MHz 1000 W 
222 MHz 750 W 
432 MHz 500 W 
902 MHz 200 W 

1296 MHz 200 W 
2300 MHz and above 100 W 


are harder to copy. They are especially 
annoying to operators who use narrow CW 
filters. A stable, clean signal will improve 
your EME success rate. 


Calculating EME Capabilities 


Once all station parameters are known, 
the expected strength of the moon echoes 
can be calculated given the path loss for 
the band in use (see Fig 23.61). The for- 
mula for the received signal-to-noise ratio 
is: 


S/N =P,-L,+G,-P,+G,-P, (1) 


where 
P, = transmitter output power (dBW) 
L, = transmitter feed-line loss (dB) 
G, = transmitting antenna gain (dBi) 
P = total path loss (dB) 
G, = receiving antenna gain (dBi) 
P, = receiver noise power (dBW). 
Receiver noise power, P,, is determined 
by the following: 


P, = 10 log уу KBT, (2) 


where 
K = 1.38x10-23 (Boltzmann's constant) 
B = bandwidth (Hz) 
T, = receiving system noise 
temperature (K). 
Receiving system noise temperature, 
T,, can be found from: 


T,=T, + (L,- DT, +L,T, (3) 


where 
T, = antenna temperature (K) 
L, = receiving feed-line loss (ratio) 
T, = physical temperature of feed line 
(normally 290 K) 
T, = receiver noise temperature (K). 


An example calculation for a typical 
432-MHz EME link is: 
P, = +30 dBW (1000 W) 


L, = 1.0 dB 

С, = 26.4 dBi (8 x 6.1-A 22-el Yagis) 
Р, = 262 dB 

G, = 23.5 dBi (15 ft parabolic) 
T,-60K 

L, = 1.02 (0.1-dB preamp at antenna) 
T; =290K 


T, = 35.4 K (NT = 0.5 dB) 
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Fig 23.66 — Parabolic-antenna gain vs size, frequency and surface errors. All 
curves assumed 60% aperture efficiency and 10-dB power taper. Reference: J. 


Ruze, British IEEE. 


T, = 101.9 К 
P, = –188.5 dB 
S/N = + 5.4 dB 


It is obvious that EME is no place for a 
compromise station. Even relatively so- 
phisticated equipment provides less-than 
optimum results. 

Fig 23.66 gives parabolic dish gain for 
a perfect dish. The best Yagi antennas will 
not exceed the gain curve shown in the 
Antennas and Projects chapter. If you are 
using modern, log-taper Yagis, properly 
spaced, figure about 2.8 to 2.9 dB of stack- 
ing gain. For old-technology Yagis, 
2.5 dB may be closer to reality. Any phas- 
ing line and power divider losses must also 
be subtracted from the array gain. 


Locating the Moon 


The moon orbits the Earth once in ap- 
proximately 28 days, a lunar month. Be- 
cause the plane of the moon’s orbit is tilted 
from the Earth’s equatorial plane by ap- 
proximately 23.5°, the moon swings ina sine- 
wave pattern both north and south of the equa- 
tor. The angle of departure of the moon’s 
position at a given time from the equatorial 
plane is termed declination (abbreviated 
decl). Declination angles of the moon, which 
are continually changing (a few degrees a 
day), indicate the latitude on the Earth’s sur- 
face where the moon will be at zenith. For 
this presentation, positive declination angles 
are used when the moon is north of the equa- 
tor, and negative angles when south. 

The longitude on the Earth’s surface 
where the moon will be at zenith is related to 
the moon’s Greenwich Hour Angle, abbre- 
viated G.H.A. or GHA. “Hour angle” is de- 
fined as the angle in degrees to the west of 
the meridian. If the GHA of the moon were 
0°, it would be directly over the Greenwich 
meridian. If the moon’s GHA were 15°, the 


moon would be directly over the meridian 
designated as 15° W longitude on a globe. 
As one can readily understand, the GHA of 
the moon is continually changing, too, be- 
cause of both the orbital velocity of the moon 
and the Earth’s rotation inside the moon’s 
orbit. The moon’s GHA changes at the rate 
of approximately 347° per day. 

GHA and declination are terms that may 
be applied to any celestial body. The As- 
tronomical Almanac (available from the 
Superintendent of Documents, US Gov- 
ernment Printing Office) and other publi- 
cations list the GHA and decl of the sun 
and moon (as well as for other celestial 
bodies that may be used for navigation) 
for every hour of the year. This informa- 
tion may be used to point an antenna when 
the moon is not visible. Almanac tables 
for the sun may be useful for calibrating 
remote-readout systems. 


Using the Almanac 


The Astronomical Almanac and other 
almanacs show the GHA апа declination 
of the sun or moon at hourly intervals for 
every day of the period covered by the 
book. Instructions are included in such 
books for interpolating the positions of the 
sun or moon for any time on a given date. 
The orbital velocity of the moon is not 
constant, and therefore precise interpola- 
tions are not linear. 

Fortunately, linear interpolations from 
one hour to the next, or even from one day 
to the next, will result in data that is en- 
tirely adequate for Amateur Radio pur- 
poses. If linear interpolations are made 
from 0000 UTC on one day to 0000 UTC 
on the next, worse-case conditions exist 
when apogee or perigee occurs near mid- 
day on the next date in question. Under 
such conditions, the total angular error in 
the position of the moon may be as much 
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as a sixth of a degree. Because it takes a 
full year for the Earth to orbit the sun, the 
similar error for determining the position 
of the sun will be no more than a few hun- 
dredths of a degree. 

If a polar mount (a system having one 
axis parallel to the Earth’s axis) is used, 
information from the Almanac may be 
used directly to point the antenna array. 
The local hour angle (LHA) is simply the 
GHA plus or minus the observer’s longi- 
tude (plus if east longitude, minus if west). 
The LHA is the angle west of the 
observer’s meridian at which the celestial 
body is located. LHA and declination in- 
formation may be translated to an EME 
window by taking local obstructions and 
any other constraints into account. 


Azimuth and Elevation 


An antenna system that is positioned in 
azimuth (compass direction) and elevation 
(angle above the horizon) is called an az- 
el system. For such a system, some addi- 
tional work will be necessary to convert 
the almanac data into useful information. 
The GHA and decl information may be 
converted into azimuth and elevation 
angles with the mathematical equations 
that follow. A calculator or computer that 
treats trigonometric functions may be 
used. CAUTION: Most almanacs list data 
in degrees, minutes, and either decimal 
minutes or seconds. Computer programs 
generally require this information in de- 
grees arid decimal fractions, so a conver- 
sion may be necessary before the almanac 
data is entered. 

Determining az-el data from equations 
follows a procedure similar to calculating 
great-circle bearings and distances for two 
points on the Earth's surface. There is one 
additional factor, however. Visualize two 
observers on opposite sides of the Earth 
who are pointing their antennas at the 
moon. Imaginary lines representing the 
boresights of the two antennas will con- 
verge at the moon at an angle of approxi- 
mately 2?. Now assume both observers 
aim their antennas at some distant star. The 
boresight lines now may be considered to 
be parallel, each observer having raised 
his antenna in elevation by approximately 
1°. The reason for the necessary change in 
elevation is that the Earth's diameter in 
comparison to its distance from the moon 
is significant. The same is not true for dis- 
tant stars, or for the sun. 

Equations for az-el calculations are: 


sin E = sin L sin D + cos L cos Dcos LHA 


(4) 

sin E — K 

tan F= ————— 
cos E С) 
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sinD – sinE sinL 
cosC = ————————— (6) 
cosE cosL 
where 
E = elevation angle for the sun 
L = your latitude (negative if south) 
D = declination of the celestial body 
LHA = local hour angle = GHA plus or 
minus your longitude (plus if east 
longitude, minus if west longitude) 
F = elevation angle for the moon 
K = 0.01657, a constant (see text that 
follows) 
C = true azimuth from north if sin LHA 
is negative; if sin LHA is positive, 
then the azimuth = 360 - С. 


Assume our location is 50° N latitude, 
100° W longitude. Further assume that the 
GHA of the moon is 140° and its declina- 
tion is 10°. To determine the az-el informa- 
tion we first find the LHA, which is 140 
minus 100 or 40?. Then we solve equation 
4: 


sin E = sin 50 sin 10 + cos 50 cos 10 cos 40 
sin E = 0.61795 and E = 38.2° 


Solving equation 5 for F, we proceed. 
(The value for sin E has already been de- 
termined in equation 4.) 


0.61795 — 0.06175 


pup cos 38.2 


0.76489 
From this, F, the moon's elevation angle, 
is 37.4°. 

We continue by solving equation 6 for 
C. (The value of sin E has already been 
determined.) 


sin 10 — 0.61795 sin 50 


cos C = cos 38.2 cos 50 


0.59308 


C therefore equals 126.4°. To determine if 
C is the actual azimuth, we find the polar- 
ity for sin LHA, which is sin 40° and has 
a positive value. The actual azimuth then 
is 360 - С = 233.6°. 

If az-el data is being determined for the 
sun, omit equation 5; equation 5 takes into 
account the nearness of the moon. The 
solar elevation angle may be determined 
from equation 4 alone. In the above ex- 
ample, this angle is 38.2°. 

The mathematical procedure is the same 
for any location on the Earth’s surface. 
Remember to use negative values for 
southerly latitudes. If solving equation 4 
or 5 yields a negative value for E or F, this 
indicates the celestial body below the 
horizon. 

These equations may also be used to 
determine az-el data for man-made satel- 
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lites, but a different value for the constant, 
K, must be used. K is defined as the ratio 
of the Earth’s radius to the distance from 
the Earth’s center to the satellite. 

The value for K as given above, 0.01657 
is based on an average Earth-moon dis- 
tance of 239,000 miles. The actual Earth- 
moon distance varies from approximately 
225,000 to 253,000 mi. When this change 
in distance is taken into account, it yields 
a change in elevation angle of approxi- 
mately 0.1° when the moon is near the 
horizon. For greater precision in determin- 
ing the correct elevation angle for the 
moon, the moon's distance from the Earth 
may be taken as: 


D = – 15,074.5 x SD + 474,332 


where 
D = moon’s distance in miles 
SD = moon’s semi-diameter, from the 
almanac. 


Computer Programs 


As has been mentioned, a computer may 
be used in solving the equations for azi- 
muth and elevation. For EME work, it is 
convenient to calculate az-el data at 
30-minute intervals or so, and to keep the 
results of all calculations handy during 
the EME window. Necessary antenna- 
position corrections can then be made 
periodically. 

A BASIC language program for the 
IBM PC isavailable from the ARRL Tech- 
nical Secretary. Request the '95 Handbook 
EME template. This program provides 
azimuth and elevation information for 
half-hour intervals during a UTC day 
when the celestial body is above the hori- 
zon. The program makes a linear interpo- 
lation of GHA and declination values (dis- 
cussed earlier) during the period of the 
UTC day. 

Commercial, shareware and public-do- 
main tracking programs are also available. 
See the References chapter for a list of 
some available programs. RealTrak prints 
out antenna azimuth and elevation head- 
ings for nearly any celestial object. It can 
be used with the Kansas City Tracker pro- 
gram described in the satellite section to 
track celestial objects automatically. VHF 
PAK provides real-time moon and celes- 
tial object position information. Two other 
real-time tracking programs are EME 
Tracker and the VK3UM EME Planner. 


Libration Fading of EME Signals 


One of the most troublesome aspects of 
receiving a moonbounce signal, besides 
the enormous path loss and Faraday rota- 
tion fading, is libration fading. This sec- 
tion will deal with libration (pronounced 
lie-brayshun) fading, its cause and effects, 


and possible measures to minimize it. 

Libration fading of an EME signal is 
characterized in general as fluttery, rapid, 
irregular fading not unlike that observed 
in tropospheric scatter propagation. Fad- 
ing can be very deep, 20 dB or more, and 
the maximum fading will depend on the 
operating frequency. At 1296 MHz the 
maximum fading rate is about 10 Hz, and, 
scales directly with frequency. 

On a weak CW EME signal, libration 
fading gives the impression of a randomly 
keyed signal. In fact on very slow CW te- 
legraphy the effectis as though the keying 
is being done at a much faster speed. On 
very weak signals only the peaks of libra- 
tion fading are heard in the form of occa- 
sional short bursts or "pings." 

Fig 23.67 shows samples of a typical 
EME echo signal at 1296 MHz. These re- 
cordings, made at W2NFA, show the wild 
fading characteristics with sufficient S/N 
ratio to record the deep fades. Circular 
polarization was used to eliminate Fara- 
day fading; thus these recordings are of 
libration fading only. The recording band- 
width was limited to about 40 Hz to mini- 
mize the higher sideband-frequency com- 
ponents of libration fading that exist but 
are much smaller in amplitude. For those 
who would like a better statistical descrip- 
tion, libration fading is Raleigh distrib- 
uted. In the recordings shown in Fig 23.63, 
the average signal-return level computed 
from path loss and mean reflection coef- 
ficient of the moon is at about the +15 dB 
S/N level. 

It is clear that enhancement of echoes 
far in excess of this average level is ob- 
served. This point should be kept clearly 
in mind when attempting to obtain echoes 
or receive EME signals with marginal 
equipment. The probability of hearing an 
occasional peak is quite good since ran- 
dom enhancement as much as 10 dB is 
possible. Under these conditions, how- 
ever, the amount of useful information that 
can be copied will be near zero. Enthusias- 
tic newcomers to EME communications 
will be stymied by this effect since they 
know they can hear the signal strong 
enough on peaks to copy but can't make 
any sense out of what they try to copy. 

What causes libration fading? Very sim- 
ply, multipath scattering of the radio 
waves from the very large (2000-mile di- 
ameter) and rough moon surface combined 
with the relative motion between Earth and 
moon called librations. 

To understand these effects, assume 
first that the Earth and moon are stationary 
(no libration) and that a plane wave front 
arrives at the moon from your Earthbound 
station as shown in Fig 23.68A. 

The reflected wave shown in Fig 23.68B 
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Fig 23.67 — Chart recording of moon echoes received at W2FNA on July 26, 1973, at 1630 UTE: Antenna. gain 44 dBi, 
transmitting power 400 W and system temperature 400 K. 
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Fig 23.68 — How the rough surface of 


the moon reflects a plane wave as one 
‘having many field vectors. 


nite array of them) takes place at the feed- 


'point of your antenna (the collecting point 
in your antenna system). The level of the : 


final summation as méasured by a receiver 
can, of course, have any value from zero to 


„some maximum. Remember that ме as- 
sumed the Earth and moon were station- 

' ary, which means that the final summation ` 

of these multipath signal returns from the '. 


moon will be one fixed value. The condi- 
tion of zero relative motion between Earth 


' , and moon is a rare event that will be dis- 
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Fig 23.69 — The moon appears to 
“wander” in its orbit about the Earth. 
Thus a fixed marker on the moon’s 
surface will appear to move about ina 
circular area. 


consists of many scattered contributions 
from the rough moon surface. It is perhaps 
easier to visualize the process .as if the 
scattering were from many small indi- 


: vidual flat mirrors on the moon that reflect. 


small portions (amplitudes) ofthe incident 
wave energy in different directions (paths) 
and with different path lengths (phase). 
"Those paths directed toward the moon ar- 
rive at your antenna as a collection of small 


wave fronts (field vectors) of various am-. 


"plitudes and phases. The vector summa- 
tion of all these coherent (same frequency) 


returned waves (and there is а near-infi- ' 


cussed ‘later in this section. 
Consider now that the Earth andi moon 


are moving relative to each other (as they 


are in nature), so the incident radio wave 


“sees” a slightly different surface of the- 


moon from moment to moment. Since the 
lunar surface is very irregular, the re- 
flected wave will be equally irregular, 


changing in amplitude and phase from. 


momentto moment. The résultant continu- 
ous summation of the varying multipath 


-signals at your antenna feed-point pro- ` 
duces the effect called libration fading pl 


the moon-reflected signal. 

The term libration is used to ве 
small perturbations in the. movement of 
celestial bodies. 
mainly of its diurnal rotation; moon libra- 
tion consists mainly of its 28-day rotation 
which appears as a very slight rocking 
motion with respect to an observer on 
Earth. This rocking motion can be visual- 
ized as follows: Place a marker on the sur- 


face of the moon at the center ofthe moon . 
_ disc; which is the point closest to the ob- 


Server, as shown in Fig 23.69. Over time, 


‚ we will observe that this. marker wandérs 


around'within a small area. This means the 
surface of the moon as seen from the Earth 
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‘Each. libration consists: 


\ 


is not quite fixed but changes slightly as 
different areas of the periphery are ex- 


posed because of this rocking motion. 
. Moon libration is very slow (on the order 
. of 10-7 radians per second) and can be de- 


termined with some difficulty from pub- 
lished moon ephemeris tables. 

Although the libration motions are very 
small and slow, the larger surface area of ` 


'the moon has nearly an infinite number of 


scattering points (small area). This means 
that even slight geometric movements can 
alter the total summation of the returned 
multipath echo by a significant amount. 
Since the librations of the Earth and moon 


‘are calculable, it is only logical to ask if 
: there ever occurs a time when the total li- 


bration is zero or near zero. The answer is 
yes, and it has been observed and verified 
experimentally on radar echoes that mini-. 
mum fading rate (not depth of fade) is co- 


‘incident with minimum total libration. 


Calculation of minimum total libration is 
at best tedious and can only be done suc- 
cessfully by means of a computer. It is a 
problem in extrapolation of rates of 


'change in coordinate motion and in small 
‚ differences of large numbers. 


EME OPERATING TECHNIQUES 


Many EME signals are-near the thresh- 
old of readability, a condition caused by a 
combination of path loss, Faraday rotation 
and libration fading. This weakness and 
unpredictability of the signals has led to 
the development of techniques for the ex- 
change of EME information that differ 
from those used for normal terrestrial 
work. The fading of EME signals chops - 
dashes into pieces and renders strings of 


dots incomplete. This led to the use of the 
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Table 23.17 


Signal Reports Used on 144-MHz 
EME 

T — Signal just detectable 

M — Portions of call copied 

O — Complete call set has been received 
R — Both “O” report and call sets have 
.. been received 

SK — End of contact 


Table 23.18 


Signal Reports Used on 432-MHz 

EME 

T — Portions of call copied 

M — Complete calls copied 

O — Good signal—solid copy (possibly 
enough for SSB work) 

R — Calls and reports copied 

SK — End of contact 


"T M О К” reporting system. Different, 
but similar, systems are used on the low 
bands (50 and 144 MHz) and the high 
bands (432 MHz and above). Tables 23.17 
and 23.18 summarize the differences be- 
tween the two systems. 

As equipment and techniques have im- 
proved, the use of normal RST signal re- 
ports has become more common. It is now 
quite common fortwo stations working for 
the first time to go straight to RST reports 
if signals are strong enough. These normal 
reports let stations compare signals from 
one night to the next. EME QSOs are often 
made during the ARRL VHF contests. 
These contacts require the exchange of 
4-digit grid locators. On 432 MHz and 
above, the sending of GGGG has come to 
mean "Please send me your grid square," 
orconversely, "Iam now going to send my 
grid square." 

The length of transmit and receive peri- 
ods is also different between the bands. 
On 50 and 144 MHz, 2-minute sequences 
are used. That is, stations transmit for two 
full minutes, and then receive for two full 
minutes. One-hour schedules are used, 
with the eastern-most station (referenced 
to the international date line) transmitting 
first. Table 23.19 gives the 2-minute se- 
quence procedure. On 222 MHz, both the 


144 and 432-MHz systems are used. 

On 432 MHz and above, 2!/2-minute 
sequences are standard. 

The longer period is used to let stations 
with variable polarization have adequate 
time to peak the signal. The last 30 sec- 
onds is reserved for signal reports only. 
Table 23.20 provides more information on 
the 432-MHz EME QSO sequence. The 
western-most station usually transmits 
first. However, if one of the stations has 
variable polarization, it may elect to trans- 
mit second, to take the opportunity to use 
the first sequence to peak the signal. If 
both stations have variable polarization, 
the station that transmits first should leave 
its polarization fixed on transmit, to avoid 
“polarization chasing.” 

CW sending speed is usually in the 10 to 
13-wpm range. It is often best to use 
greater-than-normal spacing between in- 
dividual dits and dahs, as well as between 
complete letters. This helps to overcome 
libration fading effects. The libration fad- 
ing rate will be different from one band to 
another. This makes the optimum CW 
speed for one band different from another. 
Keep in mind that characters sent too 
slowly will be chopped up by typical EME 
fading. Morse code sent too fast will sim- 
ply be jumbled. Pay attention to the send- 
ing practices of the more successful sta- 
tions, and try to emulate them. 

Doppler shift must also be understood. As 
the moon rises or sets it is moving toward or 
away from objects on Earth. This leads to a 
frequency shift in the moon echoes. The 
amount of Doppler shift is directly propor- 
tional to frequency. At 144 MHz, about 
500 Hz is the maximum shift. On 432 MHz, 
the maximum shift is 1.5 kHz. The shift is 
upward on moonrise and downward on 
moonset. When the moon is due south, your 
own echoes will have no Doppler shift, but 
stations located far away will still be affected. 
For scheduling. the accepted practice is to 
transmit zero beat on the schedule frequency, 
andtune to compensate for the Doppler shift. 
Becareful—most transmitters and transceiv- 
ers have a built-in CW offset. Some radios 
read this offset when transmitting, and oth- 
ers don't. Find out how your transmitter op- 
erates and compensate as required. 


Random operation has become popular 
in recent years. In the ARRL EME con- 
test, many of the big guns will not even 
accept schedules during the contest peri- 
ods, because they can slow down the pace 
of their contest contacts. 


EME Operating Times 


Obviously, the first requirement for EME 
operationis to have the moon visible by both 
EME stations. This requirement not only 
consists oftimes when the moon is above the 
horizon, but when it is actually clear of ob- 
structions such as trees and buildings. It 
helps to know your exact EME operating 
window, specified in the form of beginning 
and ending GHAs (Greenwich Hour Angle) 
for different moon declinations. This infor- 
mation allows two different stations to 
quickly determine if they can simulta- 
neously see the moon. 

Once your moon window is determined, 
the next step is to decide on the best times 
during that window to schedule or oper- 
ate. Operating at perigee is preferable be- 
cause of the reduced path loss. Fig 23.61 
shows that not all perigees are equal. There 
is about a 0.6-dB difference between 
the closest and farthest perigee points. 
The next concern is operating when the 
moon is in a quiet spot of the sky. Usually, 
northern declinations are preferred, as the 
sky is quietest at high declinations. If the 
moon is too close to the sun, your array 
will pick up sun noise and reduce the sen- 
sitivity off your receiver. Finally, choos- 
ing days with minimal libration fading is 
also desirable. 

Perigee and apogee days can be deter- 
mined from the Astronomical Almanac by 
inspecting the tables headed "S.D." (semi- 
diameter of the moon in minutes of arc). 
These semi-diameter numbers can be com- 
pared to Fig 23.63 to obtain the approxi- 
mate moon distance. Many computer pro- 
grams for locating the moon now give the 
moon's distance. The expected best week- 
ends to operate on 432 MHz and the higher 
bands are normally printed well in advance 
in various EME newsletters. 

When the moon passes through the ga- 
lactic plane, sky temperature is at its maxi- 
mum. Even on the higher bands this is one 


Table 23.19 Table 23.20 

144-MHz Procedure — 2-Minute Sequence 432-MHz Procedure—2'/-Minute Sequence 

Period 1/2 minutes 30 seconds Period 2 minutes 30 seconds 

1 Calls (W6XXX DE W1XXX) 1 VE7BBG DE K2UYH 

2 W1XXX DE WE6XXX TTTT 2 K2UYH DE VE7BBG 

3 W6XXX DE W1XXX 0000 3 VE7BBG DE K2UYH TTT 

4 RO RO RO RO DE W1XXX К 4 K2UYH DE VE7BBG MMM 

5 RRRRRR DE W6XXX K 5 RM RM RM RM DEK2UYHK . 
6 QRZ? EME DE W1XXX K 6 RRRRR DE VE7BBG sk 
23,58 Chapter 23 


of the least desirable times to operate. The 
areas of the sky to avoid are the constella- 
tions of Orion and Gemini (during north- 
ern declinations), and Sagittarius and 
Scorpios (during southern declinations). 
The position of the moon relative to these 
constellations can be checked with in- 
formation supplied in the Astronomical 
Almanac or Sky and Telescope magazine. 


Frequencies and Scheduling 


According to the ARRL-sponsored 
band plan, the lower edge of most bands is 


‘reserved for EME operation. On 144 MHz, · 


EME frequencies are primarily between 
144.000 and 144.080 MHz for CW, and 


:144.100 and 144.120 MHz for SSB. Random : 


CW activity is usually between 144.000 and 
144.020. MHz. In the US,. 144.000 to 
144.100 MHz is a CW subband, so SSB QSOs 
often take place by QSYing up 100 kHz after 


a CW contact has been established. Because | 


of the large number of active 144-MHz 
stations, coordinating schedules in the 
small EME window is not simple. The more 


active stations usually have assigned fre- 


4 
y r 


-144 MHz. f 
-432.020 MHz and each 5-kHz incrément . 


takes 


m 


quencies for their schedules. | 

On 432 MHz, the international EME 
CW calling frequency is 432.010 MHz. 
Random SSB calling is 
432.015 MHz. Random activity primarily 
place between 432.000 and 
432.020 MHz. The greater Doppler shift 
on 432 MHz requires greater separation 
between schedule frequencies than on 
Normally 432.000 MHz, 


up to 432.070 MHz are used for schedules., 

Activity on 1296 MHz is centered 
between 1296.000 and 1296.040 MHz. 
The random calling frequency is 
1296.010 MHz. Operation on the other 
bands requires more specific coordination. 
Activity on 33 cm is split between 902 and 
903 MHz. Activity on 2300 MHz has to 
accommodate split-band procedures be- 


` cause of the different band assignments 


around the world., 


EME Net Information 


An EME net meets on 14.345 MHz on 
weekends for the purpose of arranging 


Radio Direction Finding 


Far more than simply finding the direc- 
tion of an incoming radio signal, radio di- 
_ rection finding (RDF) encompasses a va- 
riety of techniques for determining the 
exact location of a signal source. The pro- 
cess involves both art and science. RDF 
adds fun to ham radio, but has serious 
purposes, too. 

This section was written by Joe Moell, 
K0OV. 

RDF is almost as old as radio communi- , 
cation. It gained prominence when the 
British Navy used it to track the move- 
ment of enemy ships in World War I. Since 
then, governments and the military have 


developed sophisticated and’ complex . 


` RDF systems. Fortunately, simple equip- 
ment, purchased or built at home, is quite 
effective in Amateur Radio RDF. 
In European and Asian countries, direc- 
tion finding contests are foot races. ‘The 


‘object is to be first to find four or five ; 


transmitters in a large wooded park. 


‘Young athletes have the best chance of: 


capturing the prizes. This sport is known 
as foxhunting (after the British hill-and- 


dale horseback events) or ARDF (Ama-* 


teur Radio direction finding). 


In North America and England, most . 


RDF contests involve mobiles—cars, 
trucks, vans, even motorcycles. It may be 


7. possible to drive all the way to the trans- 


mitter, ór there may be a short hike at the 


z 


‘techniques useful. 


end, called a sniff. These competitions are 


also called foxhunting by some, while oth- ` 


ers use bunny hunting, T-hunting or the 
classic term hidden transmitter hunting. 

: In the 1950s, 3.5 and 28 MHz were the 
most popular bands for hidden transmitter 
hunts. Today, most competitive hunts 
worldwide are for 144-MHz FM signals, 
though other VHF bands are also used. 
Some international foxhunts include 
3.5-MHz events. 

Even without participating in RDF con- 


tests, you will find a knowledge of the. 
"They simplify Ше. 


search for a, neighborhood source of 
power- line interference or TV cable leak- 
age. RDF must be used to track down 


.emergency radio beacons, which signal 


` 


the location of pilots and boaters in dis- 
tress. Amateur Radio enthusiasts skilled 
in transmitter hunting are in deníand by 
agencies such as the Civil Air Patrol and 


the US Coast Guard Auxiliary for search 


and rescue support. 
The FCC’s Field Operations Bureau has 
created an Amateur Auxiliary, adminis- 


tered by the ARRL Section Managers, to . 
deal with interference matters. In many: 


areas of the country, there are standing 
agreements between Local Interfererice 


' Committees ahd district FCC offices, - 


permitting volunteers to provide evidence 
leading to prosecution in serious cases of 
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done on` 


RDF: The typical 


schedules and exchanging EME informa- 
tion. The net meets at 1600 UTC. OSCAR 
satellites are becoming more popular for 


EME information exchange. When Mode - 


B is available, a downlink frequency of 


:145.950 MHz is where the EME group 


gathers. On Mode L and Mode JL, the 
downlink frequency is 435. 975 MHz. 


Other Modes 


"Most ЕМЕ contacts are still made on 
CW, although SSB has gained in popular- 
ity and it is now common to hear SSB 
QSOs on any activity weekend. The ability 
to work SSB can easily be calculated from 


‘Eq 1. The proper receiver bandwidth 


(2.3 kHz) is substituted. SSB usually re- 


“quires а +3-dB signal-to-noise ratio, 


whereas slow-speed CW contacts can be 
made with a 0-dB signal-to-noise ratio. 
Slow-scan television and packet commu- 
nication has been attempted between some 
of the larger stations. Success has been lim- 
иеа because of the greater signal-to-noise 
ratios required for these modes, and severe 
signal distortion from libration fading. - 


malicious amateur-to-amateur interfer- 
ence. RDF is an important part of the. 
evidence-gathering process. .. 

The most basic RDF system consists of ` 
a directional antenna and a method of de- 
tecting and measuring the level of the ra- 
dio signal, such as a receiver with signal 
strength indicator. RDF antennas range 
from a simple tuned loop of wire to an acre 


.of antenna elements with an electronic 


beam-forming network. Other sophisti- 
cated techniques for RDF use the Doppler 
effect, or measure the time of arrival dif- 


ference of the signal at multiple antennas. 


All of these methods have been used 
from 2 to 500 MHz and above. However, 
RDF practices vary greatly between the 
HF and VHF/UHF portions of the spec- . 
trum. For practical reasons, high gain 


.beams, Dopplers and switched dual anten- 
` nas find favor on VHF/UHF, while loops 


and phased arrays are the most popular 
choices on 6 m and below. Signal propa- 
gation differences between HF and VHF 
also affect RDF practices. But many basic 
transmitter hunting techniques, discussed 
later in this chapter, apply to all bands and 


. all types of portable RDF equipment. 


RDF ANTENNAS FOR HF BANDS 


Below 50 MHz, gain antennas such as 
Yagis and quads are of limited value for 
installation of a 
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tribander on a 70-ft tower yields only a 
general direction of the incoming signal, 
due to ground effects and the antenna’s 
broad forward lobe. Long monoband 
beams at greater heights work better, but 
still cannot achieve the bearing accuracy 
and repeatability of simpler antennas de- 
signed specifically for RDF. 


RDF Loops 


Aneffective directional HF antenna can 
be as uncomplicated as a small loop of wire 
or tubing, tuned to resonance with a ca- 
pacitor. When immersed in an electromag- 
netic field, the loop acts much the same as 
the secondary winding of a transformer. 
The voltage at the output is proportional to 
the amount of flux passing through it and 
the number of turns. If the loop is oriented 
such that the greatest amount of area is 
presented to the magnetic field, the in- 
duced voltage will be the highest. If it is 
rotated so that little or no area is cut by the 
field lines, the voltage induced in the loop 
is zero and a null occurs. 

To achieve this transformer effect, the 
loop must be small compared with the sig- 
nal wavelength. In a single-turn loop, the 
conductor should be less than 0.08 A long. 
For example, a 28-MHz loop should be 
less than 34 inches in circumference, giv- 
ing adiameter of approximately 10 inches. 
The loop may be smaller, but that will re- 
duce its voltage output. Maximum output 
from a small loop antenna is in directions 
corresponding to the plane of the loop; 
these lobes are very broad. Sharp nulls, 
obtained at right angles to that plane, are 
more useful for RDF. 

For a perfect bidirectional pattern, the 
loop must be balanced electrostatically with 
respect to ground. Otherwise, it will exhibit 


Fig 23.70 — Small loop field patterns 
with varying amounts of antenna effect 
— the undesired response of a loop 
acting merely as a mass of metal 
connected to the receiver antenna 
terminals. The horizontal lines show 
the plane of the loop turns. 
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two modes of operation, the mode of a per- 
fect loop and that of a nondirectional verti- 
cal antenna of small dimensions. This dual- 
mode condition results in mild to severe 
inaccuracy, depending on the degree of im- 
balance, because the outputs of the two 
modes are not in phase. 

The theoretical true loop pattern is il- 
lustrated in Fig 23.704. When properly 
balanced, there are two nulls exactly 180? 
apart. When the unwanted antenna effect 
is appreciable and the loop is tuned to reso- 
nance, the loop may exhibit little directiv- 
ity, as shown in Fig 23.70B. By detuning 
the loop to shift the phasing, you may ob- 
tain a useful pattern similar to Fig 23.70C. 
While not symmetrical, and not necessar- 
ily at right angles to the plane of the loop, 
this pattern does exhibit a pair of nulls. 

By careful detuning and amplitude bal- 
ancing, you can approach the uni- 
directional pattern of Fig 23.70D. Even 
though there may not be a complete null 
in the pattern, it resolves the 180? ambigu- 
ity of Fig 23.70A. Korean War era mili- 
tary loop antennas, sometimes available 
on today's surplus market, use this con- 
trolled-antenna-effect principle. 

An easy way to achieve good electro- 
static balance is to shield the loop, as 
shown in Fig 23.71. The shield, repre- 
sented by the dashed lines in the drawing, 
eliminates the antenna effect. The response 
ofa well-constructed shielded loop is quite 
close to the ideal pattern of Fig 23.70A. 

For 160 through 30 m, single-turn loops 
that are small enough for portability are 
usually unsatisfactory for RDF work. 
Multiturn loops are generally used instead. 
They are easier to resonate with practical 
capacitor values and give higher output 
voltages. This type of loop may also be 


` 
F 


;----- 


Fig 23.71 — Electrostatically shielded 
loop for RDF. To prevent shielding of 
the loop from magnetic fields, leave the 
shield unconnected at one end. 


shielded. If the total conductor length re- 
mains below 0.08 A, the directional pat- 
tern is that of Fig 23.70A. 


Ferrite Rod Antennas 


Another way to get higher loop output is 
to increase the permeability of the medium 
in the vicinity of the loop. By winding a coil 
of wire around a form made of high-perme- 
ability material, such as ferrite rod, much 
greater flux is obtained in the coil without 
increasing the cross-sectional area. 

Modern magnetic core materials make 
compact directional receiving antennas 
practical. Most portable AM broadcast re- 
ceivers use this type of antenna, com- 
monly called a loopstick. The loopstick is 
the most popular RDF antenna for por- 
table/mobile work on 160 and 80 m. 

As does the shielded loop discussed ear- 
lier, the loopstick responds to the magnetic 
field of the incoming radio wave, and not 
to the electrical field. For a given size of 
loop, the output voltage increases with 
increasing flux density, which is obtained 
by choosing a ferrite core of high perme- 
ability and low loss at the frequency of 
interest. For increased output, the turns 
may be wound over two rods taped to- 
gether. A practical loopstick antenna is 
described later in this chapter. 

A loop on a ferrite core has maximum 
signal response in the plane of the turns, 
just as an air core loop. This means that 
maximum response of a loopstick is broad- 
side to the axis of the rod, as shown in Fig 
23.72. The loopstick may be shielded to 


Fig 23.72 — Field pattern for a ferrite 
rod antenna. The dark bar represents 
the rod on which the loop turns are 
wound. 


“eliminate the antenna effect; a U-shaped 
‘or C-shaped channel of aluminum or other 
form of “trough” is best. The shield must 


not be closed, and its length should equal: 


or slightly exceed the length of the rod. 


Sense Antennas 


Because there are two nulls 180? apart 
in the directional pattern of a small loop or 
loopstick, there is ambiguity as to which 

null indicates the true direction of the tar- 
get station. For example, if the line of bear- 
ing runs east and west from your position, 
you have no way of knowing from. this 


single bearing whether the transmitter is. 


east of you or west of you. | 

If bearings сап be taken from two or 
more positions at suitable direction and 
distance from the transmitter, the ambigu- 


ity can be resolved and distance can be : 


estimated by triangulation, as discussed 
later in this chapter. However, it is almost 
always desirable to be able to resolve the 
ambiguity immediately by háving a uni- 
directional antenna pattern available. 
You can modify a loop or loopstick 
antenna pattern to have a single null by 
adding a second antenna element. This el- 
ement is called a sense antenna, because it 
senses the phase of the signal wavefrorit 
for comparison with the phase of the loop 
output signal. The sense element must be 
omnidirectional, such as a short vertical. 


When signals:from the loop and the sense, 


_antenna are combined with 90? phase shift 
betweenthe two, a heart-shaped (cardioid) 
pattern results, as shown in Fig 23.73A. 

Fig 23.73B shows a circuit for adding a 
sense antenna to a loop or loopstick. For 
the best null in the composite pattern, sig- 
nals from the loop and sense antennas must 
be of equal amplitude. R'1 adjusts the level 
of the signal from the sense antenna. 

In a practical system, the cardioid pat- 
tern null is not as sharp as the bidirectional 
null of the loop alone. The usual proce- 
dure when transmitter hunting is to use the 


loop alone to obtain a precise line of bear- ` | 


“ing, then switch in the sense antenna and 
take another reading to resolve the ambi- 


guity. 
Phased Arrays and Adcocks 
* Two-element phased arrays are popular 


for amateur HF RDF base station installa- 


tions. Many directional patterns are pos- 
sible, depending on the spacing and phas- 
ing of the elements. A useful example is 
two '/2-A elements spaced !/4 À apart and 
fed 90? out of phase. The resultant pattern 
is a cardioid, with a null off one end of the 


axis of the two antennas and a broad peak . | 


in the opposite direction. The directional 
frequency range of this antenna is limited 
to one band, because of the critical length 


` of the pliasing lines.. : 


The best-known phased array for RDF 
is the Adcock, named after the man who 
invented it in 1919. It consists of two ver- 
tical elements fed 180° apart, mounted so 


‚ the array may be rotated. Element spacing 


is not critical, and may be in the range from 
1/10 to 2/4 À. The two elements must be of 
identical lengths, but need not be self- 


_ resonant; shorter elements аге commonly 


used. Because neither the element spacing 


‚ пог length is critical in terms of wave- 


lengths, an Adcock array may operate over 
more than one amateur band. 


Fig 23.74 is a schematic of a typical : 
` Adcock: configuration, called the H- 


Adcock because of its shape. Response to 
a vertically polarized wave is very similar 


to à conventional loop. The passing wave - 


induces currents I1 and I2 into the vertical 
members. The output current in ће trans- 
mission line is equal to their difference. 


Consequently, the directional pattern has ` 


two broad peaks and two sharp nulls, like 
the loop. The magnitude of the difference 


-current is proportional to the spacing (d) 


and length (1) of the elements. You will get 


‚ Somewhat higher gain with larger dimen- 


r 


TO ADCOCK 


ANTENNA 


Fig 23.74 — A simple Adcock antenna 
and its coupler. 


SENSING ANTENNA 


SENSING 
ELEMENT 
ойт 


Fig 23.73 — At A, the directivity pattern ofa loop antenna with sensing element. 
At B is a circuit for combining the signals from the two elements. Adjust C1 for 


resonance with T1 at the operating frequency. 


` 
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sions. The Adcock of Fig 23.75, designed 
for 40 m, has element lengths of 12 ft and 
spacing of 21 ft (approximately 0.15 A). 

Fig 23.76 shows the radiation pattern of 
the Adcock. The nulls are broadside to the 
axis of the array, becoming sharper with 
increased element spacings. When ele- 
ment spacing exceeds 2/4 A, however, the 
antenna begins to take on additional un- 
wanted nulls off the ends of the array axis. 

The Adcock is a vertically polarized an- 
tenna. The vertical elements do not re- 
spond to horizontally polarized waves, and 
the currents induced in the horizontal 
members by a horizontally polarized wave 
(dotted arrows in Fig 23.74) tend to bal- 
ance out regardless of the orientation of 
the antenna. 


Fig 23.75 — An experimental Adcock 
antenna on a wooden frame. 


Fig 23.76 — The pattern of an Adcock 
array with element spacing of '/; 
wavelength. The elements are aligned 
with the vertical axis. 
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Since the Adcock uses a balanced feed 
system, a coupler is required to match the 
unbalanced input of the receiver. ТІ is an 
air-wound coil with a two-turn link 
wrapped around the middle. The combina- 
tion is resonated with C1 to the operating 
frequency. C2 and C3 are null-clearing ca- 
pacitors. Adjust them by placing a low- 
power signal source some distance from the 
antenna and exactly broadside to it. Adjust 
C2 and СЗ until the deepest null is obtained. 

While you can use a metal support for 
the mast and boom, wood is preferable 
because of its nonconducting properties. 
Similarly, a mast of thick-wall PVC pipe 
gives less distortion of the antenna pattern 
than a metallic mast. Place the coupler on 
the ground below the wiring harness junc- 
tion on the boom and connect it with a short 
length of 300-Q twin-lead feed line. 


Loops vs Phased Arrays 


Loops are much smaller than phased ar- 
rays for the same frequency, and are thus 
the obvious choice for portable/mobile HF 
RDF. For base stations in a triangulation 
network, where the 180? ambiguity is not 
a problem, Adcocks are preferred. In gen- 
eral, they give sharper nulls than loops, 
but this is in part a function of the care 
used in constructing and feeding the indi- 
vidual antennas, as well as of the spacing 
of the elements. The primary construction 
considerations are the shielding and bal- 
ancing of the feed line against unwanted 
signal pickup and the balancing of the 
antenna for a symmetrical pattern. Users 
report that Adcocks are somewhat less 
sensitive to proximity effects, probably 
because their larger aperture offers some 
space diversity. 


Skywave Considerations 


Until now we have considered the di- 
rectional characteristics of the RDF loop 
only in the two-dimensional azimuthal 
plane. In three-dimensional space, the re- 
sponse of a vertically oriented small loop 
is doughnut-shaped. The bidirectional null 
(analogous to a line through the doughnut 
hole) is in the line of bearing in the azi- 
muthal plane and toward the horizon in the 
vertical plane. Therefore, maximum null 
depth is achieved only on signals arriving 
at 0° elevation angle. 

Skywave signals usually arrive at non- 
zero wave angles. As the elevation angle 
increases, the null in a vertically oriented 
loop pattern becomes more shallow. It is 
possible to tilt the loop to seek the null in 
elevation as well as azimuth. Some ama- 
teur RDF enthusiasts report success at es- 
timating distance to the target by measure- 
ment of the elevation angle with a tilted 
loop and computations based on estimated 


height of the propagating ionospheric 
layer. This method seldom provides high 
accuracy with simple loops, however. 
Most users prefer Adcocks to loops for 
skywave work, because the Adcock null is 
present at all elevation angles. Note, how- 
ever, that an Adcock has a null in all direc- 
tions from signals arriving from overhead. 
Thus for very high angles, such as under- 
250-mile skip on 80 and 40 m, neither 
loops nor Adcocks will perform well. 


Electronic Antenna Rotation 


State-of-the-art fixed RDF stations for 
government and military work use antenna 
arrays of stationary elements, rather than 
mechanically rotatable arrays. The best 
known type is the Wullenweber antenna. 
It has a large number of elements arranged 
in a circle, usually outside of a circular 
reflecting screen. Depending on the instal- 
lation, the circle may be anywhere from a 
few hundred feet to more than a quarter 
of a mile in diameter. Although the 
Wullenweber is not practical for most 
amateurs, some of the techniques it uses 
may be applied to amateur RDF. 

The device which permits rotating the 
antenna beam without moving the elements 
has the classic name radiogoniometer, or 
simply goniometer. Early goniometers 
were RF transformers with fixed coils con- 
nected to the array elements and a moving 
pickup coil connected to the receiver input. 
Both amplitude and phase of the signal 
coupled into the pickup winding are altered 
with coil rotation in a way that corre- 
sponded to actually rotating the array it- 
self. With sufficient elements and a goni- 
ometer, accurate RDF measurements can 
be taken in all compass directions. 


Beam Forming Networks 

By properly sampling and combining 
signals from individual elements in a large 
array, an antenna beam is electronically 
rotated or steered. With an appropriate 
number and arrangement of elements in 
the system, it is possible to form almost 
any desired antenna pattern by summing 
the sampled signals in appropriate ampli- 
tude and phase relationships. Delay net- 
works and/or attenuation are added in line 
with selected elements before summation 
to create these relationships. 

To understand electronic beam forming, 
first consider just two elements, shown as 
A and B in Fig 23.77. Also shown is the 
wavefront of a radio signal arriving from a 
distant transmitter. The wavefront strikes 
element A first, then travels somewhat far- 
ther before it strikes element B. Thus, there 
is an interval between the times that the 
wavefront reaches elements A and B. 

We can measure the differences in ar- 
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Fig 23.77 — One technique used in 
electronic beam forming. By delaying 
the signal from element A by an 
amount equal to the propagation delay, 
two signals are summed precisely in 
phase, even though the signal is not in 
the broadside direction. 


No 


Each has advantages over the others in 
certain situations. Many RDF enthusiasts 
employ more than one method when trans- 
mitter hunting. — — d | 


Directional Antennas 


Ordinary mobile transceivers and hand- 
helds work well for foxhunting’on the 


popular VHF bands. If you have a light- 


weight beam and your receiver has an 
easy-to-read S-meter, you are nearly ready 


to start. All you need is an RF attenuator · 


and some way to mount the setup in your 


‚ vehicle. 


Amateurs seldom use fractional wave- ` 


. length loops for RDF above 60 MHz be- 


' rival times by delaying the signal received 
at element A before summing it with that 
from element B. If two signals are com- 
bined directly, the amplitude of the sum 
will be maximum when the delay for ele- 
ment A exactly equals the propagation 
delay, giving an in-phase condition at the 
summation point. On the other hand, if one 
of the signals is inverted and the two are 
added, the signals will combine in a 180° 
out-of-phase relationship when the ele- 
ment A delay equals the propagation de- 
lay, creating a null. Either way, once the 
time delay is determined by the amount of 
delay required for a peak or null, we can 
convert it to distance. Then trigonometry 
calculations provide the direction from 
which the wave is arriving. 

Altering the delay in small increments 


steers the peak (or null) of the antenna. · 


The system is not frequency sensitive, 
other than the frequency range limitations 
of the array elements. Lumped-constant 
networks are suitable'for delay elements if 
the system is used only for receiving. De- 
lay lines at installations used for transmit- 
ting and receiving employ rolls of coaxial 
cable of various lengths, chosen for the 
time delay they provide at all frequencies, 


rather than as simple phasing lines de- · 


signed for a single frequency. 

* Combining signals from additional ele- 
ments narrows the broad beamwidth of the 
pattern from the two elements and sup- 


press unwanted sidelobes. Eléctronically ` 


switching the delays and attenuations to 
the various elements causes the formed 
beam to rotate around the compass. The 
package of electronics that does this, 
including delay lines and electronically 
switched attenuators, is the beam forming 
network. d 


METHODS FOR VHF/UHF RDF 
Three distinct methods of. mobile 
RDF are commonly in use by amateurs on 
VHF/UHF bands: directional antennas, 
switched dual antennas and Dopplers. 


` 


-cause they have bidirectional characteris- 


tics and low sensitivity, compared to othér 
practical VHF antennas. Sense circuits for 
loops are difficult to implement at VHF, 
and signal reflections tend to fill in the 
nulls. Typically VHF loops are used only 
for close-in sniffing where their compact- 
ness and sharp nulls are assets, and low 
gain is of no consequence. 


\ 


Phased Arrays 


-The small size and simplicity of 2-ele- 
ment driven arrays make them a common 
choice of newcomers.at VHF RDF. An- 
tennas such as phased ground planes and 
ZL Specials have modest gain in one di- 
rection and a null in the opposite direc- 
tion. The gain is helpful when the signal is 


weak, but the broad response peak makes . 


it difficult to take a precise bearing. | 

As the signal gets stronger, it becomes 
possible to use the null for a sharper 
S-meter indication. However, combina- 


tions of direct and reflected signals (called 


multipath) will distort the null or perhaps 
obscure it completely. For best results 
with this type of antenna, always find clear 
locations from which to take bearings. 


Parasitic Arrays f 
Parasitic arrays are the most common 


‘RDF antennas used by transmitter hunters | 


_in high competition areas such as South- 


ern California. Antennas with significant 
gain are a necessity due to the weak sig- 
nals often encountered on weekend-long 
T-hunts, where the transmitter may be 


over 200 miles distant. Typical 144-MHz- 


installations feature Yagis or quads of 
three to six elements, sométimes more. 


Quads are typically home-built, using data 


from The ARRL Antenna Book and Trans- 
mitter Hunting (see Bibliography). 

Two types of mechanical construction 
are popular for mobile VHF quads. The 


model of Fig 23.78 uses thin gauge wire 


(solid or stranded), suspended on wood 
dowel or fiberglass rod spreaders. It is 


lightweight and easy to turn rapidly by | 


hand while the vehicle moves. Many hunt- 


- ers prefer to use larger gauge solid wire 


(such as AWG 10) on a PVC plastic pipe ` 
frame (Fig 23.79). This quad is more rug- 
ged and has somewhat wider frequency 


` Fig 23.78 — The mobile RDF installa- 
tion of WB6ADC features a thin wire 
.quad for 144 MHz and a mechanical 
linkage that permits either the driver or 
front passenger to rotate the mast by 
hand. i . 


Fig 23.79 — K@OV uses this mobile 
setup for RDF on several bands, with 
separate antennas for each band that 
mate with a common lower mast 
section, pointer and 360? indicator. 
Antenna shown is a heavy gauge wire 
quad for 2 m. 
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range, at the expense of increased weight 
and wind resistance. It can get mashed 
going under a willow, but it is easily re- 
shaped and returned to service. 

Yagis are a close second to quads in 
popularity. Commercial models work fine 
for VHF RDF, provided that the mast is 
attached at a good balance point. Light- 
weight and small-diameter elements are 
desirable for ease of turning at high 
speeds. 

A well-designed mobile Yagi or quad 
installation includes a method of selecting 
wave polarization. Although vertical 
polarization is the norm for VHF-FM 
communications, horizontal polarization 
is allowed on many T-hunts. Results will 
be poor if a VHF RDF antenna is cross- 
polarized to the transmitting antenna, be- 
cause multipath and scattered signals 
(which have indeterminate polarization) 
are enhanced, relative to the cross-polar- 
ized direct signal. The installation of 
Fig 23.78 features a slip joint at the boom- 
to-mast junction, with an actuating cord to 
rotate the boom, changing the polariza- 
tion. Mechanical stops limit the boom 
rotation to 90°. 


Parasitic Array Performance for RDF 


The directional gain of a mobile beam 
(typically 8 dB or more) makes it unex- 
celled for both weak signal competitive 
hunts and for locating interference such as 
TV cable leakage. With an appropriate 
receiver, you can get bearings on any sig- 
nal mode, including FM, SSB, CW, TV, 
pulses and noise. Because only the re- 
sponse peak is used, the null-fill problems 
and proximity effects of loops and phased 
arrays do not exist. 

You can observe multiple directions of 
arrival while rotating the antenna, allow- 
ing you to make educated guesses as to 
which signal peaks are direct and which 
are from nondirect paths or scattering. 
Skilled operators can estimate distance to 
the transmitter from the rate of signal 
strength increase with distance traveled. 
The RDF beam is useful for transmitting, 
if necessary, but use care not to damage an 
attenuator in the coax line by transmitting 
through it. 

The 3-dB beamwidth of typical mobile- 
mount VHF beams is on the order of 80°. 
This is a great improvement over 2-ele- 
ment driven arrays, but it is still not pos- 
sible to get pinpoint bearing accuracy. You 
can achieve errors of less than 10? by care- 
fully reading the S-meter. In practice, this 
is not a major hindrance to successful 
mobile RDF. Mobile users are not as con- 
cerned with precise bearings as fixed sta- 
tion operators, because mobile readings 
are used primarily to give the general di- 
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rection of travel to “home in" on the sig- 
nal. Mobile bearings are continuously up- 
dated from new, closer locations. 
Amplitude-based RDF may be very dif- 
ficult when signal level varies rapidly. The 
transmitter hider may be changing power, 
or the target antenna may be moving or 
near a well-traveled road or airport. The 
resultant rapid S-meter movement makes 
it hard to take accurate bearings with a 
quad. The process is slow because the 
antenna must be carefully rotated by hand 
to "eyeball average" the meter readings. 


Switched Antenna RDF Units 


Three popular types of RDF systems are 
relatively insensitive to variations in sig- 
nal level. Two of them use a pair of verti- 
cal dipole antennas, spaced '/2 A or less 
apart, and alternately switched at a rapid 
rate to the input of the receiver. In use, the 
indications of the two systems are similar, 
but the principles are different. 


Switched Pattern Systems 


The switched pattern RDF set (Fig 
23.80) alternately creates two cardioid 
antenna patterns with lobes to the left and 
the right. The patterns are generated in 
much the same way as in the phased arrays 
described above. PIN RF diodes select the 
alternating patterns. The combined an- 
tenna outputs go to a receiver with AM 
detection. Processing after the detector 
output determines the phase or amplitude 
difference between the patterns' responses 
to the signal. 

Switched pattern RDF sets typically 
have a zero center meter as an indica- 
tor. The meter swings negative when 
the signal is coming from the user's left, 
and positive when the signal source is 
on the right. When the plane of the an- 
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Fig 23.80 — In a switched pattern RDF 
set, the responses of two cardioid 
antenna patterns are summed to drive 
a zero center indicator. 


tenna is exactly perpendicular to the 
direction of the signal source, the meter 
reads zero. 

The sharpness of the zero crossing indi- 
cation makes possible more precise bear- 
ings than those obtainable with a quad or 
Yagi. Under ideal conditions with a well- 
built unit, null direction accuracy is within 
1°. Meter deflection tells the user which 
way to turn to zero the meter. For example, 
a negative (left) reading requires turning 
the antenna left. This solves the 180? am- 
biguity caused by the two zero crossings 
in each complete rotation of the antenna 
system. 

Because it requires AM detection of the 
switched pattern signal, this RDF system 
finds its greatest use in the 120-MHz air- 
craft band, where AM is the standard 
mode. Commercial manufacturers make 
portable RDF sets with switched pattern 
antennas and built-in receivers for field 
portable use. These sets can usually be 
adapted to the amateur 144-MHz band. 
Other designs are adaptable to any VHF 
receiver that covers the frequency of in- 
terest and has an AM detector built in or 
added. 

Switched pattern units work well for 
RDF from small aircraft, for which the two 
vertical antennas are mounted in fixed po- 
sitions on the outside of the fuselage or 
simply taped inside the windshield. The 
left-right indication tells the pilot which 
way to turn the aircraft to home in. Since 
street vehicles generally travel only on 
roads, fixed mounting of the antennas on 
them is undesirable. Mounting vehicular 
switched-pattern arrays on a rotatable 
mast is best. 


Time of Arrival Systems 


Another kind of switched antenna RDF 
set uses the difference in arrival times of 
the signal wavefront at the two antennas. 
This narrow-aperture Time-Difference- 
of-Arrival (TDOA) technology is used for 
many sophisticated military RDF systems. 
The rudimentary TDOA implementation 
of Fig 23.81 is quite effective for amateur 
use. The signal from transmitter 1 reaches 
antenna A before antenna B. Conversely, 
the signal from transmitter 3 reaches an- 
tenna B before antenna A. When the plane 
of the antenna is perpendicular to the sig- 
nal source (as transmitter 2 is in the fig- 
ure), the signal arrives at both antennas 
simultaneously. 

If the outputs of the antennas are alter- 
nately switched at an audio rate to the re- 
ceiver input, the differences in the arrival 
times of a continuous signal produce phase 
changes that are detected by an FM dis- 
criminator. The resulting short pulses 
sound like a tone in the receiver output. 
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Fig 23.81 — A dual-antenna TDOA RDF 
system has a similar indicator to a 
switched pattern unit, but it obtains 
bearings by determining which of its 
antennas is closer to the transmitter. 


The tone disappears when the antennas are 
equidistant from the signal source, giving 
an audible null. 

The polarity of the pulses at the dis- 
criminator output is a function of which 
antenna is closer to the source. Therefore, 
the pulses can be processed and used to 
drive a left-right zero center meter in a 
manner similar to the switched pattern 
units described above. Left-right LED in- 


dicators may replace the meter for 


economy and visibility at night. 


RDF operations with a TDOA dual an- ` 


tenna RDF are done in the same manner as 
with a switched antenna RDF set. The 
main difference is the requirement for an 
FM receiver in the TDOA system and an 
AM receiver in the switched pattern case. 
No RF attenuator is needed for close-in 
work in the TDOA case. 

Popular designs for practical do-it- 
yourself TDOA RDF sets include the 
Simple Seeker (described elsewhere in 
this chapter) and the W9DUU design (see 
article by Bohrer in the Bibliography): 
Articles with plans for the Handy Tracker, 
a simple TDOA set with a delay line to 
resolve the dual-null ambiguity instead of 
LEDs or a meter, are listed in the а 
‘raphy. . 


Performance Comparison 


Both types of dual antenna RDFs make 
good on-foot “sniffing” devices and are 
excellent performers when there are rapid 
amplitude variations in the incoming sig- 


nal. They are the units of choice for air- , 


borne work. Compared to Yagis and 
quads, they give good directional perfor- 
mance over a much wider frequency range. 
Their indications are more precise than 


those of beams with broad forward lobes. . 
Dual-antenna RDF sets frequently give 


\ 


‚ inaccurate bearings in multipath situa- 


tions, because they cannot resolve signals 


- of nearly equal levels from more than one 


direction. Because multipath signals are a 
combined pattern of peaks and nulls, they 


‘ appear to change in amplitude and bearing 


as you move the RDF antenna along the 
bearing path or perpendicular to it, 
whereas à non-multipath signal will have 
constant strength and bearing. 

The best way to overcome this problem 


` is-to take large numbers of bearings while 


moving toward the transmitter. Taking 
bearings while in motion averages out the 
effects of multipath, making the direct sig- 


nal more readily discernible. Some TDOA 


RDF sets have a slow-response mode that 
aids the averaging process. 

Switched antenna systems generally do 
not perform well when the incoming sig- 


nal is horizontally polarized. In such. 


cases, the bearings may be inaccurate or 
unreadable. TDOA units require a carrier 
type signal such as FM or CW; they usu- 
ally cannot yield bearings on noise or 
pulse signals. i 


Unless an additional method. is em- ' 


ployed to measure signal strength, it is 
easy to “overshoot” the hidden transmitter 


location with a TDOA set. It is not un- 
common to see a ТРОА foxhunter walk | 


over the top of aconcealed transmitter and 
walk away, following the opposite 180° 


‚пи, because there is no display of signal 


amplitude. 


Doppler RDF Sets 


RDF sets using the Doppler principle 
are popular in many areas because of their 
ease of use. They have an indicator that 
instantaneously displays direction of the 


` signal source relative to the vehicle head- 
Ang, either on a circular ring of LEDs or a 
- digital readout in degrees. A ring of four, 


eight or more antennas picks up the signal. 
Quarter-wavelength monopoles on a 
ground plane are popular for vehicle use, 
but half-wavelength vertical dipoles, 
where practical, perform better. 

Radio signals received оп a rapidly 
moving antenna experience a frequency 
shift due to the Doppler effect, a phenom- 


enon well known to anyone who has ob- | 
'. served a moving car with its horn sound- 


ing. The horn's pitch appears higher than 


normal as the car approaches, and lower as К 
the car recedes. Similarly, the received 


radio frequency increases as the antenna 
moves toward the transmitter and vice 


versa. An FM receiver will detect this fre- - 


quency change. 

Fig 23.82 shows a '/4-A vertical antenna 
being moved on a circular track around 
point P, with constant angular velocity. As 
the antenna approaches the transmitter on 
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Fig 23.82 — A theoretical Doppler 


antenna circles around point P, 
continuously moving toward and away 
from the source at an audio rate. 


VELOCITY V, 


Fig 23.83 — Frequency shift versus 
time produced by the rotating antenna 
movement toward and away from the 
signal source. 


its track, the received frequency is shifted 
higher. The highest instantaneous fre- 
quency occurs when the antenna is at point 
A, because tangential velocity toward the 
transmitter is maximum at that point. Con- 
versely, the lowest frequency occurs when 


: the antenna reaches point C, where veloc- 
‘ity is maximum away from the transmitter. 


` Fig 23.83 shows a plot of the compo- 
nent of the tangential velocity that is in the 
direction of the transmitter as the antenna 
moves around the circle. Comparing Figs 
23.82 and 23.83, notice that at B in Fig 
23.83, the tangential velocity is crossing 
zero from the positive to the negative and 
the antenna is closest to the transmitter. 
The Doppler shift and resulting audio out- 
put from the receiver discriminator follow 
the same plot, so that a negative-slope 
zero-crossing detector, synchronized with 
the antenna rotation, senses the incoming 
direction of the. signal. 

The amount of frequency shift due to 
the Doppler effect is proportional to the 
RF frequency and the tangential antenna 
velocity. The velocity is a function of the 


_ radius of rotation and the angular velocity 


(rotation rate). The radius of rotation must 
be less than '/4 А to avoid errors. To get a 
usable amount of FM deviation (compa- 
rable to typical voice modulation) with 


x 
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this radius, the antenna must rotate at ap- 
proximately 30,000 RPM (500 Hz). This 
puts the Doppler tone in the audio range 
for easy processing. 

Mechanically rotating a whip antenna 
at this rate is impractical, but a ring of 
whips, switched to the receiver in succes- 
sion with RF PIN diodes, can simulate a 
rapidly rotating antenna. Doppler RDF 
sets must be used with receivers having 
FM detectors. The DoppleScAnt and 
Roanoke Doppler (see Bibliography) are 
mobile Doppler RDF sets designed for 
inexpensive home construction. 


Doppler Advantages and Disadvantages 


Ring-antenna Doppler sets are the ulti- 
mate in simplicity of operation for mobile 
RDF. There are no moving parts and no 
manual antenna pointing. Rapid direction 
indications are displayed on very short 
signal bursts. 

Many units lock in the displayed direc- 
tion after the signal leaves the air. Power 
variations in the source signal cause no 
difficulties, as long as the signal remains 
above the RDF detection threshold. A 
Doppler antenna goes on top of any car 
quickly, with no holes to drill. Many Local 
Interference Committee members choose 
Dopplers for tracking malicious interfer- 
ence, because they are inconspicuous 
(compared to beams) and effective at 
tracking the strong vertically polarized 
signals that repeater jammers usually emit. 

A Doppler does not provide superior 
performance in all VHF RDF situations. If 
the signal is too weak for detection by the 
Doppler unit, the hunt advantage goes to 
teams with beams. Doppler installations 
are not suitable for on-foot sniffing. The 
limitations of other switched antenna 
RDFs also apply: (1) poor results with 
horizontally polarized signals, (2) no indi- 
cation of distance, (3) carrier type signals 
only and (4) inadvisability of transmitting 
through the antenna. 

Readout to the nearest degree is pro- 
vided on some commercial Doppler units. 
This does not guarantee that level of accu- 
racy, however. A well-designed four- 
monopole set is typically capable of £5° 
accuracy on 2 m, if the target signal is 
vertically polarized and there are no 
multipath effects. 

The rapid antenna switching can intro- 
duce cross modulation products when the 
useris near strong off-channel RF sources. 
This self-generated interference can tem- 
porarily render the system unusable. 
While nota common problem with mobile 
Dopplers, it makes the Doppler a poor 
choice for use in remote RDF installations 
at fixed sites with high power VHF trans- 
mitters nearby. 
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Mobile RDF System Installation 


Of these mobile VHF RDF systems, the 
Doppler type is clearly the simplest from 
a mechanical installation standpoint. A 
four-whip Doppler RDF array is easy to 
implement with magnetic mount antennas. 
Alternately, you can mount all the whips 
ona frame that attaches to the vehicle roof 
with suction cups. In either case, setup is 


Fig 23.84 — A set of TDOA RDF 
antennas is light weight and mounts 
readily through a sedan window 
without excessive overhang. 


Fig 23.85 — A window box allows the 
navigator to turn a mast mounted 
antenna with ease while remaining dry 
and warm. No holes in the vehicle are 
needed with a properly designed 
window box. 


rapid and requires no holes in the vehicle. 

You сап turn small VHF beams and dual- 
antenna arrays readily by extending the 
mast through a window. Installation on 
each model vehicle is different, but usually 
the mast can be held in place with some sort 
of cup in the arm rest and a plastic tie at the 
top of the window, as in Fig 23.84. This 
technique works best on cars with frames 
around the windows, which allow the door 
to be opened with the antenna in place. 
Check local vehicle codes, which limit how 
far your antenna may protrude beyond the 
line of the fenders. Larger antennas may 
have to be put on the passenger side of the 
vehicle, where greater overhang is gener- 
ally permissible. 

The window box (Fig 23.85) is an im- 
provement over through-the-window 
mounts. It provides a solid, easy-turning 
mount for the mast. The plastic panel 
keeps out bad weather. You will need to 
custom-design the box for your vehicle 
model. Vehicle codes may limit the use of 
a window box to the passenger side. 

For the ultimate in convenience and 
versatility, cast your fears aside, drill a 
hole through the center of the roof and 
install a waterproof bushing. A roof-hole 
mount permits the use of large antennas 
without overhang violations. The driver, 
front passenger and even a rear passenger 
can turn the mast when required. The in- 
stallation in Fig 23.79 uses a roof-hole 
bushing made from mating threaded PVC 
pipe adapters and reducers. When it is not 
in use for RDF, a PVC pipe cap provides 
a watertight cover. There is a pointer and 
360? indicator at the bottom of the mast 
for precise bearings. 


DIRECTION-FINDING 
TECHNIQUES AND PROJECTS 


The ability to locate a transmitter 
quickly with RDF techniques is a skill you 
will acquire only with practice. It is very 
important to become familiar with your 
equipment and its limitations. You must 
also understand how radio signals behave 
in different types of terrain at the fre- 
quency of the hunt. Experience is the best 
teacher, but reading and hearing the stories 
of others who are active in RDF will help 
you get started. 

Verify proper performance of your por- 
table RDF system before you attempt to 
track signals in unknown locations. Of pri- 
mary concern is the accuracy and symmetry 
of the antenna pattern. For instance, a lop- 
sided figure-8 pattern with a loop, Adcock, 
or TDOA set leads to large bearing errors. 
Nulls should be exactly 180? apart and ex- 
actly at right angles to the loop plane or the 
array boom. Similarly, if feed-line pickup 
causes an off-axis main lobe in your VHF 


RDF beam, your route to the target will be: a 
spiral instead of a straight line. ~ 

Perform initial checkout with a low- 
powered test transmitter at a distance of a 
few hundred feet. Compare the RDF bear- 
ing indication with the visual path to the 
transmitter. Try to “find” the transmitter 
with the RDF equipment as if its position 
were not known. Be sure to check all nulls 
on antennas that have more than one. 

If imbalance or off-axis response is found 
in the antennas, there are two options avail- 
able., Опе is.to correct it, insofar as pos- 
sible. A second option is to accept it and use 
some kind of indicator or correction proce- 
dure to show the true directions of signals. 
Sometimes the end result of the calibration 
procedure is a compromise between these 
two options, as a perfect pattern may. be 
difficult or impossible to attain. 

The same calibration suggestions apply 


for fixed RDF installations; such as a base - 


station HF Adcock or VHF beam. Of 
course it does no good to move it to an 
open field. Instead, calibrate the array in 
its intended operating position, using a 
portable or mobile transmitter. Because of 
' nearby obstructions or reflecting objects, 
` your antenna may not indicate the precise 

direction of the transmitter. Check for 

imbalance and systemic error by taking 


readings with the test.emitter at locations . 


in several different directions. 
The test signal should be at a distance of 


_2-or 3 miles for these measurements, and, 


should be in as clear an area as possible 
during transmissions. Avoid locations 
where power lines and other overhead 
wiring can conduct signal from the trans- 
mitter to the RDF site. Once antenna ad- 


justments are optimized, make a table of ` 


bearing errors noted in all compass direc- 
tions. Apply these error values as correc- 
tions when actual measurements are made. 
Preparing to Hunt 

Successfully tracking down a hidden 


transmitter involves detective work — . 
examining all the clues, weighing the evi- . 


dence and using good judgment. Before 
setting out to locate the source of a signal, 
note its general characteristics. Is the fre- 


quency constant, or does it drift? Is the - 


signal continuous, and if not, how long are 
transmissions? Do transmissions occur at 
regular intervals, or are they sporadic? 
Irregular, intermittent signals are the most 
difficult to locate, requiring patience and 
quick action to get bearings when the 
transmitter comes on. 


; Refraction, Reflections and the Night: 
Effect 


You will get best accuracy in tracking i 


‘ground wave signals when the propaga- 
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tion path is over homogeneous terrain. If 
there is a land/water boundary in the path, 
the different conductivities of the two 
media can cause bending (refraction) of 
the wave front, as in Fig 23.86A. Even the 
most sophisticated RDF equipment will 
not indicate the correct bearing in this situ- 


‘ation, as the equipment can only show the 


direction from which the signal is arriv- 


ing. RDFers have observed this phenom- 
: enon on both HF and VHF bands. 


Signal reflections also cause mislead- 


ing bearings. This effect becomes more- 


pronounced as frequency increases. T- 
hunt hiders regularly achieve strong sig- 
nal bounces from distant mountain ranges 
on the 144-MHz band. - 

Tall buildings also reflect VHF/UHF 


signals, making midcity RDF difficult. 


Hunting on the 440-MHz and higher ama- 
teur bands is even more arduous because. 
of the plethora of reflecting objects. ~ 
In areas of signal reflection ‘апа 
multipath, some RDF gear may indicate 


‘that the signal is coming from an interme- - 


diate point, as in Fig 23.86B. High gain 


: VHF/UHF RDF beams will show direct 
-and reflected signals as separate S-meter 


peaks, leaving it to the operator to deter- 
mine which is which. Null-based RDF an- 
tennas, such as phased arrays and loops, 
have the most difficulty with multipath, 


because the multiple signals tend to make ' 


the nulls very shallow or fill them in en- 
tirely, resulting i in no pearing indication at 
all. 

If the direct path to the transmitter is 
masked by. intervening terrain, a signal 


TRUE BEARING 


‘reflection from a higher mountain, build- 
‘ing, water tower, or the like may be much 


stronger than the direct signal. In extreme 
cases, triangulation from several locations 
will appear to “confirm” that the transmit- 
ter is at the location of the reflecting ob- 
ject. The direct signal may not be detect- 
able until you arrive at the reflecting point 
or another high location. . | 
Objects near the observer such as con- 
crete/steel buildings, power lines and 
chain-link fences will distort the incom- 
ing wavefront and give bearing errors. 
Even a dense grove of trees can sometimes 
have an adverse effect. It is always best to © 
take readings in locations that are as open: ` 
and clear as possible, and to take bearings 


‘from numerous positions for confirma- 


tion. Testing of RDF gear should also be 


^ done in clear locations. 


Locating local signal sources on fre- 


quencies below 10 MHz is much easier 


during daylight hours, particularly with 
loop antennas. In the daytime, D-layer ab- . 
sorption minimizes skywave propagation 
on these frequencies. When the D layer 
disappears after sundown, you may hear 
the signal by a combination of ground 
wave and high-angle skywave, making it 
difficult or impossible to obtain a bearing. 


RDFers call this phenomenon the night 


effect. 
While some mobile T-hunters prefer to 
go it alone, most have more success by 


` teaming up and assigning tasks. The driver 


concentrates on handling the. vehicle,. 


` while the assistant (called the "navigator" 


by some teams) turns the beam, reads 


SOURCE 


MOUNTAIN 
RIOGE 


REFLECTED 
WAVE 


Fig 23.86 — RDF errors caused by refraction (A) and reflection (B). The reading at 


A is false because the signal actually arrives from a direction that is different 


from that to the source. At B, a direct signal from the source combines with a 
reflected signal from the mountain ridge. The RDF set may average the oranes as 


shown, or indicate twọ lines. of bearing. 
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the meters and calls out bearings. The as- 
sistant is also responsible for maps and 
plotting, unless there is a third team 
member for that task. 


Maps and Bearing-Measurements 


Possessing accurate maps and knowing 
how to use them is very important for suc- 
cessful RDF. Even in difficult situations 
where precise bearings cannot be ob- 
tained, a town or city map will help in plot- 
ting points where signal levels are high 
and low. For example, power line noise 
tends to propagate along the power line 
and radiates as it does so. Instead of a 
single source, the noise appears to come 
from a multitude of sources. This renders 
many ordinary RDF techniques ineffec- 
tive. Mapping locations where signal am- 
plitudes are highest will help pinpoint the 
source. 

Several types of area-wide maps are 
suitable for navigation and triangulation. 
Street and highway maps work well for 
mobile work. Large detailed maps are 
preferable to thick map books. Contour 
maps are ideal for open country. Aeronau- 
tical charts are also suitable. Good sources 
of maps include auto clubs, stores catering 
to camping/hunting enthusiasts and city/ 
county engineering departments. 

A heading is a reading in degrees rela- 
tive to some external reference, such as 
your house or vehicle; a bearing is the 


target signal’s direction relative to your 
position. Plotting a bearing on a hidden 
transmitter from your vehicle requires 
that you know the vehicle location, trans- 
mitter heading with respect to the vehicle 
and vehicle heading with respect to true 
north. 

First, determine your location, using 
landmarks or a navigation device such 
as a loran or GPS receiver. Next, using 
your RDF equipment, determine the 
bearing to the hidden transmitter (0 to 
359.9°) with respect to the vehicle. Zero 
degrees heading corresponds to signals 
coming from directly in front of the ve- 
hicle, signals from the right indicate 
90°, and so on. 

Finally, determine your vehicle’s true 
heading, that is, its heading relative to true 
north. Compass needles point to magnetic 
north and yield magnetic headings. Trans- 
lating a magnetic heading into a true head- 
ing requires adding a correction factor, 
called magnetic declination, which is a 
positive or negative factor that depends on 
your location. 

Declination for your area is given on US 
Geological Survey (USGS) maps, though 
it undergoes long-term changes. Add the 
declination to your magnetic heading to 
get a true heading. 

As an example, assume that the trans- 
mitted signal arrives at 30° with respect to 
the vehicle heading, that the compass in- 


Fig 23.87 — Bearing sectors from three RDF positions drawn on а map for 
triangulation. In this case, bearings are from loop antennas, which have 180° 
ambigulty. 
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dicates that the vehicle’s heading is 15°, 
and the magnetic declination is +15°. Add 
these values to get a true transmitter bear- 
ing (that is, a bearing with respect to true 
north) of 60°. 

Because of the large mass of surround- 
ing metal, itis very difficult to calibrate an 
in-car compass for high accuracy at all ve- 
hicle headings. Itis better to use aremotely 
mounted flux-gate compass sensor, prop- 
erly corrected, to get vehicle headings, or 
to stop and use a hand compass to measure 
the vehicle heading from the outside. If 
you T-hunt with a mobile VHF beam or 
quad, you can use your manual compass to 
sight along the antenna boom for a mag- 
netic bearing, then add the declination for 
true bearing to the fox. 


Triangulation Techniques 


If you can obtain accurate bearings from 
two locations separated by a suitable dis- 
tance, the technique of triangulation will 
give the expected location of the transmit- 
ter. The intersection of the lines of bearing 
from each location provides a fix. Tri- 
angulation accuracy is greatest when sta- 
tions are located such that their bearings 
intersect at right angles. Accuracy is poor 
when the angle between bearings ap- 
proaches 0° or 180°. 

There is always uncertainty in the fixes 
obtained by triangulation due to equip- 
ment limitations, propagation effects and 
measurement errors. Obtaining bearings 
from three or more locations reduces the 
uncertainty. A good way to show the prob- 
able area of the transmitter on the triangu- 
lation map is to draw bearings as a narrow 
sector instead of as a single line. Sector 
width represents the amount of bearing un- 
certainty. Fig 23.87 shows a portion of a 
map marked in this manner. Note how the 
bearing from Site 3 has narrowed down 
the probable area of the transmitter posi- 
tion. 


Computerized Transmitter Hunting 


A portable computer is an excellent tool 
for streamlining the RDF process. Some 
T-hunters use one to optimize VHF beam 
bearings, generating a two-dimensional 
plot of signal strength versus azimuth. 
Others have automated the bearing-taking 
process by using a computer to capture 
signal headings from a Doppler RDF set, 
vehicle heading from a flux-gate compass, 
and vehicle location from a GPS receiver 
(Fig 23.88). The computer program can 
compute averaged headings from a Dop- 
pler set to reduce multipath effects. 

Provided with perfect position and bear- 
ing information, computer triangulation 
could determine the transmitter location 
within the limits of its computational ac- 


curacy. Two bearings would exactly 1о- 
cate a fox. Of course, there are always 
uncertainties and inaccuracies in bearing 
and position data. If these uncertainties 
can be determined, the program can com- 
pute the uncertainty of the triangulated 
bearings. A “smart” computer program 
can evaluate bearings, triangulate the 
bearings of multiple hunters, discard those 
that appear erroneous, determine which 
locations have particularly great or small 
multipath problems and even “grade” the 
performance of RDF stations. 

By adding packet radio connections toa 
group of computerized base and mobile 
RDF stations, the processed bearing data 
from each can be shared. Each station in 
the network can display the triangulated 
bearings of all. This requires a common 
map coordinate set among all stations. The 
USGS Universal Transverse Mercator 
(UTM) grid, consisting of 1x1-km grid 
squares, is a good choice. 

The computer is an excellent RDF tool, 
but it is no substitute for a skilled “naviga- 
tor.” You will probably discover that us- 
ing a computer on a high-speed T-hunt re- 
quires a full-time operator in the vehicle 
to make full use of its capabilities. 


Skywave Bearings and 
Triangulation 


Many factors make it difficult to obtain 
accuracy in skywave RDF work. Because 
of Faraday rotation during propagation, 
skywave signals are received with random 
polarization. Sometimes the vertical com- 
ponent is stronger, and at other times the 
horizontal. During periods when the verti- 
cal component is weak, the signal may 
appear to fade on an Adcock RDF system. 
At these times, determining an accurate sig- 
nal null direction becomes very hard. 

Fora variety of reasons, HF bearing accu- 
racy to within 1 or 2° is the exception rather 
than the rule. Errors of 3 to 5° are common. 
Anerror of 3° at a thousand miles represents 
a distance of 52 miles. Even with every pre- 
caution taken in measurement, do not expect 
cross-country HF triangulation to pinpoint a 
signal beyond a county, a corner of a state or 
a large metropolitan area. The best you can 
expect is to be able to determine where a 
mobile RDF group should begin making a 
local search. 

Triangulation mapping with skywave sig- 
nals is more complex than with ground or 
direct waves because the expected paths are 
great-circle routes. Commonly available 
world maps are not suitable, because the tri- 
angulation lines on them must be curved, 
rather than straight. In general, for flat maps, 
the larger the area encompassed, the greater 
the error that straight line triangulation pro- 
cedures will give. 


97.08 


60.58 


Fig 23.88 — Screen plot from a computerized RDF system showing three T-hunt 
bearings (straight lines radiating from small circles) and the vehicle path (jagged 
trace). The grid squares correspond to areas of standard topographic maps. 


A highway map is suitable for regional 
triangulation work if it uses some form of 
conical projection, such as the Lambert con- 
formal conic system. This maintains the ac- 
curacy of angular representation, but the 
distance scale is not constant over the entire 
map. 

One alternative for worldwide areas is the 
azimuthal-equidistant projection, better 
known as a great-circle map. True bearings 
for great-circle paths are shown as straight 
lines from the center to all points on the 
Earth. Maps centered on three or more dif- 
ferent RDF sites may be compared to gain an 
idea of the general geographic area for an 
unknown source. 

For worldwide triangulation, the best pro- 
jection is the gnomonic, on which all great 
circle paths are represented by straight lines 
and angular measurements with respect to 
meridians are true. Gnomonic charts are cus- 
tom maps prepared especially for govern- 
ment and military agencies. 

Skywave signals do not always follow 
the great-circle path in traveling from a 
transmitter to a receiver. For example, if 
the signal is refracted in a tilted layer of 
the ionosphere, it could arrive from a di- 
rection that is several degrees away from 
the true great-circle bearing. 

Another cause of signals arriving off the 
great-circle path is termed sidescatter. It 
is possible that, at a given time, the iono- 
sphere does not support great-circle propa- 
gation of the signal from the transmitter to 
the receiver because the frequency is 
above the MUF for that path. However, at 
the same time, propagation may be sup- 
ported from both ends of the path to some 
mutually accessible point off the great- 
circle path. The signal from the source may 
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propagate to that point on the Earth’s sur- 
face and hop in a sideways direction to 
continue to the receiver. 

For example, signals from Central Eu- 
rope have propagated to New England by 
hopping from an area in the Atlantic Ocean 
off the northwest coast of Africa, whereas 
the great-circle path puts the reflection 
point off the southern coast of Greenland. 
Readings in error by as much as 50° or 
more may result from sidescatter. The ef- 
fect of propagation disturbances may be 
that the bearing seems to wander some- 
what over a few minutes of time, or it may 
be weak and fluttery. At other times, how- 
ever, there may be no telltale signs to in- 
dicate that the readings are erroneous. 


Closing In 


On a mobile foxhunt, the objective is 
usually to proceed to the hidden T with 
minimum time and mileage. Therefore, do 
not go far out of your way to get off-course 
bearings just to triangulate. It is usually 
better to take the shortest route along your 
initial line of bearing and “home in” on the 
signal. With a little experience, you will 
be able to gauge your distance from the 
fox by noting the amount of attenuation 
needed to keep the S-meter on scale. 

As you approach the transmitter, the 
signal will become very strong. To keep 
the S-meter on scale, you will need to add 
an RF attenuator in the transmission line 
from the antenna to the receiver. Simple 
resistive attenuators are discussed in an- 
other chapter. 

In the final phases of the hunt, you will 
probably have to leave your mobile and 
continue the hunt on foot. Even with an 
attenuator in the line, in the presence of a 
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The Thrill of the Hunt 


Every weekend, in cities and towns all across the country, hams gather on 
hilltops for a special kind of contest. In cars, trucks and vans laden with radio 
gear and bristling with antennas, they anxiously await a faint signal with 
strange beeps and squawks. After some twisting of antenna masts and a few 
moments with a map board and protractor . . . they're off! 

Somewhere out there, one or more hams have put a transmitter on the air. 
When the contesters start out, they have no idea where they will end up. 
Usually they do not know what they are looking for. Wil! the signal source be 
a car by the road, or a hand-held in the bushes, or something else? Clever 
hiders have radiated signals from sprinkler pipes, soda cans. baby carriages, 
shopping carts, survey markers and the ac wiring of a house under construc- 
tion. Where will it be today? 

Good hiders are not content just to see how well they can camouflage their 
rigs. They delight in finding unusual roads, preferably unmapped. They look 
for large terrain features to bounce VHF signals, and have employed such 
exotic antennas as rhombics and helicals to put English on the signal and 
deceive hunters. Like a ventriloquist, a good hider can make the signal 
appear to be coming from some other location. 

On advanced hunts, the fox may be two states away. No clues are allowed. 
At the other end of the scale are events just for beginners, with strictly limited 
boundaries, typically 75 to 2500 square miles. The hider makes short 
transmissions on a repeater input, taunting the hunters and urging them on. 
After a while, there are some hints. The goal is to have all hunters arrive in 
plenty of time for a leisurely picnic or snacks at a nearby restaurant. 

Anyone in the family, licensed or not, can join in. It is easy to get your club 
started in T-hunting—just schedule a hunt and put out the word. Make the 
first hunt easy, keep the boundaries small, and encourage everyone to come 
out. After a few starter events, your club will have a solid cadre of regular 
T-hunters, eager for new challenges. Then, open up the boundaries and 
increase the level of difficulty. 

Give careful thought to how the hunt is scored. The obvious way is to 
award first place to the first team to find the T. These sprint hunts test your 
preparation to quickly find jammers or stations in distress. Hunters can start 
anywhere. But an unlucky traffic break or starting-point choice can mean the 
difference between winning and losing. Newcomers who are unfamiliar with 
the territory will be at a disadvantage. 

Many hunt groups prefer that all teams start from the same point, usually a 
hilltop. The winner is determined by lowest elapsed mileage, not the shortest 
time. This encourages safe driving and careful map reading. Occasionally the 


last, but most careful, team to find the T wins. 


strong RF field, some energy will be 
coupled directly into the receiver cir- 
cuitry. When this happens, the S-meter 
reading changes only slightly or perhaps 
not at all as the RDF antenna rotates, no 
matter how much attenuation you add. The 
cure is to shield the receiving equipment. 
Something as simple as wrapping the re- 
ceiver in foil or placing it in a bread pan or 
cake pan, covered with a piece of copper 
or aluminum screening securely fastened 
at several points, may reduce direct pickup 
enough for you to get bearings. 

Alternatively, you can replace the re- 
ceiver with a field-strength meter as you 
close in, or use a heterodyne-type active 
attenuator. Plans for these devices are at 
the end of this chapter. 


The Body Fade 


A crude way to find the direction of a 
VHF signal with just a hand-held trans- 
ceiver is the body fade technique, so named 
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because the blockage of your body causes 
the signal to fade. Hold your HT close to 
your chest and turn all the way around 
slowly. Your body is providing a shield that 


Fig 23.89 — When performing the body 
fade maneuver, a hand-held transceiver 
exhibits this directional pattern. 


gives the hand-held a cardioid sensitivity 
pattern, with a sharp decrease in sensitivity 
to the rear. This null indicates that the 
source is behind you (Fig 23.89). 

If the signal is so strong that you can't 
find the null, try tuning 5 or 10 kHz off 
frequency to put the signal into the skirts 
of the IF passband. If your hand-held is 
dual-band (144/440 MHz) and you are 
hunting on 144 MHz, try tuning to the 
much weaker third harmonic of the signal 
in the 440-MHz band. 

The body fade null, which is rather shal- 
low to begin with, can be obscured by re- 
flections, multipath, nearby objects, etc. 
Step well away from your vehicle before 
trying to get a bearing. Avoid large build- 
ings, chain-link fences, metal signs and 
the like. If you do not get a good null, move 
to a clearer location and try again. 


Air Attenuators 


In microwave parlance, a signal that is 
too low in frequency to be propagated in a 
waveguide (that is, below the cutoff fre- 
quency) is attenuated at a predictable loga- 
rithmic rate. In other words, the farther 
inside the waveguide, the weaker the sig- 
nal gets. Devices that use this principle to 
reduce signal strength are commonly 


Fig 23.90 — The air attenuator for a 
VHF hand-held in use. Suspend the 
radio by the wrist strap or a string 
inside the tube. 


known as air attenuators. Plans for a prac- 
tical model for insertion in a coax line are 
in Transmitter Hunting (see Bibliography). 

With this principle, you can reduce the 
level of strong signals into your hand-held 
transceiver, making it possible to use the 
body fade technique at very close range. 
Glen Rickerd, KC6TNF, documented this 
technique for QST. Start with a pasteboard 
mailing tube that has sufficient inside di- 
ameter to accommodate your hand-held. 
Cover the outside of the tube completely 
with aluminum foil. You can seal the 


bottom end with foil, too, but it probably 
will not matter if the tube is long enough. 
For durability and to prevent accidental 
shorts, wrap the foil in packing tape. You 
will also need a short, stout cord attached 
to the hand-held. The wriststrap may work 
for this, if long enough. 

To use this air attenuation scheme for 
body fade bearings, hold the tube verti- 
cally against your chest and lower the 
hand-held into it until the signal begins to 
weaken (Fig 23.90). Holding the receiver 
in place, turn around slowly and listen for 


A SIMPLE LOOPSTICK WITH SENSE FOR 3.5 MHz 


Figs 23.91, 92 and 93 show an RDF 
loop suitable for the 3.5 MHz band. With 
appropriate changes in core and winding, 
the basic design is adaptable to other fre- 
quencies. The turns are wound on an 8- 
inch long ferrite rod salvaged from a 


broadcast antenna loopstick. Because of . 


the high Q achieved with the ferrite core, 
the sensitivity of this loop is comparable 
to an air-core loop that is a foot or so in 
diameter. When the output of the vertical 
rod sense antenna is properly combined 
with the output of the loop, the system has 
a cardioid pattern. 

The original version of this unit was re- 
wound on the rod from a Miller 705-A 
loopstick, which is no longer available. 
You may substitute the core from a sal- 
vaged AM broadcast set rod antenna (the 
larger, the better), or obtain a rod of #61 
ferrite material from a supplier such as 
Fair-Rite or Amidon. Start with a 20-turn 
winding of #22 AWG enamel wire, with a 
two-turn link wound atop it at the center. 
Adjust turns as necessary for resonance 
with C1 and the operating frequency. Se- 
cure the windings with electrical tape. A 
dip meter is helpful for determining the 
tuning range. 

The sensing system is a 15-inch whip 
and adjustable inductance to resonate the 
whip at the operating frequency. Potenti- 
ometer R1 controls the output of the an- 
tenna to match the loop output level. The 
components, except for rod and whip, 
mount in a 4x5x3-inch box chassis. To 
protect the loopstick, secure it inside a 
piece of !»-inch PVC pipe. 


Adjustment 


To produce an output having only one 
null, there must be 90? phase difference 
between the output of the loop and that of 
the sense antenna, and signal levels from 
each must be the same. Obtain the phase 
shift by tuning the sense antenna slightly 


Fig 23.91 — Unidirectional 75-m RDF 
ferrite-core loop and sense antenna 
combination. Adjustable components 
of the circuit are in the aluminum 
chassis, which is supported by a short 
length of tubing. 


a sudden decrease in signal strength. If the 
null is poor, vary the depth of the receiver 
in the tube and try again. You do not need 
to watch the S-meter, which will likely be 
out of sight in the tube. Instead, use noise 
level to estimate signal strength. 

For extremely strong signals, remove the 
"rubber duck" antenna or extend the wrist 
strap with a shoelace to get greater depth of 
suspension in the tube. The depth that works 
for one person may not work for another. 
Experiment with known signals to deter- 
mine what works best for you. 


off frequency with the slug in L1, and re- 
duce its output by adjusting R1. 

For tune-up, find a clear spot where the 
transmitter and RDF receiver can be sepa- 
rated by several hundred feet. Use as little 
power as possible at the test transmitter. 
Remove any other 75-m antennas from the 
vicinity of this RDF antenna when testing 
and transmitter hunting. Turn the 


loopstick so that one side (not an end) of 


Fig 23.93 — Mount the components of 
the 75-m RDF antenna in the top and 
sides of an aluminum box. R1 is on the 
left wall, with C1 below it. S1 and the 
output connector are on the right wall. 
Mount the loopstick and whip on the 
outside. 


Fig 23.92 — Circuit of the 75-m rod-sense antenna. 


C1 — 140-pF variable (125-pF ceramic 
trimmer in parallel with 15-pF 
ceramic fixed). 

L1 — 40-240-иН adjustable (Miller 9011 
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or equivalent). 
R1 — 1-kQ carbon potentiometer. 
51 — SPST toggle. 
Loopstick — See text. 
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the rod points toward the test transmitter. 
With the test transmitter operating on the 
proper frequency and sense antenna dis- 
connected with S1, peak the loopstick with 
Cl, using the receiver's S-meter. 

Next, rotate the rod so that one end 
points to the test transmitter. Connect the 
sense antenna and turn К1 to minimum 
resistance. Vary the adjustable slug of L1 
for maximum reading of the S-meter. The 


last turn of the slug is quite critical. You 
may notice some effects of hand capaci- 
tance. 

Now turn the rod broadside to the signal 
again. Turn К1 a complete revolution. If 
you chose the proper side, you should 
observe a definite null on the S-meter for 
one position of R1. If not, turn the antenna 
180° and try again. Leave К1 at the setting 
that produces the minimum reading. Now 
adjust L1 very slowly until the S-meter 


A SHIELDED LOOP-SENSE ANTENNA FOR 28 MHz 


Fig 23.94 shows the construction and 
mounting of a simple shielded 28-MHz 
loop, made from an 18-inch length of RG- 
11 (solid or foamed dielectric). Mount the 
coax loop to a small aluminum box with 
two coaxial cable hoods. Make a break in 
the outer shield at the exact center, as 
shown. Cl is a 25-pF variable capacitor, 
connected in parallel with a C3, a 33-pF 
mica padder capacitor. C2 is a small dif- 
ferential capacitor to provide electrical 
symmetry. The downlead to the receiver is 
RG-59 cable, 67 inches long if solid di- 
electric and 82 inches if foamed dielectric. 

Compared to VHF Y agis and quads, this 
loop is easy to mount on a mobile because 
of its light weight and low wind resistance. 
The loop gives accurate bearings when 
held well outside the window if the signal 
is coming toward that side of the car. How- 
ever, it is better to mount the loop atop a 
tall mast through the sunroof or well above 
the window opening. The car broadcast 
antenna or a 28-MHz whip on the vehicle 
may interfere with accurate bearings. Dis- 
connect the antenna or lower it and verify 
that this resolves the problem. 

To find out which of the bidirectional 
nulls indicates the correct signal direction, 
add a sense antenna. Mount a phono jack 
to the top of the aluminum case. Connect 
the insulated center terminal of the jack to 
the side of the tuning capacitors connected 
to the center conductor of the coax 
downlead. Attach a short vertical antenna 
made of brazing rod or stiff wire to the 
jack. Start with a vertical antenna length 
of four times the loop diameter and prune 
it until the loop/sense pattern is similar to 
a cardioid pattern. It may not be possible 
to achieve a perfect single-null pattern, but 
you should be able to use the sense whip to 
determine which of the figure-8 nulls to 
follow. 
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reading goes down still further. Repeat 
this alternating adjustment of R1 and L1 
several times until you achieve the best 
minimum. 

Finally, as a check, move the test trans- 
mitter around the RDF vehicle and follow 
it by turning the antenna. If everything is 
proper, the cardioid null will always be 
broadside to the loopstick. Make a note of 
the proper side of the unit for this null. 
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Fig 23.94 — Construction details of the 28-MHz RDF loop. The outer braid of the 
coax loop is broken at the center of the loop. Cover the gap with waterproof tape 
and give the assembly a coat of acrylic spray. 


THE SIMPLE SEEKER 

The Simple Seeker for 144 MHz is the 
latest in a series of dual-antenna TDOA 
projects by Dave Geiser, WA2ANU. Fig 
23.79 and accompanying text shows its 
principle of operation. It is simple to per- 
form rapid antenna switching with diodes, 
driven by a free-running multivibrator. 
For best RDF performance, the switching 
pulses should be square waves, so anten- 
nas are alternately connected for equal 
times. The Simple Seeker uses a CMOS 
version of the popular 555 timer, which 
demands very little supply current. A 9-V 
alkaline battery will give long life. See Fig 
23.95 for the schematic diagram. 

PIN diodes are best for this applica- 
tion because they have low capacitance 
and handle a moderate amount of trans- 
mit power. Philips ECG553, NTE-555, 


6-14 V DC 
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Motorola MPN3401 and similar types 
are suitable. Ordinary 1N4148 switch- 
ing diodes are acceptable for receive- 
only use. 

Off the null, the polarity of the 
switching pulses in the receiver output 
changes (with respect to the switching 
waveform), depending on which an- 
tenna is nearer the source. Thus, com- 
paring the receiver output phase to that 
of the switching waveform determines 
which end of the null line points toward 
the transmitter. The common name fora 
circuit to make this comparison is a 
phase detector, achieved in this unit 
with a simple bridge circuit. A phase 
detector balance control is included, 
although it may not be needed. Serious 
imbalance indicates incorrect receiver 


tuning, an off-frequency target signal, 
or misalignment in the receiver IF 
stages. 

Almost any audio transformer with ap- 
proximately 10:1 voltage step-up to a cen- 
ter-tapped secondary meets the require- 
ments of this phase detector. The output is 
a positive or negative indication, applied 
to meter M1 to indicate left or right. 


Antenna Choices 


Dipole antennas are best for long-dis- 
tance RDF. They ensure maximum signal 
pickup and provide the best load for trans- 
mitting. Fig 23.96 shows plans for a pair 

` of dipoles mounted on an H frame of 
1/2-іпсћ PVC tubing. Connect the 39-inch 
elements to the switcher with coaxial 
cables of exactly equal length. Spacing 
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2 АМТЕММА 


ECG553 ECG553 


Са; 
М7 


47 к 
Q 
TRANSMIT 
470 pF 


RF to FM 
Transceiver 


DUPLEXER 


Except as indicated, decimal values of 
capacitance are in microfarads ( СЕ); 

others are in picoforads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 
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Fig 23.95 — Schematic of the Simple Seeker. A capacitor from point T to ground will lower the tone frequency, if desired. A 
single SPDT center-off toggle switch can replace separate power and function switches. 


Repeaters, Satellites, EME and Direction Finding 23.73 


between dipoles is about 20 inches for 
2 m, but is not critical. To prevent external 
currents flowing on the coax shield from 
disrupting RDF operation, wrap three 
turns (about 2 inch diameter) of the in- 
coming coax to form a choke balun. 

For receive-only work, dipoles are ef- 
fective over much more than their useful 
transmit bandwidth. A pair of appropri- 
ately spaced 144-MHz dipoles works from 
130 to 165 MHz. You will get greater tone 
amplitude with greater dipole spacing, 
making it easier to detect the null in the 
presence of modulation on the signal. But 
do not make the spacing greater than one- 
half free-space wavelength on any fre- 
quency to be used. 

Best bearing accuracy demands that sig- 
nals reach the receiver only from the 
switched antenna system. They should not 
arrive on the receiver wiring directly 
(through an unshielded case) or enter on 
wiring other than the antenna coax. The 
phase detecting system is less amplitude 
sensitive than systems such as quads and 
Yagis, but if you use small-aperture an- 
tennas such as "rubber duckies," a small 
signal leak may have a big effect. A wrap 
of aluminum foi] around the receiver case 
helps block unwanted signal pickup, but 
tighter shielding may be needed. 

Fig 23.97 shows a "sniffer" version of 
the unit with helix antennas. The added 
RDF circuits fit in a shielded box, with the 
switching pulses fed through a low-pass 
filter (the series 4.7-kQ resistor and shunt 
470-pF capacitor) to the receiver. The 
electronic switch is on a 20-pin DIP pad, 
with the phase detector on another pad (see 
Fig 23.98). 

Because the phase detector may behave 
differently on weak and strong signals, the 
Simple Seeker incorporates an audio at- 
tenuator to allow either a full-strength 
audio or a lesser, adjustable received sig- 
nal to feed the phase detector. You can 
plug headphones into jack AF2 and con- 
nect receiver audio to jack AF1 for no at- 
tenuation into the phase detector, or re- 
verse the external connections, using the 
pad to control level to both the phones and 
the phase detector. 

Convention is that the meter or other 
indicator deflects left when the signalis to 
the left. Others prefer that a left meter in- 
dication indicates that the antenna is ro- 
tated too far to the left. Whichever your 
choice, you can select it with the DPDT 
polarity switch. Polarity of audio output 
varies between receivers, so test the unit 
and receiver on a known signal source and 
mark the proper switch position on theunit 
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Handle Length 


Secure Verticals to Cross Piece 
with Large Cotter Key 


not Critical NIST 


Fig 23.96 — "H" frame for the dual dipole Simple Seeker antenna set, made from 
12-1п. PVC tubing and tees. Glue the vertical dipole supports to the tees. Connect 
vertical tees and handle to the cross piece by drilling both parts and inserting 
large cotter pins. Tape the dipole elements to the tubes. 


Fig 23.97 — Field version of the Simple 
Seeker with helix antennas. 


before going into the field. 

PIN diodes, when forward biased, ex- 
hibit low RF resistance and can pass up to 
approximately | W of VHF power without 


Fig 23.98 — Interior view of the Simple 
Seeker. The multivibrator and phase 
detector circuits are mounted at the 
box ends. This version has a 
convenient built-in speaker. 


damage. The transmit position on the func- 
tion switch applies steady dc bias to one of 
the PIN diodes, allowing communications 
from a hand-held RDF transceiver. 


AN ACTIVE ATTENUATOR FOR VHF-FM 


During a VHF transmitter hunt, the 
strength of the received signal can vary 
from roughly a microvolt at the starting 
point to nearly a volt when you are within 
inch of the transmitter, a 120-dB range. If 
you use a beam or other directional array, 
your receiver must provide accurate sig- 
nal-strength readings throughout the hunt. 


51 
POWER 
ON/OFF 


Except as indicated, decimal values of 
capacitance are in microfarads ( ШЕ); 
others are in picofarads ( pF ); 
resistances are in ohms; k=1,000. 


Ж See text and caption 


Zero to full scale range of S-meters on 
most hand-held transceivers is only 20 to 
30 dB, which is fine for normal operating, 
but totally inadequate for transmitter hunt- 
ing. Inserting a passive attenuator between 
the antenna and the receiver reduces the 
receiver input signal. However, the use- 
fulness of an external attenuator is limited 


Fig 23.99 — Schematic of the active attenuator. Resistors are '/4-W, 5%-tolerance 


carbon composition or film. 


BT1 — Alkaline hearing-aid battery, 
Duracell SP675 or equivalent. 

C1 — 75-pF miniature foil trimmer. 

J1, J2 — BNC female connectors. 

L1 — 470-4H RF choke. 


L2 — 3.3-иН RF choke. 

R6 — 1-kO, 1-W linear taper (slide or 
rotary). 

S1 — SPST toggle. 


Fig 23.100 — Interior view of the active attenuator. Note that C7, D1 and L2 are 
mounted between the BNC connectors. R5 (not visible in this photograph) is 
connected to the wiper of slide pot R6. 
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by how well the receiver can be shielded. 

Anjo Eenhoorn, PA@ZR, has designed a 
simple add-on unit that achieves contin- 
uously variable attenuation by mixing the 
received signal with a signal from a 500- 
kHz oscillator. This process creates mix- 
ing products above and below the input 
frequency. The spacing of the closest 
products from the input frequency is equal 
to the local oscillator (LO) frequency. For 
example, if the input signal is at 146.52 
MHz, the closest mixing products will 
appear at 147.02 and 146.02 MHz. 

The strength of the mixing products 
varies with increasing or decreasing LO 
signal level. By DFing on the mixing prod- 
uct frequencies, you can obtain accurate 
headings even in the presence of a very 
strong received signal. As a result, any 
hand-held transceiver, regardless of how 
poor its shielding may be, is usable for 
transmitter hunting, up to the point where 
complete blocking of the receiver front 
end occurs. At the mixing product fre- 
quencies, the attenuator’s range is greater 
than 100 dB. 

Varying the level of the oscillator sig- 
nal provides the extra advantage of con- 
trolling the strength of the input signal as 
it passes through the mixer. So as you close 
in on the target, you have the choice of 
monitoring and controlling the level of the 
input signal or the product signals, which- 
ever provides the best results. 

The LO circuit (Fig 23.99) uses the 
easy-to-find 2N2222A transistor. Trim- 
mer capacitor C1 adjusts the oscillator's 
frequency. Frequency stability is only a 
minor concern; a few kilohertz of drift is 
tolerable. Q1’s output feeds an emitter- 
follower buffer using a 2N3904 transistor, 
Q2. A linear-taper potentiometer (R6) 
controls the oscillator signal level present 
at the cathode of the mixing diode, D1. 
The diode and coupling capacitor C7 are 
in series with the signal path from antenna 
input to attenuator output. 

This frequency converter design is un- 
orthodox; it does not use the conventional 
configuration of a doubly balanced mixer, 
matching pads, filters and so on. Such 
sophistication is unnecessary here. This 
approach gives an easy to build circuit that 
consumes very little power. PA@ZR uses a 
tiny 1.4-V hearing-aid battery with a 
homemade battery clip. If your enclosure 
permits, you can substitute a standard 
AAA-size battery and holder. 


Construction and Tuning 

ARRL Headquarters will supply the PC 
board etching template and parts overlay 
for this project. Request the Eenhoorn 
Active Attenuator template package from 
the ARRL Technical Secretary. A circuit 
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board is available from FAR Circuits. The 
prototype (Fig 23.100) uses a plated en- 
closure with female BNC connectors for 
RF input and output. C7, D1, L2 and К5 
are installed with point-to-point wiring be- 
tween the BNC connectors and the poten- 
tiometer. $1 mounts on the rear wall of the 
enclosure. 

Most hams will find the 500-kHz fre- 
quency offset convenient, but the oscilla- 
tor can be tuned to other frequencies. If 
VHF/UHF activity is high in your area, 
choose an oscillator frequency that cre- 
ates mixing products in clear portions of 
the band. The attenuator was designed for 
144-MHz RDF, but will work elsewhere 
in the VHF/UHF range. 

You can tune the oscillator with a fre- 
quency counter or with a strong signal of 
known frequency. It helps to enlist the aid 
of a friend with a hand-held transceiver a 
short distance away for initial tests. Con- 
nect a short piece of wire to J1, and cable 
your hand-held transceiver to J2. Select a 
simplex receive frequency and have your 
assistant key the test transmitter at its low- 
est power setting. (Better yet, attach the 
transmitter to a dummy antenna.) 

With attenuator power on, adjust R6 for 
mid-scale S-meter reading. Now retune 
the hand-held to receive one of the mixing 
products. Carefully tune C1 and R6 until 
you hear the mixing product. Watch the S- 
meter and tune C1 for maximum reading. 

If your receiver features memory chan- 
nels, enter the hidden transmitter fre- 
quency along with both mixing product 
frequencies before the hunt starts. This 
allows you to jump from one to the other 
at the press of a button. 
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When the hunt begins, listen to the fox’s 
frequency with the attenuator switched on. 
Adjust R6 until you get a peak reading. If 
the signal is too weak, connect your quad 
or other RDF antenna directly to your 
transceiver and hunt without the attenua- 
tor until the signal becomes stronger. 

As you get closer to the fox, the attenu- 
ator will not be able to reduce the on-fre- 
quency signal enough to get good bear- 
ings. At this point, switch to one of the 
mixing product frequencies, set R6 for on- 
scale reading and continue. As you make 
your final approach, stop frequently to 
adjust R6 and take new bearings. At very 
close range, remove the RDF antenna 
altogether and replace it with a short piece 
of wire. It's a good idea to make up a short 
length of wire attached to a BNC fitting in 
advance, so you do not damage J1 by stick- 
ing random pieces of wire into the center 
contact. 

While it is most convenient to use this 
system with receivers having S-meters, 
the meter is not indispensable. The active 
attenuator will reduce signal level to 
a point where receiver noise becomes 
audible. You can then obtain accurate 
fixes with null-seeking antennas or the 
“body fade" technique by simply listening 
for maximum noise at the null. 
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one of us has the time or space to 

collect all the literature available 

on the many different commer- 
cially available manufactured compo- 
nents. Even if we did, the task of keeping 
track of new and obsolete devices would 
surely be formidable. Fortunately, ama- 
teurs tend to use a limited number of com- 
ponent types. This chapter, by Douglas 
Heacock, AA@MS, provides information 
on the components most often used by the 
Amateur Radio experimenter. 


COMPONENT VALUES 


Throughout this Handbook, composition 
resistors and small-value capacitors are 
specified in terms of a system of “preferred 
values.” This system allows manufacturers 
to supply these components in a standard 
set of values, which, when considered 


Table 24.1 
Standard Values for Resistors and 
Capacitors 
+5% +10% +20% 
1.0 1.0 1.0 
1.1 
1.2 1.2 
1.3 
1.5 1.5 1.5 
1.6 
1.8 1.8 
2.0 
"2.2 2.2 2.2 
2.4 
2.7 2.7 
3.0 
3.3 3.3 3.3 
3.6 
3.9 3.9 
4.3 
4.7 4.7 4.7 
5.1 
5.6 5.6 
6.2 
6.8 6.8 6.8 
7.5 
8.2 8.2 
9.1 
10.0 10.0 10.0 


along with component tolerances, satisfy 
the vast majority of circuit requirements. 
The preferred values are based on a 
roughly logarithmic scale of numbers be- 
tween 1 and 10. One decade of these val- 
ues for three common tolerance ratings is 
shown in Table 24.1. : 
The Table represents the two significant 
digits in a resistor or capacitor value. Mul- 
tiply these numbers by multiples of ten to 
get other standard values. For example, 
22 pF, 2.2 uF, 220 uF, and 2200 uF are 
all standard capacitance values, available 
in all three tolerances. Standard resistor 
values include 3.9 Q, 390 Q, 39,000 О and 
3.9 MQ in +5% and +10% tolerances. All 
standard resistance values, from less than 
1 Q to about 5 MQ are based on this table. 
Each value is greater than the next 
smaller value by a multiplier factor that 
depends on the tolerance. For +5% de- 
vices, each value is approximately 1.1 
times the next lower one. For +10% de- 
vices, the multiplier is 1.21, and for +20% 
devices, the multiplier is 1.47. The result- 
ant values are rounded to make up the 
series. 
Tolerance refers to a range of accept- 


Table 24.2 

Resistor-Capacitor Color Codes 

Color Significant Decimal 
Figure Multiplier 

Black 0 1 

Brown 1 10 

Red 2 100 

Orange 3 1,000 

Yellow 4 10,000 

Green 5 100,000 

Blue 6 1,000,000 

Violet 7 10,000,000 

Gray 8 100,000,000 

White 9 1,000,000,000 

Gold - 0.1 à 

Silver - 0.01 

No color - - 


*Applies to capacitors only 


t Data 


able values above and below the specified 
component value. For example, a 4700-Q 
resistor rated for +20% tolerance can have 
an actual value anywhere between 3760 Q 
and 5640 Q. You may always substitute a 
closer-tolerance device for one with a 
wider tolerance. For projects in this 
Handbook, assume a 10% tolerance if 
none is specified. 


COMPONENT MARKINGS 


The values, tolerances or types of most 
small components are typically marked 
with a color code or an alphanumeric code 
according to standards agreed upon by 
component manufacturers. The Electronic 
Industries Association (EIA) is a US 
agency that sets standards for electronic 
components, testing procedures, perfor- 
mance and device markings. The EIA co- 
operates with other standards agencies 
such as the International Electrotechnical 
Commission (IEC), a world-wide stan- 
dards agency. You can often find pub- 
lished EIA standards in the engineering 
library of a college or university. 

The standard EIA color code is used to 
identify a variety of electronic compo- 


Tolerance Voltage 
(%) Rating* 
1* 100 
2* 200 
3* 300 
4* 400 
5* 500 
6* 600 
7* 700 
8* 800 
9* 900 

f 1000 
10 2000 
20 500 


Component Data 24.1 


Common Resistors 


1st significant figure in AF ралда 
2nd significant figure in дЕ. 


Multiplier 


Voltage | 


Yellow 6.3 Gray x 0.01 
Green 16 White x 0.1 
Blue Black х1 
Gray Brown x 10 
White Red x 100 
Black 

Pink 


A - FIRST SIGNIFICANT FIGURE 


В - SECOND SIGNIFICANT 
FIGURE 


C - DECIMAL MULTIPLIER 


TEMPERATURE D - CAPACITANCE 
COEFFICIENT TOLERANCE 
Color Code for Ceramic Capacitors sapnctience! 
Capacitance 
Tolerance 
More 
than Rated Voltage (V) 
10 pF 
(in %) 
+20 
£d 
+2 


stripe indicates 
GF) positive lead 


TANTALUM CAPACITORS 
Fig 24.1—Color coding and body size © 
for fixed resistors. The color code is | 
given in Table 24.2. The colored areas 


have the following significance. ў +0 n 

A—First significant figure of resistance DECIMAL POINT 
in ohms. FIXED CERAMIC CAPACITORS SIGNIFICANT AND MULTIPLIER 

iani 1 FIGURES OF p = x 10 (pF) 

PARE tobe late HR Dd figure. (А) CAFAGTANCE iex iar 
—Decimal multiplier. 

D—Resistance tolerance in percent. If (pF) MARKING (pF) MARKING 
no color is shown the tolerance is 0.68 рев 15 


+20% 0.82 p82 18 

a 4 10 1р0 22 

E—Relative percent change in value 12 1р2 27 
per 1000 hours of operation; Brown, 


1st significant figure in pF } Standard (5 1р5 

2nd significant figure in pF | 2097 18 1p8 
1%; Red 0.1%; Orange 0.01%; Yellow Multiplier 22 2р2 
0.001%. 


27 2р7 
Tolerance зз эрэ 


зз 
39 

47 

56 

68 

Voltage z 39 3р9 82 
] 47 4р7 100 

56 5р6 120 

68 6р8 150 

82 8р2 180 

10 10р 220 

12 12р 270 


Brown 100 Black +20% 
Red 250 White + 10% 
Yellow 400 Green + 5% 


POLYESTER CAPACITORS EUROPEAN MARKINGS 
в) (Е) 


TEMPERATURE 
COEFFICIENT 
COLOR 
CODE 


TOLERANCE 


1st DIGIT 
2nd DIGIT 


1st DIGIT DECIMAL POINT 
2nd DIGIT 
MULTIPLIER 
TOLERANCE 
Tolerance Temperature 
MULTIPLIER <10pF 210 pF Color Coefficient 
Fig 24.2—Typical carbon-composition umber Mutpy by I Back М0 
0° NONE +£0.25 pF — Brown NO30/NO33 


resistor sizes. 1 10 

2 100 

3 1000 
4 10,000 


£05pF — Red N075/N080 

+25% Orange N 150 

1pF +1% Yellow N 220 
+2% Green N 330 
+2.5% Blue N 470 
+5% Violet N 750 
+10% Gray 
+20% White P 100 
-0 + 100% Red and Violet P 100 
-20 + 50% 
-0 + 200% 
-20 + 40% 
-20 + 80% 


Fig 24.3—Capacitors can be identified 
by color codes and markings. Shown 
here are identifying markings found on 
many common capacitor types. 
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Table 24.3 


s & TOLERANCE 
EIA Temperature Characteristic Codes for Ceramic Disc Capacitors . 


(SILVER! 


: MIL SPEC. IDENT. 
(SILVER) 


and inductors are also marked using this .: 


color code. 


Resistor Markings 


Carbon-composition, carbon-film, and 
metal-film resistors are typically manu- 


factured in roughly cylindrical cases with , 


axial leads. They are marked with color 
bands as shown in Fig 24.1A. The first 
two bands represent the two significant 
digits of the component value, the third 
band represents the multiplier, and the 
fourth band (if there is one) represents 
the tolerance. Some units are marked 
with a fifth band that represents the per- 
centage of resistance change per 1000 


` The device is a 22,000-O, +20% unit. 


* 


GMV = guaranteed minimum value. 


А 


· Some resistors аге made with radial 
leads (Fig 24.1C) and are marked with a , 


. color code in a slightly. different scheme. 


For example, a resistor as shown in Fig 
24.1C is marked as follows: A (body) = 
blue; B (end) = gray; C (dot) = red; D (end) 


. = gold. The significant figures are 6 and 8, 


the multiplier is 100, and the tolerance is 
+5%; 6800 Q with +5% tolerance. 


Resistor Power Ratings. ^ 


Minimum Maximum Maximum capacitance | 
temperature temperature change over temperature range — } 
X -55°C 2 +45°C A. 41.0% ` : 3 
Y -30°C 4 +65°C ` B +1.5% 
2 +10°С 5 +85°C С . 42.2% А FIRST FIG. (GRAY) —^ оесмді’ ^ SECOND FIG. 
6 +105°С D. 43.3% : i (GOLD) (RED) 
7 +125°С E +4.7% | 
Е 47.596 82 к % 
P +10% 
R +15% А : А ; i $ 
t ` > MIL SPEC. IDENT. TOLERA 
ha. o, o 
,U  -56%, +22% | 
у —82%, +22% 
Table 24.4 Table 24.5 | : PRST FIG (ORANGE onp pig, (BROWN) 
EIA Capacitor Temperature- ` EIA Capacitor Tolerance Codes (ORANGE) 
Coefficient Codes | . Code Tolerance 330 uH +5% 
Industry EIA Industry EIA " EA pF. | , (8l 
NPO CoG 'N330 S2H D EepF ` 
N033 S1G N470 U2J. F +1 pF or +1% Fig 24.4—Color coding for tubular 
N075 U1G N1500 РЗК G’ +2 pF or +2% encapsulated RF chokes. At A,an 
N150 P2G N2200 R3L J +5% example of the coding for an 8.2-uH 
N220 R2G QE K +10% choke is given. At B, the color bands 
i L, +15% for a 330-uH inductor are illustrated. 
M +20% The color code is given in Table 24.2. 
: ‘ ‘ N +30% 5 Е 
nents. Most resistors аѓе marked with P or аму": 0%, +100% 7 
color bands according to the code, shown Ro +40% , 
in Table 24.2. Some types of capacitors M Bod] Ns 
r -209 9 . . 
Va A 2 20%, +80% Capacitor Markings 


` A variety of systems for capacitor mark- 
ings are in use. Some use color bands, some 
use combinations of numbers and letters. 


. Capacitors may be marked with their value, 


tolerance, temperature characteristics, 
voltage ratings or some subset of these 
Specifications. Fig 24.3 shows several 
popular capacitor marking systems. 

. In addition to the value, ceramic disk 
capacitors may be marked with àn alpha- 
numeric code signifying temperature char- 
acteristics. Table 24.3 explains the EIA 
code for ceramic-disk capacitor tempera- 
ture characteristics. The code is made up 
of one character from each column in the 


hours of operation: brown = 1%; ted = Carbon-composition and metal-film re- table. For example, a capacitor marked 
0.1%; orange = 0.01%; and yellow =  sistors are available in standard power rat- 250 is suitable for use between +10 and 
0.001%. Precision resistors (EIA Std ings of '/io, '/s, '/4; '/2, 1 and 2. W.. The +85°С, with a maximum change in capaci- 


RS-279, Fig. 24.1B) and some mil-spec 
(MIL STD-1285A) resistors also use five 
: color bands. On precision resistors, the 
first three bands are used for significant 
figures and the space between the fourth 
and fifth bands is wider than the others, to 
identify the tolerance band. On the mili- 


tary resistors, the fifth band indicates reli- : 


ability information such as failure rate. ` 

For example, if a resistor of the type 
shown in Fig 24.1A is marked with A = 
red; В = red; C = orange; D = no color, the 
significant figures are 2.and 2, the multi- | 
plier is 1000, and the tolerance is $ 20%; 


1/10- and !/s-W sizes are relatively expen- 


sive and difficult to purchase in small quan- : 


tities. They are used only where miniatur- 
ization is essential. The 1/4, '/2, 1, and 2-W 
composition resistor packages are drawn 


“to scale in Fig 24.2. Metal-film resistors 


are typically slightly smaller than carbon- 


` composition units of the same; power rat- 
. ing. Film resistors can usually be identified. 


by a glossy enamel coating and an hour- 


: glass profile. Carbon-film and metal-film 


are the most commonly available resistors 
today, having largely replaced the less- 


` -stable carbon-composition resistors. 


‘tance of -56% or +22%. 


Capacitors with highly predictable tem- 
perature coefficients of capacitance are - 
sometimes used in oscillators that must be 
frequency stable with temperature. If an 
application called for a temperature coef- 
ficient of -750 ppm/°C (N750), a capaci- 
tor marked U2J would be suitable. The 
older industry code for these ratings is 
being replaced with the EIA code shown 
in Table 24.4. NPO (that is, N-P-zero) 
means “negative, positive, zero;” it is a 
characteristic often specified for RF cir- 
cuits requiring temperature stability, such 
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EE 


Table 24.6 

SMT Resistor Tolerance Codes 
Letter Tolerance 

D +0.5% 

F +1.0% 

G +2.0% 

Ј +5.0% 
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SMT Capacitor Significant Figures 
Code 


Character Significant Character Significant 


Figures Figures 

A 1.0 T 5.1 
B 1.1 U 5.6 
C 1.2 V 6.2 
D 1.3 Ww 6.8 
E 1.5 X 7.5 
F 1.6 Y 8.2 
G 1.8 2 9.1 
H 2.0 a 2.5 
J 2.2 b 3.5 
K 2.4 d 4.0 
L 2.7 e 4.5 
M 3.0 f 5.0 
N 3.3 m 6.0 
P 3.6 n 7.0 
Q 3.9 t 8.0 
R 4.3 y 9.0 
S 4.7 

Table 24.8 

SMT Capacitor Multiplier Codes 

Numeric Decimal 

Character Multiplier 

0 1 

1 10 

2 100 

3 1,000 

4 10,000 

5 100,000 

6 1,000,000 

7 10,000,000 

8 100,000,000 

9 0.1 


as VFOs. A capacitor of the proper value 
marked COG is a suitable replacement for 
an NPO unit. 

Some capacitors, such as dipped silver- 
mica units, have a letter designating the 
capacitance tolerance. These letters are 
deciphered in Table 24.5. 


Surface-Mount Resistor and 
Capacitor Markings 


Many different types of electronic com- 
ponents, both active and passive, are now 
available in surface-mount packages. These 
are commonly-known as chip resistors 
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and capacitors. The very small size of these 
components leaves little space for marking 
with conventional codes, so brief alphanu- 
meric codes are used to convey the most 
information in the smallest possible space. 

Surface-mount resistors are typically 
marked with a three- or four-digit value 
code and a character indicating tolerance. 
The nominal resistance, expressed in 
ohms, is identified by three digits for 2% 
(and greater) tolerance devices. The first 
two digits represent the significant fig- 
ures; the last digit specifies the multiplier 
as the exponent of ten. (It may be easier to 
remember the multiplier as the number of 
zeros you must add to the significant fig- 
ures.) For values less than 100 Q, the letter 
R is substituted for one of the significant 
digits and represents a decimal point. Here 
are some examples: 


Resistor Code Value 


101 10 and 1 zero = 100 Q 
224 22 and 4 zeros = 220,000 Q 
IRO 1.0 and no zeros = 1 Q 
22R 22.0 and no zeros = 22 Q 
R10 0.1 and no zeros = 0.1 Q 


If the tolerance of the unit is narrower 
than +2%, the code used is a four-digit 
code where the first three digits are the 
significant figures and the last is the mul- 
tiplier. The letter R is used in the same 
way to represent a decimal point. For ex- 
ample, 1001 indicates a 1000-Q unit, and 
22R0 indicates a 22-0 unit. 

The tolerance rating for a surface-mount 
resistor is expressed with a single charac- 
ter at the end of the numeric value code, 
according to Table 24.6. 

Surface-mount capacitors are marked 
with a two-character code consisting of a 
letter indicating the significant digits (see 
Table 24.7) and a number indicating the 
multiplier (see Table 24.8). The code rep- 
resents the capacitance in picofarads. For 
example, a chip capacitor marked “A4” 
would have a capacitance of 10,000 pF, or 
0.01 uF. A unit marked “N1” would be a 
33-pF capacitor. If there is sufficient space 
on the device package, a tolerance code 
may be included (see Fig 24.3D for toler- 
ance codes). Surface-mount capacitors 
can be very small; you may need a magni- 
fying glass to read the markings. 


INDUCTORS AND CORE 
MATERIALS 


Inductors, both fixed and variable, are 
available in a wide variety of types and 
packages, and many offer few clues as to 
their values. Some coils and chokes are 
marked with the ЕТА color code shown in 
Table 24.2. See Fig 24.4 for another mark- 


FIRST FIG. (WHITE) SUFFIX LETTER (RED) 


1N914B 


SECOND FIG. 


(BROWN) THIRD FIG. 


(YELLOW) 


(A) 


FIRST FIG. (BLACK) THIRD FIG. (VIOLET) 


SECOND FIG. 
(BLUE) 


(B) 


Fig 24.5—Color coding for 
semiconductor diodes. At A, the 
cathode is identified by the double- 
width first band. At B, the bands are 
grouped toward the cathode. Two- 
figure designations are signified by a 
black first band. The color code is 
given in Table 24.2. The suffix-letter 
code is A—Brown, B—red, C—orange, 
D—yellow, E—green, F—biue. The 1N 
prefix is understood. 


ing system for tubular encapsulated RF 
chokes. 

Most powdered-iron toroid cores that 
we amateurs use are manufactured by 
Micrometals, who uses paint to identify 
the material used in the core. The 
Micrometals color code is part of Table 
24.9. Table 24.10 gives the physical char- 
acteristics of powdered-iron toroids. Fer- 
rite cores are not typically painted, so 
identification is more difficult. See Table 
24.11 for information about ferrite cores. 


TRANSFORMERS 


Many transformers, including power 
transformers, IF transformers and audio 
transformers, are made to be installed on 
PC boards, and have terminals designed 
for that purpose. Some transformers are 
manufactured with wire leads that are 
color-coded to identify each connection. 
When colored wire leads are present, the 
color codes in Tables 24.12, 24.13 and 
24.14 usually apply. 

In addition, many miniature IF trans- 
formers are tuned with slugs that are color- 
coded to signify their application. Table 
24.15 lists application vs slug color. 


SEMICONDUCTORS 


Most semiconductor devices are clearly 
marked with the part number and in some 
cases, a manufacturer's date code as well. 


Table 24.9 


Powdered-Iron Toroid Cores: Magnetic Properties 


Inductance and Turns Formula 


The turns required for a given inductance or inductance for a given number of turns can be calculated from: 


N-100 з 
AL 


| 


NO 
10,000 


where N = number of turns; L = desired inductance (uH ); A, = inductance index (uH per 100 turns). 


A, Values (uH per 100 turns) 


_ Size 26* 3 15 1 
T-12 na 60 50 48 
T-16 145 61 55 44 
T-20 180 76 65 52. 
Т-25 235 100 85 70 
Т-30 325 140 93 85 
T-37 275 120 90 80 
T-44 360 180 160 105 
T-50 320 175 135 100 
T-68 420 195 180 115 
T-80 450 180 170 115 
T-94 590 248 200 160 
T-106 900 450 345 325 
T-130 785 350 250 200 
T-157 870 420 360 320 
T-184 1640 720 na 500 
T-200 895 425 na 250 


Mix 

2 7 6 10 12 
20 18 17 12 7.5 
22 na 19 13 8.0 
27 24 22 16 10.0 
34 29 27 19 12.0 
43 37 36 25 16.0 
40 32 30 25 15.0 
52 46 42 33 18.5 
49 43 40. 31 18.0 
57 52 47 32 21.0 
55 50 45 32 22.0 
84 na 70 58 32.0 
135 133 116 na na 
110 103 96 na na 
140 na 115 na na 
240 na 195 na na 
120 105 100 na na 


*Mix-26 is similar to the older Mix-41, but can provide an extended frequency range. 


Magnetic Properties Iron Powder Cores 
Mix Color 


Material H 


26  Yellow/white Hydrogen reduced 75 
3 Gray Carbonyl HP 35 
15  Red/white Carbonyl GS6 25 
1 Blue Carbonyl C 20 
2 Red Carbonyl E 10 
7 White Carbonyl TH 9 
6 Yellow Carbonyl SF 8 
10 Black Powdered iron W 6 
12  Green/white Synthetic oxide 4 
17  Blue/yellow Carbonyl 4 
0 Tan phenolic 1 
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17 0 
7.5 3.0 
8.0 3.0 

10.0 3.5 
12.0 4.5 
16.0 6.0 
15.0 4.9 
18.5 6.5 
18.0 6.4 
21.0 7.5 
22.0 8.5 

na 10.6 

na 19.0 

na 15.0 

na na 

na na 
na na 


Used for EMI filters and dc chokes 

Excellent stability, good Q for lower frequencies 
Excellent stability, good Q 

Similar to Mix-3, but better stability 


Similar to Mix-2 and Mix-6, but better temperature 


Very good Q and temp. stability for 20-50 MHz 

Good Q and stability for 40 - 100 MHz 

Good Q, moderate temperature stability 

Similar to Mix-12, better temperature stability, Q drops 


about 10% above 50 MHz, 20% above 100 MHz 


Temp stability f (MHz) Notes 
(ppm/°C) 
825 dc - 1 
370 0.05 - 0.50 
190 0.10-2 
280 0.50 - 5 
95 2-30 High Q material 
30 3-35 
stability 
35 10 - 50 
150 30 - 100 
170 50 - 200 
50 40 - 180 
0 100 - 300 


Inductance may vary greatly with winding technique 


Note: Color codes hold only for cores manufactured by Micrometals, which makes the cores sold by most Amateur Radio distributors. 


Identification of semiconductors can be 
difficult, however, when the parts are 
“house-marked” (marked with codes used 
by an equipment manufacturer instead of 
the standard part numbers). In such cases, 
it is often possible to find the standard 
equivalent or a suitable replacement by 
using one of the semiconductor cross-ref- 
erence directories available from various 
replacement-parts distributors. If you look 
up the house number and find the recom- 
mended replacement part, you can often 
find other standard parts that are replaced 
by that same part. 


Diodes 


Most diodes are marked with a part 
number and some means of identifying 
which lead is the cathode. Some diodes 
are marked with a color-band code (see 
Fig 24.5). Important diode parameters in- 
clude maximum forward current, maxi- 
mum peak inverse voltage (PIV) and the 
power-handling capacity. 


Transistors 


Some important parameters for transis- 
tor selection are voltage and current lim- 
its, power-handling capability, beta or 


gain characteristics and useful frequency 
range. The case style may also be an issue; 
some transistors are available in several 
different case styles. 


Integrated Circuits 


Integrated circuits (ICs) come in a variety 
of packages, including transistor-like metal 
cans, dual and single in-line packages (DIPs 
and SIPs), flat-packs and surface-mount 
packages. Most are marked with a part num- 
ber and a four-digit manufacturer's date 
code indicating the year (first two digits) and 
week (last two digits) that the component 
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Table 24.10 


Powdered-iron Toroid Cores: Dimensions 


Red E Cores—500 kHz to 30 MHz (и = 10) 


Black W Cores—30 MHz to 200 MHz (и=7) 


No. Ор (іп) 10 (in) H (in) No. OD (in) 10 (1п) Н (in) 

T-200-2 2.00 1.25 0.55 T-50-10 0.50 0.30 0.19 

T-94-2 0.94 0.56 0.31 T-37-10 0.37 0.21 0.12 

T-80-2 0.80 0.50 0.25 T-25-10 0.25 0.12 0.09 

T-68-2 0.68 0.37 0.19 T-12-10 0.125 0.06 0.05 

T-50-2 0.50 0.30 0.19 

T-37-2 0.37 0.21 0.12 Yellow SF Cores—10 MHz to 90 MHz (u-8) 

T-25-2 025 0.12 0.09 No. OD (In) 10 (in) H (In) 

T-12-2 0.125 0.06 0.05 T-94-6 0.94 0.56 0.31 
T-80-6 0.80 0.50 0.25 
T-68-6 0.68 0.37 0.19 
T-50-6 0.50 0.30 0.19 
T-26-6 0.25 0.12 0.09 
T-12-6 0.125 0.06 0.05 

Number of Turns vs Wire Size and Core Size 

Approximate maximum number of turns—single layer wound—enameled wire. 

Wire 

Size T-200 T-130  T-106 T-94  T-80 T-68 7-50 Т-37 T-25 T-12 

10 33 20 12 12 10 6 4 1 

12 43 25 16 16 14 9 6 3 

14 54 32 21 21 18 13 8 5 1 

16 69 41 28 28 24 17 13 7 2 

18 88 53 37 37 32 23 18 10 4 1 

20 111 67 47 47 41 29 23 14 6 1 

22 140 86 60 60 53 38 30 19 9 2 

24 177 109 77 77 67 49 39 25 13 4 

26 223 137 97 97 85 63 50 33 17 7 

28 281 173 123 123 108 80 64 42 23 9 

30 355 217 154 154 136 101 81 54 29 13 

32 439 272 194 194 171 127 103 68 38 17 

34 557 346 247 247 218 162 132 88 49 23 

36 683 424 304 304 268 199 162 108 62 30 

38 875 544 389 389 344 256 209 140 80 39 

40 1103 687 492 492 434 324 264 178 102 51 


Actual number of turns may differ from above figures according to winding techniques, especially 
when using the larger size wires. Chart prepared by Michel J. Gordon, Jr., WB9FHC 
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was made. ICs are frequently house-marked, 
and the cross-reference directories men- 
tioned above can be helpful in identification 
and replacement. 

Another very useful reference tool for 
working with ICs is IC Master, a master 
selection guide that organizes ICs by type, 
function and certain key parameters. A 
part number index is included, along with 
application notes and manufacturer’s in- 
formation for tens of thousands of IC de- 
vices. Some of the data from IC Master is 
also available on computer disks. 

IC part numbers usually contain a 
few digits that identify the circuit die 
or function and several other letters 
and/or digits that identify the production pro- 
cess, manufacturer and package. For ex- 
ample, a '4066 IC contains four independent 
SPST switches. Harris. (CD74HC4066, 
CD4066B and CD4066BE), National 
(MM74HC4066, CD4066BC and 
CD4066BM) and Panasonic (MN74HC4066 
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and MN4066B) all make similar devices (as 
do many other manufacturers) with slight dif- 
ferences. Among the numbers listed, “CD” 
(CMOS Digital), *MM" (MOS Monolithic), 
and “MN” indicate CMOS parts. “74” indi- 
cates acommercial quality product (for appli- 
cations from 0°C to 70°C), which is pin com- 
patible with the 74/54 TTL families. “HC” 
means high-speed CMOS family, which is as 
fast as the LS TTL family. The “B” suffix, as 
is CD4066B, indicates a buffered output. This 
is only a small example of the conventions 
used in IC part numbers. For more informa- 
tion look at data books from the various manu- 
facturers. Base diagrams for many common 
ICs appear in The ARRL Electronics Data 
Book. 

When choosing ICs that are not exact 
replacements, several operating needs and 
performance aspects should be consid- 
ered. First, the replacement power require- 
ments must be met: Some ICs require 5 V 
dc, others 12 V and some need both posi- 


tive and negative supplies. Current re- 
quirements vary among the various IC 
families, so be sure that sufficient current 
is available from the power supply. If a 
replacement IC uses much more current 
than the device it replaces, a heat sink or 
blower may be needed to keep it cool. 

Next consider how the replacement inter- 
acts with its neighboring components. Input 
capacitance and “fanout” are critical factors 
in digital circuits. Increased input capaci- 
tance may overload the driving circuits. 
Overload slows circuit operation, which may 
prevent lines from reaching the “high” con- 
dition. Fanout tells how many inputs a de- 
vice can drive. The fanout of a replacement 
should be equal to, or greater than, that re- 
quired in the circuit. Operating speed and 
propagation delay are also significant. 
Choose a replacement IC that operates at or 
above the circuit clock speed. (Although in- 
creased speed can increase EMI and cause 
other problems.) Some circuits may not func- 
tion if the propagation delay varies much 
from the specified part. Look at the Digital 
chapter for details of how these operating 
characteristics relate to circuit performance. 

Analog ICs have similar characteristics. 
Input and output capacities are often defined 
as how much current an analog IC can “sink” 
(accept at an input) or “source” (pass to a 
load). A replacement should be able to source 
or sink at least as much current as the device 
itreplaces. Analog speed is sometimes listed 
as bandwidth (as in discrete-component cir- 
cuits) or slew rate (common in op amps). 
Each of these quantities should meet or ex- 
ceed that of the replaced component. 

Some ICs are available in different op- 
erating temperature ranges. Op amps, for 
example, are commonly available in three 
standard ranges: 

* Commercial 0°C to 70°C 

* Industrial -25?C to 85°C 

* Military —55°С to 125°C 

In some cases, part numbers reflect the 
temperature ratings. For example, an 
LM301A op amp is rated for the commer- 
cial temperature range; an LM201A op 
amp for the industrial range and an 
LMI101A for the military range. 

When necessary, you can add interface 
circuits or buffer amplifiers that improve 
the input and output capabilities of re- 
placement ICs, but auxiliary circuits can- 
not improve basic device ratings, such as 
speed or bandwidth. 

An excellent source of information on 
many common ICs is The ARRL Electron- 
ics Data Book, which contains detailed 
data for digital ICs (CMOS and TTL), op 
amps and other analog ICs. 


Table 24.11 

Ferrite Toroids: A, Chart (mH per 1000, turns) Enameled Wire 

Core 63/67-Mix 61-Mix 43-Mix 77 (72) Mix J (75) Mix 
Size u= 40 д = 125 u = 850 4 = 2000 я = 5000 
ЕТ-23 7.9 24.8 188.0 396 980 
ЕТ-37 19.7 55.3 420.0 884 2196 
ЕТ-50 22.0 68.0 523.0 1100 2715 
ЕТ-82 22.4 73.3 557.0 1170 МА 
ЕТ-114 25.4 79.3 603.0 1270 3170 


Ferrite Magnetic Properties 


Property Unit 63/67-Mix 61-Міх 43-Mix 77 (72) Mix J (75)-Mix 
Initial perm (д) 40 125 850 2000 5000 
Maximum perm. 125 450 3000 6000 8000 
Saturation flux 

density @ 10 oer Gauss 1850 2350 2750 4600 3900 
Residual flux 

density Gauss 750 1200 1200 1150 1250 
Curie temp. °C 450 350 130 200 140 
Vol. resistivity ohm/cm 1 x 108 1 x 108 1 x 105 1x 102 5 x 10? 
Resonant circuit 

frequency MHz 15-25 0.2-10 0.01-1 0.001-1 0.001-1 
Specific gravity 4.7 4.7 4.5 4.8 4.8 
Loss m 110 x 106 32 x 109 120 x 106 4.5 x 108 15 x 106 

factor Pre] $25 MHz ($2.5 MHz Q1 MHz @0.1 MHz ($0.1 MHz 
Coercive force Oer 2.40 1.60 0.30 0.22 0.16 
Temp. Coef. 9o/9C 

of initial perm. (20-70°С) 0.10 0.15 1.0 0.60 0.90 
Ferrite Toroids—Physical Properties 
Core 
Size OD ID Height A, [A Vs As Aw 
FT-23 0.230 0.120 0.060 0.00330 0.529 0.00174 0.1264 0.01121 
FT-37 0.375 0.187 0.125 0.01175 0.846 0.00994 0.3860 0.02750 
FT-50 0.500 0.281 0.188 0.02060 1.190 0.02450 0.7300 0.06200 
FT-82 0.825 0.520 0.250 0.03810 2.070 0.07890 1.7000 0.21200 
FT-114 1.142 0.750 0.295 0.05810 2.920 0.16950 2.9200 0.43900 


OD—Outer diameter (inches) 
ID—Inner diameter (inches) 
Hgt—Height (inches) р 
Ауу —Тоѓа! window area (in)? 
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Table 24.12 


A,—Effective magnetic cross-sectional area (in)? 
I, —Effective magnetic path length (inches) 
V,—Effective magnetic volume (in)3 
Ag—Surface area exposed for cooling (in)? 


Power-Transformer Wiring Color Codes 


Non-tapped primary leads: 
Tapped primary leads: 


High-voltage plate winding: 
Center tap: 

Rectifier filament winding: 
Center tap: 

Filament winding 1: 
Center tap: 


Filament winding 2: 
Center tap: 


Filament winding 3: 
Center tap: 


OTHER SOURCES OF 
COMPONENT DATA 


There are many sources you can consult 
for detailed component data. Many manu- 


Black 


Common: Black 

Tap: Black/yellow striped 
Finish: Black/red striped 
Red 

Red/yellow striped 
Yellow 

Yellow/blue striped 


Green 
Green/yellow striped 
Brown 
Brown/yellow striped 


Slate 
Slate/yellow striped 


facturers publish data books for the com- 
ponents they make. Many distributors will 
include data sheets for parts you order if 
you ask for them. Parts catalogs them- 


Table 24.13 
IF Transformer Wiring Color Codes 


Plate lead: Blue 
B+ lead: Red 
Grid (or diode) lead: Green 
Grid (or diode) return: Black 


Note: If the secondary of the IF transformer is 
center-tapped, the second diode plate lead is 
green-and-black striped, and black is used for 
the center-tap lead. 


Table 24.14 
IF Transformer Slug Color Codes 
Frequency X Application Slug color 
455 kHz ist IF Yellow 
2nd IF White 
3rd IF Black 
Osc tuning Red 
10.7 MHz 1st IF Green 
2nd or 3rd IF Orange, 
Brown or 
Black 
Table 24.15 


Audio Transformer Wiring Color 
Codes 


Plate lead of Blue 
primary 
B+ lead Red 


(plain or center-tapped) 
Plate (start) lead on 
center-tapped 


Brown (or blue if 
polarity is not 


primaries important) 
Grid (finish) Green 
lead to secondary 
Grid return Black 


(plain or center tapped) 
Grid (start) lead on 

center tapped if polarity not 

secondaries important) 


Note: These markings also apply to line-to- 
grid and tube-to-line transformers. 


Yellow (or green 


selves are often good sources of compo- 
nent data. The following list is representa- 
tive of some of the data resources avail- 
able from manufacturers and distributors. 


Motorola Small-Signal Transistor Data 

Motorola RF Device Data 

Motorola Linear and Interface ICs 

Signetics: General Purpose/Linear ICs 

NTE Technical Manual and Cross 
Reference 

TCE SK Replacement Technical Manual 
and Cross Reference 


National Semiconductor: 

Discrete Semiconductor Products 
Databook 

CMOS Logic Databook 

Linear Applications Handbook 

Linear Application-Specific ICs 
Databook 

Operational Amplifiers Databook 
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Copper Wire Specifications 
Bare and Enamel-Coated Wire 
Current Carrying Capacity 


Feet Ohms Continuous Duty? Nearest 
Wire Enamel Wire bare per per at Conduit British 
Size Diam Area Turns / Linear inc Pound 1000 ft 700CM Open or SWG 
(AWG) (Mils) (CM!) Single Heavy Triple Bare 250 C per Amp* air bundles No. 
1 289.3 83694.49 3.948 0.1239 119.564 1 
2 257.6 66357.76 4.978 0.1563 94.797 2 
3 229.4 52624.36 6.277 0.1971 75.178 4 
4 204.3 41738.49 7.918 0.2485 59.626 5 
5 181.9 33087.61 9.98 0.3134 47.268 6 
6 162.0 26244.00 12.59 0.3952 37.491 7 
7 144.3 20822.49 15.87 0.4981 29.746 8 
8 128.5 16512.25 20.01 0.6281 23.589 9 
9 114.4 13087.36 25.24 0.7925 18.696 11 
10 101.9 10383.61 31.82 0.9987 14.834 12 
11 90.7 8226.49 40.16 1.2610 11.752 13 
12 80.8 6528.64 50.61 1.5880 9.327 13 
13 72.0 5184.00 63.73 2.0010 7.406 15 
14 64.1 4108.81 15.2 14.8 14.5 80.39 2.5240 5.870 32 17 15 
15 57.1 3260.41 17.0 16.6 16.2 101.32 3.1810 4.658 16 
16 50.8 2580.64 19.1 18.6 18.1 128 4.0180 3.687 22 13 17 
17 45.3 2052.09 21.4 20.7 202 161 5.0540 2.932 18 
18 40.3 1624.09 23.9 23.2 22.5 203.5 6.3860 2.320 16 10 19 
19 35.9 1288.81 26.8 25.9 25.1 256.4 8.0460 1.841 20 
20 32.0 1024.00 29.9 28.9 27.9 322.7 10.1280 1.463 11 7.5 21 
21 28.5 812.25 33.6 32.4 31.3 406.7 12.7700 1.160 22 
22 25.3 640.09 37.6 36.2 34.7 516.3 16.2000 0.914 5 22 
23 22.6 510.76 42.0 40.3 38.6 646.8 20.3000 0.730 24 
24 20.1 404.01 46.9 45.0 42.9 817.7 25.6700 0.577 24 
25 17.9 320.41 52.6 50.3 47.8 1031 32.3700 0.458 26 
26 15.9 252.81 58.8 56.2 53.2 1307 41.0200 0.361 27 
27 14.2 201.64 65.8 62.5 59.2 1639 51.4400 0.288 28 
28 12.6 158.76 73.5 69.4 65.8 2081 65.3100 0.227 29 
29 11.3 127.69 82.0 76.9 72.5 2587 81.2100 0.182 31 
30 10.0 100.00 91.7 86.2 80.6 3306 103.7100 0.143 33 
31 8.9 79.21 103.1 95.2 4170 130.9000 0.113 34 
32 8.0 64.00 113.6 105.3 5163 162.0000 0.091 35 
33 7.1 50.41 128.2 117.6 6553 205.7000 0.072 36 
34 6.3 39.69 142.9 133.3 8326 261.3000 0.057 37 
35 5.6 31.36 161.3 149.3 10537 330.7000 0.045 38 
36 5.0 25.00 178.6 166.7 13212 414.8000 0.036 39 
37 4.5 20.25 200.0 181.8 16319 512.1000 0.029 40 
38 4.0 16.00 222.2 204.1 20644 648.2000 0.023 
39 3.5 12.25 256.4 232.6 26969 846.6000 0.018 
40 3.1 9.61 285.7 263.2 34364 1079.2000 0.014 
41 2.8 7.84 322.6 294.1 42123 1323.0000 0.011 
42 2.5 6.25 357.1 333.3 52854 1659.0000 0.009 
43 2.2 4.84 4000 370.4 68259 2143.0000 0.007 
44 2.0 4.00 4545 400.0 82645 2593.0000 0.006 
45 1.8 3.10 526.3 465.1 106600 3348.0000 0.004 
46 1.6 2.46 5882 512.8 134000 4207.0000 0.004 
Teflon Coated, Stranded Wire 
(As supplied by Belden Wire and Cable) 
Turns per Linear inch? 
UL Style No. 
Size Strands’ 1180 1213 1371 
16 19x29 11.2 Notes 
18 19x30 127 1A circular mil (CM) is a unit of area equal to that of a one-mil- 
20 7x28 14.7 17.2 diameter circle (x/4 square mils). The CM area of a wire is the 
20 19x32 14.7 17.2 Е square of the mil diameter. | | à : Р 
22 19х34 16.7 20.0 23.8 Figures given ara approximate only; insulation thickness varies with 
22 7x30 16.7 20.0 23.8 3Maximum wire temperature of 212°F (100°C) with a maximum 
24 19x36 18.5 22.7 27.8 ambient temperature of 13°F (57°C) as specified by the manufac- 
24 7x32 22.7 27.8 аг The National Electrical Code or local building codes тау 
differ. 
2 n D | 4700 СМ per ampere is a satisfactory design figure for small 
; " transformers, but values from 500 to 1000 СМ are commonly used. 
30 7x38 31.3 41.7 The National Electrical Code or local building codes may differ. 
32 7x40 47.6 5Stranded wire construction is given as "count"x"strand size" (AWG). 
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Color Code for Hookup Wire Crystal Holders 


Wire Type of Circuit 

Color 

Black Grounds, grounded elements 
and returns 

Heaters or filaments, off 
ground 

Red Power supply B plus 


Brown 


Orange Screen grids and base 2 of 4 
transistors 0.765 

Yellow Cathodes and transistor R^ 
emitters : 

Green Control grids, diode plates, talus ЕА 20 
and base 1 of transistors ў 

Віче Plates and transistor HC6/U 


collectors 
Violet Power supply, minus leads 
Gray Ac power line leads 
White Bias supply, B or C minus, 


zr 0750 + 


NOTE: SOLDER SEAL, COLD WELD, AND RESISTANCE WELD SEALING 


METHODS ARE COMMONLY AVAILABLE. 


NOTE: ALL DIMENSIONS ARE IN INCHES. 


FH 0.750 |-— 


ги 9.r90 Ra ГИ а 


ii [ 
0.510 
o. L 0.050 
om E 0.093 DIA 
DIA LE 
0486 0.017 


i DIA 
HC13/U $509 


0750 =) |4—оләг 
э] aes p = А HC18/U 


AGC Ait NS 0765 
Note: Wires with tracers are coded in the same = і 
manner as solid-color wires, allowing additional оте до 0275 0039 
circuit identification over solid-color wiring. The al Ls Eo 
body of the wire is white and the color band spirals 9:273 1500 0.030 
around the wire lead. When more than one color Hcas/u HC32/U DIA 
band is used, the widest band represents the first кезди 


color. 


CRYSTAL 
GROUND 
CRYSTAL 


HC 35 (TO-5) 


Aluminum Alloy Characteristics 


Common Alloy Numbers 


Type Characteristic 

2024 Good formability, high strength 

5052 Excellent surface finish, excellent corrosion resistance, 
normally not heat treatable for high strength 

6061 Good machinability, good weldability, can be brittle at 
high tempers 

7075 Good formability, high strength 


General Uses 

Type Uses 

2024-T3 Chassis boxes, antennas, anything that will be bent or 
flexed repeatedly 


7075-T3 
6061-T6 Mounting plates, welded assemblies or machined parts 


NO CONNECTION 


CE mosea- 


0.757 MAX 0.352, 
МАХ 
0.775 
MAX 
05 ira 
0.489 
*0008 
PIN | | CONNECTION HC 47 (TL-31) 


NO CONNECTION 
CRYSTAL 
GROUND 
CRYSTAL 


dun- 


HC40 (Т1 90) 


*Note: HC17/U ріп spacing and diameter is 
equivalent to the older FT-243 (32 pF) holder. 


Common Tempers 


Type Characteristics 
Special soft condition 


TS Hard 
T6 Very hard, possibly brittle 
TXXX Three digit tempers—usually specialized high-strength 


heat treatments, similar to T6 
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Miniature Lamp Guide 


BULB STYLES 


(Ce ы КЕ Ө 


ШИШЕ ева - a 


BIDC BDC 


ev UL 


SCREW BASES 


Lamp Base Legend 


BDC Bayonet, dual-contact 
BIDC Bayonet, indexed dual-contact 
BMN Bayonet, miniature 
BP Bipin 
BSC Bayonet, single-contact 
FSCMN Flanged, single-contact, 

miniature 

tk 

Type Bulb Base V 
PR2 B-32 FSCMN 2.38 
PR3 B-32 FSCMN 3.57 
PR4 B-32 FSCMN 2.33 
PR6 B-312 FSCMN 2.47 
PR7 В-3'^ FSCMN 3.70 
PR12 B-312 FSCMN 5.95 
PR13 B-312 FSCMN 4.75 
10 G-3¥2 MTP 2.50 
12 G-3¥%2 MTP 6.30 
13 9-31 SMN 3.70 
14 О-3% SMN 2.47 
19 0-31 МТР 14.40 
27 69-412 SMN 4.90 
37 T-134 WSMN 14.00 
40 T-3% SMN 6.30 
43 T-3% BMN 2.50 
44 T-3% BMN 6.30 
45 T-3% BMN 3.20 
46 T-3% SMN 6.30 
47 T-3'A BMN 6.30 
48 T-39. SMN 2.00 
49 T-3% BMN 2.00 
50 G-3V» SMN 7.50 
51 6-31 BMN 7.50 
52 9-31 SMN 14.40 
53 G-3¥2 BMN 14.40 
55 G-4v; BMN 7.00 
57 G-412 BMN 14.00 
63 G-6 BSC 7.00 
73 Т-134 WSMN 14.00 
74 T-134 WSMN 14.00 
82 G-6 BDC 6.50 
85 T-134 WSMN 28.00 
86 T-134 WSMN 6.30 
88 S-8 BDC 6.80 
93 5-8 BSC 12.80 
112 TL-3 SMN 1.20 
130 G-3% BMN 6.30 
131 G-3%2 SMN 1.30 
158 T-3% № 14.00 
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**Bulbs are described by a letter indicating shape and 
а number that is an approximation of diameter expressed 
in eighths of an inch. For example S-8 is “S” shape, 
8 eighths or 1 inch in diam. 


PFDC FSMD FSCMD 


FSCMN 


FLANGE BASES 


BAYONET BASES 


WSMN ү SL MTP BP GMD SPTHD 
WEDGE BASES MISCELLANEOUS BASES 
FSCMD Flanged, midget single-contact SI Screw, intermediate 
FSMD Flanged, submidget SMD Screw, midget 
GMD Midget grooved SMN Screw, miniature 
MTP Miniature two-pin SPTHD Screw, special thread 
PFDC Prefocused dual contact үү Wedge | 
SL Slide (various sizes) WSMN Wedge, subminiature 
sc Screw, candleabra WT Wire terminal 
1000 
A Lifet Type Bulb Base V A Lifet 
0.500 15 159 T-3% үү 6.30 0.150 5K 
0.500 15 161 T-3% үү 14.00 0.199 4K 
0.270 10 168 T-3% Ww 14.00 0.350 1.5K 
0.300 30 219 9-31 BMN 6.30 0.250 5K 
0.300 30 222 TL-3 SMN 2.25 0.250 0.5 
0.500 15 239 T-3% BMN 6.30 0.360 5K 
0.500 15 240 T-3% BMN 6.30 0.360 5K 
0.500 3K 259 T-3% үү 6.30 0250 5K 
0.150 5K 268 T-134 FSCMD 2.50 0.350 10K 
0.300 15 305 S-8 BSC 28.00 0.510 300 
0.300 15 307 5-8 BSC 28.00 0.670 300 
0.100 1K 308 8-8 BDC 28.00 0.670 300 
0.300 30 313 T-3% BMN 28.00 0.170 500 
0.090 1.5K 323 T-1% SPTHD 3.00 0.190 350 
0.150 3K 327 T-1% FSCMD 28.00 0.040 4K 
0.500 3K 327AS15 Т-1% FSCMD 28.00 0.040 4K 
0.250 3K 328 T-1% FSCMD 6.00 0.200 1K 
0.350 3K 330 T-1% FSCMD 14.00 0.080 1.5K 
0.250 ЗК 331 T-1% FSCMD 1.85 0.060 ЗК 
0.150 3K 334 Т-134 GMD 28.00 0.040 4K 
0.060 1K 335 T-1% SMD 28.00 0.040 4K 
0.060 1K 336 Т-1% GMD 14.00 0.080 1.5K 
0.220 1K 337 T-134 GMD 6.00 0.200 1K 
0.220 1K 338 T-1% FSCMD 2.70 0.060 6K 
0.100 1K 342 Т-1% SMD 6.00 0.040 10K 
0.120 1K 344 Т-1% FSCMD 10.00 0.014 50K 
0.410 500 345 T-1% FSCMD 6.00 0.040 10K 
0.240 500 346 T-1% GMD 18.00 0.040 10K 
0.630 1K 349 T-134 FSCMD 6.30 0.200 5K 
0.080 15K 370 T-1% FSCMD 18.00 0.040 10K 
0.100 500 373 T-134 SMD 14.00 0.080 1.5K 
1.020 500 375 T-134 FSCMD 3.00 0.015 10K 
0.040 7K 376 T-134 FSCMD 28.00 0.060 25K 
0.200 20K 380 T-1% FSCMD 6.30 0.040 20K 
1.910 300 381 T-134 FSCMD 6.30 0.200 20K 
1.040 700 382 T-1% FSCMD 14.00 0.080 15K 
0.220 5 385 T-1% FSCMD 28.00 0.040 10K 
0.150 5K 386 T-134 GMD 14.00 0.080 15K 
0.100 50 387 Т-134 FSCMD 28.00 0.040 7K 
0.240 500 388 T-1% GMD 28.00 0.040 7K 


Type Bulb Base у А Litet Type Bulb Base V A Lifet 
397 T-1% GMD 10.00 0.040 5K 1892 T-3% BMN 14.40 0.120 iK 
398 T-1% GMD 6.30 0.200 5K 1893 T-3% BMN 14.00 0.330 7.5K 
399 T-134 SMD 28.00 0.040 7K $ 1895 G-41⁄2 BMN 14.00 0.270 2K 
502 G-412 SMN §.10 0.150 100 2102 T-134 WT 18.00 0.040 10K 
555 T-3'4 Ww 6.30 0.250 ЗК 2107 T-1% WT 10.00 0.040 5K 
656 T-3% Ww 28.00 0.060 2.5K 2158 T-1% WT 3.00 0.015 10K 
6804515  T-1 5.00 0.060 60K 2162 T-134 WT 14.00 0.100 10K 
6824515  T-1 FSMD 5.00 0.060 60K | 2169 T-1% WT 2.50 0.350 20K 
683AS15  T-1 5.00 0.060 25K 2180 T-134 . WT 6.30 0.040 20K 
685AS15  T-1 FSMD 5.00 0.060 25K 2181 T-134 WT 6.30 0.200 20K 
715AS15  T-1 5.00 0.115 40K 2182 T-1% WT 14.00 0.080 40K 
715AS25 Т- 5.00 0.115 40K 2187 T-134 WT 28.00 0.040 7K 
718AS25  T-1 FSMD 5.00 0.115 40K 2304 Т-134 ВР 3.00 0.300 1.5K 
755 T-3% BMN 6.30 0.150 20K 2307 T-134 BP 6.30 0.200 5K 
756 T-3% BMN 14.00 0.080 15K 2314 T-134 BP 28.00 0.050 1K 
757 T-3% BMN 28.00 0.080 7.5K 2316 T-134 BP 18.00 0.040 10K 
1034 S-8 BIDC 14.00 0.590 5K 2324 T-134 BP 28.00 0.040 4K 
1073 8-8 BSC 12.80 1.800 200 2335 T-134 BP 14.00 0.080 15K 
1130 8-8 BDC 6.40 2.630 200 2337 T-134 BP 6.30 0.200 20K 
1133 RP-11 BSC 6.20 3.910 200 2342 T-134 BP 28.00 0.040 25K 
1141 5-8 BSC 12.80 1.440 1K 3149 T-134 BP 5.00 0.060 5K 
1143 RP-11 BSC 12.50 1.980 400 6803AS25 T-34 WT 5.00 0.060 60K 
1184 RP-11 BDC 5.50 6.250 100 6833AS15 T-34 WT 5.00 0.060 25K 
1251 G-6 BSC 28.00 0.230 2K 6838 T-1 WT 28.00 0.024 4K 
1445 G-315 BMN 14.40 0.130 2K 6839 T-1 FSMD 28.00 0.024 4K 
1487 T-3% SMN 14.00 0.200 3K 7001 T-1% BP 24.00 0.050 2K 
1488 Т-314 BMN 14.00 0.150 200 7003 T-134 BP 24.00 0.050 2K 
1490 T-3% BMN 3.20 0.160 ЗК 7153AS15 Т-34 WT 5.00 0.115 40K 
1493 5-8 BDC 6.50 2.750 100 7265 T-1 BP 5.00 0.060 5K 
1619 S-8 BSC 6.70 1.900 500 7327 T-134 BP 28.00 0.040 4K 
1630 5-8 PFDC 6.50 2.750 100 7328 T-134 BP 6.00 0.200 1K 
1691 S-8 BSC 28.00 0.610 1K 7330 T-1% BP 14.00 0.080 1.5K 
1705 T-134 WT 14.00 0.080 1.5K 7344 T-134 BP 10.00 0.014 50K 
1728 T-134 WT 1.35 0.060 ЗК 7349 T-134 BP 6.30 0.200 5K 
1730 T-1% WT 6.00 0.040 20K 7361 T-1% BP 5.00 0.060 25K 
1738 T-134 WT 2.70 0.060 6K 7362 T-1% BP 5.00 0.115 40K 
1762 T-134 WT 28.00 0.040 4K 7367 T-1% BP 10.00 0.040 5K 
1764 Т-1% үүт 28.00 0.040 4K 7370 T-1% BP 18.00 0.040 10K 
1767 T-134 SMD 2.50 0.200 500 7371 T-134 BP 12.00 0.040 10K 
1768 Т-134 SMD 6.00 0.200 1K 7373 T-134 BP 14.00 0.100 10K 
1775 T-134 SMD 6.30 0.075 1K 7374 T-134 BP 28.00 0.040 10K 
1813 T-3% BMN 14.40 0.100 1K 7375 T-134 BP 3.00 0.015 10K 
1815 T-3% BMN 14.00 0.200 3K 7376 T-1% BP 28.00 0.065 10K 
1816 T-3'A BMN 13.00 0.330 1K 7377 T-134 BP 6.30 0.075 1K 
1818 T-3% BMN 24.00 0.170 250 7380 Т-1% ВР 6.30 0040 30K 
1819 T-3% BMN 28.00 0.040 2.5K 7381 Т-134 ВР 6.30 0.200 20K 
1820 T-3% BMN 28.00 0.100 1K 7382 T-134 BP 14.00 0.080 15K 
1821 T-3% SMN 28.00 0.170 500 7387 Т-134 ВР 28.00 0.040 7K 
1822 Т-374 BMN 36.00 0.100 1K 7410 T-1% BP 14.00 0.080 15K 
1828 T-3% BMN 37.50 0.050 ЗК 7839 T-1 BP 28.00 0.025 4K 
1829 T-3% BMN 28.00 0.070 1K 7876 Т-1% ВР 28.00 0.060 25К 
1835 T-3% BMN 55.00 0.050 5K 7931 T-134 BP 1.35 0.060 ЗК 
1847 T-3% BMN 6.30 0.150 5K 7945 Т-134 ВР 6.00 0.040 20K 
1850 T-3% BMN 5.00 0.090 1.5K 7968 T-1% BP 2.50 0.200 500 
1864 T-3% BMN 28.00 0.170 1.5K 8099 T-1 BP 18.00 0.020 16K 
1866 T-3% BMN 6.30 0.250 5K 8362 T-1% SMD 14.00 0.080 15K 
1869 T-134 WT 10.00 0.014 50K 8369 T-1% SMD 28.00 0.065 10K 
1891 T-3% BMN 14.00 0.240 500 
STANDARD LINE-VOLTAGE LAMPS INDICATOR LAMPS 
Type V W Bulb Base Each has a T-2 bulb and a slide base. 
100700 115-125 10 C7 BDC Type V A Lite t 
996 120, 125 3 56 5С 6PSB 6.00 0.140 20K 
656 30, 48, 6 5-6 5С 12PSB 1200 0.170 12K 
115, 120, 24PSB 2400 0.073 10K 
125, 130, 28PSB 28.00 0.040 5K 
ie 145, 48PSB 48.00 0.050 10K 
60PSB 60.00 0.050 7.5K 
656/А 115-125 6 5-6 (red) SC 120PSB 120.00 0.025 7.5K 
6S6/W 115-125 6 S-6 (white) SC 
6T4v» 120, 130 6 T-4% SC 
7C7 115-125 7 C-7 SC NEON GLOW LAMPS 
7C7IW 115-125 7 C-7 (white) SC Operating circuit voltage 105-125. 
10C7 115-125 10 C7 SC І Breakdown 
10S6 120 10 S-6 sc Voltage External 
10S6/10 220, 230, 10 5-6 sc Type AC DC Bulb Base Ww Resistancet 
250 NE-2 65 90 т-2 WT 1/12 150K 
6S6DC 30, 120, 6 5-6 BDC NE-2A 65 90 T-2 WT 1/15 100K 
125, 145 К NE-2D 65 90 T2 FSCMD 1/12 100K 
10S6/10DC 230, 250 10 5-6 BDC NE-2E 65 90 T-2 WT 1/12 100К 
40511 М 115-125 40 9-11 SI NE-2H 95 135 T2 WT 1/4 30K 
120MB 120 3 Т-2% BMN NE-2J 95 135 T2 FSCMD 1/4 30K 
120MB/6 120 6 Т-215 BMN NE-2V 65 90 T2 WT 1/12 100K 
120PSB 120 3 T2 SL NE-45 65 90  T-4 1/2 SC 1/4 NONE 
Я МЕ-51 65 90  T-3 1/4 BMN 1/25 220K 
ТОБЕ ES eso aum МЕ-51Н 95 135 7:314 BMN 17 ак 
f NE-84 95 135 T-2 SL 1/4 30K 
NE-120PSB 95 95 T-2 SL 1/4 NONE 


AS SSS PEPE SD SE Ss) 
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Metal-Oxide Varistor (MOV) Transient Suppressors? 
Listed by voltage. 


Maximum Maximum Maximum 
Applied Maximum Peak Maximum _ Varistor 
ECG/NTE'!t Voltage Energy Current Power Voltage 
Type No. no. V асрмѕ V асрьак (Joules) (A) (W) (V) 
V180ZA1 1V115 115 163 1.5 500 0.2 285 
V180ZA10 2V115 115 163 10.0 2000 0.45 290 
V130PA10A 130 184 10.0 4000 8.0 350 
V130PA20A 130 184 20.0 4000 15.0 350 
V130LA1 1V130 130 184 1.0 400 0.24 360 
V130LA2 1V130 130 184 2.0 400 0.24 360 
V130LA10A 2V130 130 184 10.0 2000 0.5 340 
V130LA20A . 524V13 130 184 20.0 4000 0.85 340 
V150PA10A 150 212 10.0 4000 8.0 410 
V150PA20A 150 212 20.0 4000 15.0 410 
V150LA1 1V150 150 212 1.0 400 0.24 420 
V150LA2 1V150 150 212 2.0 400 0.24 420 
V150LA10A 524V15 150 212 10.0 2000 0.5 390 
V150LA20A . 524V15 150 212 20.0 4000 0.85 390 
V250PA10A 250 354 10.0 4000 0.85 670 
V250PA20A 250 354 20.0 4000 7.0 670 
V250PA40A 250 354 40.0 4000 13.0 670 
V250LA2 1V250 250 354 2.0 400 0.28 690 
V250LA4 1V250 250 354 4.0 400 0.28 690 
V250LA15A 2V250 250 354 15.0 2000 0.6 640 
V250LA20A . 2V250 250 354 20.0 2000 0.6 640 
V250LA40A = 524V25 250 354 40.0 4000 0.9 640 


tt ECG and NTE numbers for these parts are identical, except for the prefix. Add the "ECG" or "NTE" prefix to the numbers shown for the 
complete part number. 


€ — ————— — M — — ———— M — — — ———— M Ó— M —— — 


Voltage-Variable Capacitance Diodes! 


Listed numerically by device 


CT CT 
Nominal Nominal 
Capacitance Capacitance 
pF Capacitance Q pF Capacitance Q 
+10% @ Ratio Q 40V +10% @ Ratio Q 40V 
Vg-4.0 V 4-60 V 50MHz Case VR=4.0 V 4-60 V 50 MHz Case 
Device f-1.0MHz Min. Min. Style Device f-1.0MHz Min. Min. Style 
1N5441A 6.8 2.5 450 1N5471A 39 2.9 450 
1N5442A 8.2 2.5 450 1N5472A 47 2.9 400 
1N5443A 10 2.6 400 DO-7 1N5473A 56 2.9 300 DO-7 
1N5444A 12 2.6 400 1N5474A 68 2.9 250 
1N5445A 15 2.6 450 1N5475A 82 2.9 225 
1N5446A 18 2.6 350 1N5476A 100 2.9 200 
1N5447A 20 2.6 350 MV2101 6.8 2.5 450 
1N5448A 22 2.6 350 DO-7 MV2102 8.2 2.5 450 
1N5449A 27 2.6 350 MV2103 10 2.0 400 TO-92 
1N5450A 33 2.6 350 MV2104 12 2.5 400 
1N5451A 39 2.6 300 MV2105 15 2.5 400 
1N5452A 47 2.6 250 MV2106 18 2.5 350 
1N5453A 56 2.6 200 DO-7 MV2107 22 2.5 350 
1N5454A 68 2.7 175 MV2108 27 2.5 300 TO-92 
1N5455A 82 2.7 175 MV2109 33 2.5 200 
1N5456A 100 2.7 175 MV2110 39 2.5 150 
1N5461A 6.8 2.7 600 MV2111 47 2.5 150 
1N5462A 8.2 2.8 600 MV2112 56 2.6 150 
1N5463A 10 2.8 550 DO-7 MV2113 68 2.6 150 TO-92 
1N5464A 12 2.8 550 MV2114 82 2.6 100 
1N5465A 15 2.8 550 MV2115 100 2.6 100 
1N5466A 18 2.8 500 
1N5467A 20 2.9 500 
1N5468A 22 2.9 500 DO-7 
1N5469A 27 2.9 500 
1N5470A 33 2.9 500 


tFor package shape, size and pin-connection information, see manufacturers’ data sheets. Many retail suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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Zener Diodes "M | "ES 


: : . : ** . Power (Watts) f 
Volts 0.25 ` 0.4 0.5 5 10. . 15., 50 - 10.0 50.0 
18  1N4614  - К : 
20 14615 
2.2  1N4616 ` А ^ 
2.4  1N4617 ;1N4370,A 1N4370,A E T 
>к . . 1N5221,B 
3 .  1N5985,B 
2.5 ` * — 1N5222B 
26 1N702,A- . eos 
27 1N4618 -— 1N4371,A 1N4371,A ; " 
1N5223,B | А 
(p SIE. А 145839, 135986 à 
2.8 i 1N5224B " 
30  1N4619 o0 154372, . 1N4372 ` MEE wo 
' | | . | 1N5225,B , 
- І . 1N5987 . | : 
“33 134620 | 1N746,A 1N746,A . 1N3821 1N5913 . 1N5333,B 
a 1N764,À . 1N5226,B - -1N4728,A °° > 
1N5518  ; 1N5988 | i : 
3.6 1N4621 1N747,A 1N747A . - 1N3822 -1N5914 . 1N5334,B 
| ' 1М5519 1N5227,B (000. 1N4729,A, : 
; 1N5989 | _ : | | | 
3.9 1№34622 | 1N748,A `. 1М748А ' 1N3823 1N5915 1N5335,B  1N3993À  ' 1N4549,B 
1N5520 1N5228,B 1N4730,A ос 1М4557,В 
1N5844, 1N5990 , : ; . 
41  1N704A - Y a А m | 
43 1N4623 1N749,A 1N749,A 1N5229,B 1N3824 1N5916 ` 1N5336,B 1N3994,A 1N4550,B 
3 ` 1N5521 1N5845 7 1N4731,A | |, 1N4558,B 
1N5991 "TN : : 
4.7 1М4624 1N750,A 1N750A : 1N3825 _ 1N5917 1N5337,B 1М3995,А 1N4551,B 
: 1N5522 . ,  1N5230,B © 00 1N4722,A. | 1N4559,B 
i : . 1N5846, 1N5992 : | 
5.1 1N4625 1N751,A 1№751,А, 135231,8 - 1М3826 135918 1N5338,B 1М3996,А 134552,8 
134689 135523 - -  1N5847 PUE 1N4733 : ` : 134560,8 
135993 AD 5 | 
5.6 1М708А 1N752,A -> 1N752,A 1° 1N3827 ` 1N5919 - 1N5339,B 1N3997,A . 1N4553B * 
1N4626 1N5524 1N5232,B " 1N4734,A ` оз | : 1N4561,B 
' 1N5848, 1N5994 . $2) rod 2 
5.8 1М706А . 1N762 В ar: LOS 
6.0 1N5233B f | 1N5340,B 
РЕ 145849 peg А 
6.2 1М709,1М4627 1М753,А 1N753,A | 1N3828,A 1N5920 . 1N5341,B  '"1N3998,A 1N4554,B 
t MZ605, MZ610 1М821,3,5,7,9;А 1N5234,B, 1N5850 _ 1N4735,A ` ; 1N4562,B 
MZ620, MZ640 = 1М5995 С z 
6.4 1N4565-84,A ` © : - $ ; | 
6.8 134099 1N754,A ` 1N754,A 1N757,B. 1N3016,B 1N3785 1N5342,B 1М32970,В 1N2804B 
A | 1N957,B | 1N5235,B 1М5851 ``1М3829 1N5021 . 1N3999,A 1N3305B . 
: 1N5526 . . 1N5996 | 1N4736,A Oy MO 1N4555, 1N4563 
7.5 1N4100 20. . 1N755,A 1N755A, 1N958,B 1N3017,A,B — 1N3786 1N5343,B  1N2971,B 1N2805,B 
. 4N958,B 1N5236,B 1N5852  .  1N3830 - 1N5922 1N4000,A 1N3306,B 
| 1N5527 1N5997 . 1N4737,A ' : 1N4556, 1N4564 
80 1М707А i : A cs nt . . 
8.2  1N712A 1N756,A : 1N756,A |o « 1N3018,B 1N3787 145344,8 132972,8  1М№2806,В 
144101 13959,8 1959,8 ©. 1N4738,A 1N5923 - ` 1N3307,B 
1N5528 - 1N5237,B an ME. 
1N5853 
| E 1N5998 . 
8.4 : 1N3154-57,A 1N3154,A `- АЕ 
$us .  1N3155-57 . 
8.55 1№4775-84,А ` f 1N5238,B 
' г 135854 f - 
87 1N4102 . : i uu eM d 1N5345,B 
8.8 1N764 
90 * 1N764A ` ` 1N935-9;A,B ; ; 
9.1 1N4103 1N757,A - 1N757,A, 1N960,B 1N3019;B 1N3788 ‚ 1N5346B 1N2973B 1N2807,B 
1N960,B '  1N5239,8, 1N5855 ^ | 1N4739,A ` 1N5924 MEE PA 1N3308,B 
: 1N5529 . 1N5999 э | 
100 — 1N4104 1N758,A . 1N758,A, 1N961,B . . 1N3020,B 1N3789 1N5347,B 1М2974,В. 1N2808,B 
1N961,B 1N5240,B, 1N5856 1N4740,A 1N5925 ` - 1N3309,A,B 
1N5530,8 1N6000 | 
11.0  1N715,A . 1N962,B 1N962,B - 1N3021,B- 1N3790 1N5348,B . 1N2975,B . 1N2809,B 
© 1N4105 1N5531 1N5241,B. 1N4741,A .1N5926 ` : 1N3310,B 
; | 1N5857, 1N6001 : | 9и : 
11.7 1N716,A 13941-4;А,В -. j aa 
. 134106 | . i | А 
12.0 1N759,A 1N759,A, 1N963,B,. 1N3022,B - 1N3791 1N5349,B°  1N2976B ^ 1N2810,B 
1N963,B І 1N5242,B, 135858 1N4742,A: 1N5927 : n 1N3311,B 
i 2 1N5532 . 1N6002 2 ; КА 
13.0 1N4107 ^1N964B © . 1N964,B ' 1N3023,B :1N3792 —. 1N5350B ^ 1N2977,B 1N2811,B 
| 1М5533 .. 1N5243,B, 1N5859 - 1N4743,A · 1N5928 NA 1N3312,B 


1N6003 
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Volts 


14.0 


15.0 


16.0 
17.0 
18.0 


19.0 
20.0 


22.0 
24.0 


25.0 
27.0 


28.0 
30.0 


-33.0 


36.0 


39.0 
43.0 


45.0 
47.0 
50.0 
51.0 


52.0 
56.0 


60.0 
62.0 


68.0 
75.0 
82.0 


87.0 
91.0 


100.0 


105.0 


110.0 
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0.25 


1N4108 
1N4109 


1N4110 
1N4111 
1N4112 


1N4113 


1N4114 
1N4115 
1N4116 


1N4117 
1N4118 


1N4119 


1N4120 


1N4121 


1N4122 


1N4123 
1N4124 


1N4125 


1N4126 
1N4127 


1N4128 
1N4129 


1N4130 
1N4131 
1N4132 


1N4133 
1N4134 


1N4135 


0.4 


1N5534 


1N965,B 
1N5535 


1N966,B 
1N5536 
1N5537 


1N967,B 
1N5538 


1N5539 


1N968,B 
1N5540 


1N959,B 
1N5541 


1N5542 
1N9701B 


1N5543 
1N971,B 


1N5544 


1N972,B 
1N5545 


1N973,B 
1N5546 


1N974,B 


1N975,B 
1N976,B 


1N977,B 


1N978,B 


1N979,B 


13980,8 


13981,8 


13982,8 


1N983,B 


1N984,B 


1N985 


1N986- 


Power (Watts) 

0.5 1.0 

1N5244B 

1N5860 

1N965,B 1N3024,B 

1N5245,B, 1N5861, 1N4744A 

1N6004 ў 

1N966,B, 1N5246,B 1N3025,B 

1N5862, 1N6005 1N4745,A 

1N5247,B 

1N5863 

1N967,B 1N3026,B 

1N5248,B 1N4746,A 

1N5864, 1N6006 

1N5249,B 

1N5865 

1N968,B 1N3027,B 

1N5250,B 1N4747,A 
` 1N5866, 1N6007 

1N969,B 1N3028,B 

1N5241,B 1N4748,A 

1N5867, 1N6008 

1N970,B 1N3029,B 

1N5252,B, 1N586 1N4749,A 

1N6009 

1N5253,8 

1N5869 

1N971 1N3030,B 

1N5254,B, 1N5870, 1N4750,A 

1N6010 

1N5255,B 

1N5871 

1N972,B 1N3031,B 

1N5256,B, 1N5872, 1N4751,A 

1N6011 

1N973,B 1N3032,B 

1N5257,B 1N4752,A 

1N5873 

1N6012 

1N974,B 1N3033,B 

1N5258,B 1N4753,A 

1N5874, 1N6013 

1N975,B, 1N5259,B 1N3034,B 

1N5875, 1N6014 1N4754,A 

1N976,B 1N3035,B 

1N5260,B, 1N5876, 1N4755,A 

1N6015 

1N977,B, 1N5261,B 1N3036,B 

1N5877, 1N6016 1N4756,A 

1N978,B, 1N5262,A,B 1N3037,B 

1N5878, 1N6017 1N4757,A 

1N979 1N3038,B 

1N5263,B 1N4758,A 

1N6018 

1N5264,A,B 

1N980 1N3039,B 

1N5265,A;B 1N4759,A 

1N6019 

1N981,B 1N3040,A,B 

13№5266,А,В 1N4760,A 

1N6020 

1N982 1N3041,B 

1N5267,A,B 1N4761,A 

1N6021 

1N983 1N3042,B 

1N5268,A,B 1N4762,A 

1N6022 

1N5269,B 

1N984 133043,8 

135270,8 1N4763,A 

1N6023 

1N985,B 1N3044,A,B 

1N5271,B 1N4764,A 

1N6024 

'1N986 1N3045,B 

1N5272,B 1M110ZS10 

1N6025 


1.5 


1N3793 
1N5929 


1N3794 
1N5930 


1N3795 
1N5931 


1N3796 
1N5932,A,B 


1N3797 
1N5933 


1N3798 
1N5934 


1N3799 
1N5935 


1N3800 
1N5936 


1N3801 
1N5937 


1N3802 
1N5938 


1N3803 
1N5939 
1N3804 
1N5940 


1N3805 
1N5941 


1N3806 
1N5942 
1N3807 
1N5943 
1N3808 
1N5944 


1N3809 
1N5945 


1N3810 
1N5946 


1N3811 
1N5947 
1N3812 
1N5948 


1N3813 
1N5949 


1N3814 
1N5950 


50 


1N5351,B 


1N5352,B 


` 1N5353,8 


1N5354,B 
1N5355,B 


1N5356,B 
1N5357,B 


1N5358,B 
1N5359,B 


1N5360,B 
1N5361,B 


1N5362,B 


1N5363,B 


1N5364,B 


1N5365,B 


1N5366,B 
1N5367,B 


1N5368,B 


1N5369,B 
1N5370,B 


1N5371,B 
1N5372,B 


1N5373,B 
1N5374,B 
1N5375,B 


1N5376,8 
1N5377,B 


1N5378,B 


1N5379,B 


10.0 
1N2978,B 


1N2979,A,B 


1N2980,B 
1N2981B 
1N2982,B 


1N2983,B 


` 1N2984,B 


1N2985,8 
1N2986,B 


1N2987B 
1N2988,B 


1N2989,B 


1N2990,A,B 


1N2991,B 


1N2992,B 
1N2993,A,B 


1N2994B 
1N2996,B 


1N2997,B 


- 1N2998B 


1N2999,B 


1N3000,B 


1N3001,B 


1N3002,B 


1N3003,B 


1N3004,B 


1N3005,B 


1N3006B 


1N3007A,B 


50.0 


1N2812,B 
1N3313,B 
1N2813,A,B 
1N3314,B 


1N2814,B 
1N3315,B 


' 1N2815,B 


1N3316,B 
1N2816,B 
1N3317,B 


1N2817,B 
1N3318,B 
1N2818,B 
1N3319,B 


1N2819,8 
1N3320,A,B 


. 1N2820,B 


1N3321,B 


1N2821,B 
1N3322,B 
1N2822B 
1N3323,B 


` 1N2823,B 


1N3324,B 


1N2824,B 
1N3325,B 


1N2825,B 
1N3326,B 


1N2826,B 
1N3327,B 
1N2827,B 
1N3328,B 


1N2828B 
1N3329B 
1N2829,B 
1N3330,B 
1N2830B 
1N3331B 
1N2831,B 
1N3332,B 
1N3333 

1N2822,8 
1N3334,B 


1N2833,B 
1N3335,B 


1N2834,B 
1N3336,B 


1N2835,B 
1N3337,B 


1N2836,8 
1N3338,B 


1N2837,B 
1N3339,B 


1N2838,B 
1N3340,B 


1N2839,B 
1N3341,B 
1N2840;B 
133342,8 


Zener Diodes—Continued | 


| К «Power (Watts) - a a 
Volts 0.25 0.4 . 05 1.0 1.5 5.0 10.0 50.0 
120.0 1N987 1N987,B 1N3046B , 1N3815 1N5380,B 1М3008А,В 1N2841,B 
ge i 1N5273,B 1M120ZS10 1N5951 . 1N3343,B 
| Р 136026 -> | : T ' 
130.0 13988 i 1N988,B . 1N3047,B 1N3816 1N5381,B 1N3009,B 1N2842,B 
i . 1М5274,В 7 1M130ZS10 1N5952 ` | 1N3344,B 
1N6027 | | - Мег 
140.0 13989 1N5275,B ‘ : 1N5382B 1N3010B 1N3345B 
150.0 1N990. . . - 1N989 D 1N3048,B | - 1N3817 1N5383,B . 1N3011,B 1N2843,B 
' . E 1N5276,B М 1M150ZS10 . 1N5953 ж 1N3346,B 
| . | 1N6028 s . 3 
'160.0 . 1N991 .. 1N990 1N3049B - 1N3818 1N5384,B 1N3012A,B 1N2844,B 
Я : * 1N5277,B 1М1602510 1N5954 . 1N3347,B 
Я - 1N6029 ` | 
- 170.0 ` 1N992 1N5278,B ` < ` 1M170ZS10 . : 1N5385,B 
175.0 f c4 : - 1730138 ~1N3348B 
180.0 | 1N991,B 1N3050,A,B 1М№3819 . 135386,8 1М3014,В 132845,8 
` 1N5279,B 1М1802510 1N5955 1N3349,B 
Я 136030 " н . . 
190.0 ^ 1N5280,B x р | 1N5387,B : 
200.0 ' 1N992 1N3051,B ^ 1N3820 1N5388B 1N3015,B 1N2846,B 
| - 1N5281,B ..^  1M200ZS10 ` 1N5956 E 1N3350,B 
1N6031 о 
Semiconductor Diode Specifications! 
Listed numerically by device f . 
Peak Average Rectified Peak Surge Average 
Inverse Current Current, lesy Forward 
: | n^ Voltage, PIV Forward (Reverse) 1s @ 25°C Voltage, Vp- 
. Device Type . Material . (V) 15(А)(16(А)) ^. - (А) | (V) 
1N34 Signal ` Ge ` 60 8.5 т (15.0 p) . 1.0 
1N34A Signal Ge 60 5.0 m (30.0 u) | 10 
1N67A : Signal Ge, 100 4.0 m (5.0 u) . І 1.0 
13191 Signal Ge . 90 5.0m 1.0 
1N270 Signal Ge. 80 0.2 (100 u) 1.0 
1N914 Fast Switch | Si^ -- 75 - 75.0 т (25.0 п) ` 0.5 1.0 
1N1183 . RFR 'Si 50 40 (5 m) 800 1.1 
1N1184 RFR : Si . 100 . 40 (5.m) ? 800 1.1 
1N2071 RFR : Si : 600 . 0.75 (10.0 u) 0.6 
1N3666  . Signal. ‚ Ge  . . 80 0.2 (25.0 p) 1.0 
1N4001 RFR .. Si . S50 1.0 (0.03 m) 1.1 
1N4002 RFR : Si | ‚ 100 1.0 (0.03 т) 1.1 
1N4003 RFR : Si. f .200 - 1.0 (0.03 m) 1.1 
1N4004 RFR Si 400 ' 1:0 (0.03 m) 1.1 
1N4005 RFR Si .:* 600 1.0 (0.03 m) 1.1 
1N4006 RFR Si . "800 ` 1.0 (0.03 m) 1.1 
1N4007 RFR Si o 1000 1.0 (0.03 m} 1.1 : 
1N4148 Signal Si 75 10.0 m (25.0 n) 1.0 
1N4149 Signal . Si : 75. ., 10.0 m (25.0 n) 1.0 
1N4152 Fast Switch Si P 40 20.0 m (0.05 p) 0.8 
1N4445 бідпа! ^ $i 100 .  0.1(50.0 n) 1.0 
. 1N5400 RFR Si 50 , 3.0 (500 p) 200 
1N5401 . RFR Si 100 3.0 (500 u) 200 
1N5402 RFR Si 200 3.0 (500 р) 200 
1N5403 RFR Si 300 3.0 (500 4) : 200 - 
1N5404 RFR . Si. 400 ' 3.0(500u) . - 200 i 
1N5405 , - RFR Si 500 3.0(500p) - 200 
1N5406 RFR Si 600 3.0 (500 р) Я 200 
135408 RFR Si - 1000 3.0 (500 н) : 200 
` 1N5711 Schottky Si Р 70 . 1 т (200 n) ‹ 15 т 0.41 @ 1 тА 
135767 Signal Si - 0.1 (1.0 p) 1.0 ` 
1N5817 Schottky Si 20 1.0 (1 m) . 25 0.75 
1N5819 Schottky Si ^ 40 10(1m) . . 25 0.9 
1N5821 Schottky Si 30 3.0 ` 
ЕСС5863 RFR Si 600 6 150 0.9 
1N6263 Schottky Si 70 15m . 50m 0.41 Q 1 P 
5082-2835 Schottky Si -` 8 1 m (100 n) - 10m 0.34 @ 1 


Si = Silicon; Ge = Germanium; RFR = rectifier, fast recovery. | 
t For package shape, size and pin-connection information see manufacturers’ data sheets. Many retail ‘suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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Third, Fourth, Fifth Character (Serial Code) 


Y## Industrial service (no letter "Z"). 
## is a Witt registration number from 10 to 99. 


100 - Device for consumer or entertainment use. 
999 


First Letter (Material) M Second Letter (Type) 

A Germanium A Low-power diode, 
voltage-variable capacitor 

B Silicon B Varicap 

G Compound materials such as 'C Small-signal audio transistor 


cadmium sulfide or gallium 
arsenide used in semiconductor 
devices (Energy gap band of 1.3 
or more electron-volts) 


D Materials with an energy gap D 
band of less than 0.6 electron- 
volts such as indium antimonide 


.R Radiation detectors, photo- E Tunnel diode 


conductive cells, hall-effect 
generators and so on 


Miscellaneous 

Field probe 

Hall generator 
RF-power transistor 


uU zr ALTIO(On1 


Audio power transistor 


Small-signal RF transistor 


Hall modulators and multipliers 
Photodiode, phototransistor, 


photoconductive cell (LDR), 


radiation device 


о m 


E | 


Low-power controlled rectifier 
Low-power switching transistor 
Breakdown devices, high-power 


controlled rectifier, Schottky diode, 


Thyristor, pnpn diodes 
High-power switching transistor 


Multiplier diode 


N< х с 


Zener diode 


High-power rectifier (diode) 


А 


Japanese Semiconductor Nomenclature 


All transistors manufactured in Japan are registered with the 
Electronic Industries Association of Japan (EIAJ). In addition, 
the Japan industrial Standard JIS-C-7012 provides type numbers 
for transistors and thyristors. 

Each transistor type number contains five elements. 


i ii ii - ioc у 
2 S C 82D A 
Figure Letter Letter Figure Letter 


i) Kind of device, indicating number of effective electrical 
* connections minus one. 


ii) For a semiconductor registered with the EIAJ this letter is 
always an S. 


24.16 Chapter 24 


iii) This letter designates polarity and application, as follows: 
Letter Polarity and Application 

PNP transistor, high frequency 
PNP transistor, low frequency 
NPN transistor, high frequency 
NPN transistor, low frequency 
P-gate thyristor 

N-gate thyristor 

N-base unijunction transistor 
P-channel FET 

N-channel FET 

Bi-directional triode thyristor 


iv) These figures designate the order of application for EIAJ 
registration, starting with 11. 

v) This letter indicates the level of improvement. An improvement 
device may be used in place of a previous-generation device, but 
not necessarily the other way around. 


zXCIOmOCOU» 


Suggested Smalil-Signal FETs 


Device No. 
2N4416 


2N5484 
2N5485 
2N5486 


3N200 
NTE222 
SK3065 


3N202 
NTE454 
SK3991 


MPF102 
ECG451 
SK9164 


MPF106 
2N5484 


40673 . 
NTE222 
SK3050 


U304 


U310 
U350 


U431 
2N5670 
2N5668 . 
2N5669 
J308 
J309 


J310 


NE32684A 


Notes: 
125°C. 


2M = Motorola; N = National Semiconductor; NE=NEC; R = RCA; S = Siliconix. 


Max 

Diss 
Type (mW) 
N-JFET 300 
N-JFET 310 
N-JFET 310 
N-JFET 360 
N-dual-gate 330 
MOSFET 
N-dual-gate 360 
MOSFET 
N-JFET 310 
N-JFET 310 
N-dual-gate 330 
MOSFET 
P-JFET 350 
N-JFET 500 

300 
. N-JFET 1W 
Quad 
N-JFET . 300 
Dual 
N-JFET 350 
N-JFET 350 
N-JFET 350 
N-JFET 350 
N-JFET 350 
N-JFET 350 
HJ-FET 165 


Max 
Vps 


(V)? 
30 
25 
25 
25 


20 


25 


25 


25 


20 


25 


225 


25 


25 


25 


25 


2.0 


6.5 


—0.8 


E 


Input ~ 


Min Max 
gis С ID 
(uS) | (pF) (тА)! 
4500 4 -15 
2500 5. . 30 
3500 5 30 
5500 5 15 
10,000 4-8.5 50 
8000 6 50 
2000 45 20 
2500 5 30 
12,000 6 50 
эт —50 
- 10,000 25 60 
9000 ` 5 60 
10,000 5 30 
3000 7 20 
1500 7 5 
2000. 7 10 
8000 7.5 60 
10,000 7.5 30 
8000 75. 60 
45,000 — 30 


400 
400 
1000 


1000 


1000 


Noise Figure 
(typ) 
400 MHz 4 dB 


200 MHz 4 dB - 


400 MHz 4 dB 


400 MHz 4 dB 


400 MHz 4.5 dB 
200 MHz 4.5 dB 
400 MHz 4 dB 


200 MHz 4 dB 


200 MHz 6 dB 


450 MHz 3.2 dB 


100 MHz 7 dB 


4 


10nV 
ҮН> 
100 MHz 
2.5 dB 


-100 MHz 2.5 dB 
100. MHz 2.5 dB 


100 MHz 1.5 dB 


| 100 MHz 1.5 dB 


100 MHz 1.5 dB 


20 GHz 12GHz 0.5 dB 


Case 
TO-72 


TO-92 
TO-92 
TO-92 
TO-72 


TO-72 


TO-92 


TO-92 


TO-72 


TO-18 


TO-52 


_ТО-99 


TO-99 
TO-92 


TO-92 


TO-92 
TO-92 
TO-92 
TO-92 


84A 


Base Mfr? 
1 S,M 
2 M 
2 S 
2 M 
3 R 
3 S 
2 N, M 
2 М.М 
3 R 
4 Ss 
5 5 
6 S 
7 S 
2. M 
2 M 
2 M 
2 M 
2 M 
2 M 
NE 


Applications 


VHF/UHF 
amp, mix, osc 
VHF/UHF amp, 
mix, osc 
VHF/UHF amp, 
mix, osc 
VHF/UHF amp, 
mix, osc 


VHF/UHF amp, 


mix, osc 


VHF amp, 
mixer 


HF/VHF amp, 
mix, osc 


HF/VHF/UHF 
amp, mix, ose 
HF/VHF/UHF 
amp, mix, osc 


analog switch 
chopper 
common-gate 
VHF/UHF amp, 
matched JFET 
doubly bal mix 
matched JFET 
cascode amp 
and bal mix 
VHF/UHF osc, 
mix, front-end 
amp. 
VHF/UHF osc, 
mix, front-end 
amp 
VHF/UHF osc, 


. mix, front-end 


amp 
VHF/UHF osc, 


“mix, front-end 


amp 
VHF/UHF osc, 
mix, front-end 
amp 

VHF/UHF osc, 
mix, front-end . 
amp 

Low-noise amp 


3For package shape, size and pin-connection information, see manufacturers’ data sheets. Many retail suppliers offer data sheets to buyers free 


of charge on request. Data books are available from many manufacturers and retailers. 
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Low-Noise Transistors 


Device NF (dB) F (MHz) 1 (анг) 1с (mA) Gain (dB) F (MHz) Vipryceo (V) Ic (mA) Pr(mW) Case 
MRF904 1.5 450 4 15 16 450 15 30 200 TO-206AF 
MRF571 1.5 1000 8 50 12 1000 10 70 1000 Macro-X 
MRF2369 1.5 1000 6 40 12 1000 15 70 750 Macro-X 
MPS911 1.7 500 7 30 16.5 500 12 40 625 TO-226AA 
MRF581A 1.8 500 5 75 15.5 500 15 200 2500 Macro-X 
BFR91 1.9 500 5 30 16 500 12 35 180 Macro-T 
BFR96 2 500 4.5 50 14.5 500 15 100 500 Macro-T 
MPS571 2 500 6 50 14 500 10 80 625 TO-226AA 
MRF581 2 500 5 75 15.5 500 18 200 2500 Macro-X 
MRF901 2 1000 4.5 15 12 1000 15 30 375 Macro-X 
MRF941 2.1 2000 8 15 12.5 2000 10 15 400 Macro-X 
MRF951 2.1 2000 7.5 30 12.5 2000 10 100 1000 Масго-Х 
BFR90 2.4 500 5 14 18 500 15 30 180 Macro-T 
MPS901 2.4 900 4.5 15 12 900 15 30 300 TO-226AA 
MRF1001A 2.5 300 3 90 13.5 300 20 200 3000 TO-205AD 
2N5031 2.5 450 1.6 5 14 450 10 20 200 TO-206AF 
MRF4239A 2.5 500 5 90 14 500 12 400 3000 TO-205AD 
BFW92A 2.7 500 4.5 10 16 500 15 35 180 Macro-T 
MRF521* 2.8 1000 4.2 -50 11 1000 —10 -70 750 Macro-X 
2N5109 3 200 1.5 50 11 216 20 400 2500 TO-205AD 
2N4957* 3 450 1.6 -2 12 450 -30 -30 200 TO-206AF 
MM4049* 3 500 5 -20 11.5 500 -10 -30 200 TO-206AF 
2N5943 3.4 200 1.5 50 11.4 200 30 400 3500 TO-205AD 
MRF586 4 500 1.5 90 9 500 17 200 2500 TO-205AD 
2N5179 4.5 200 1.4 10 15 200 12 50 200 TO-206AF 
2N2857 4.5 450 1.6 8 12.5 450 15 40 200 TO-206AF 
2N6304 4.5 450 1.8 10 15 450 15 50 200 TO-206AF 
MPS536* 4.5 500 5 —20 4.5 500 -10 -30 625 TO-226AA 
MRF536* 4.5 1000 6 -20 10 1000 —10 -30 300 Macro-X 


* denotes a PNP device 
Complimentary devices 
NPN PNP 

2N2857 2N4957 


MRF904 MM4049 
MRF571 MRF521 


For package shape, size and pin-connection information, see manufacturers' data sheets. Many retail suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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VHF and UHF Class-A Transistors 


The devices listed below are recommended for class-A linear applications, and include medium-power parts that are useful at 
frequencies from 100 MHz to 2 GHz. 


Frequency Ро ё 10В Small Signal Bias Point 
Device (MHz) Voc (V) Compression (W) ^ Gain/Frequency (MHz) (Va A) Package 
MRA1000-3.5L 1000 19 3.5 10/1000 19/0.6 145A-09/1 
MRA1000-7L 1000 19 7 9/1000 19/1.2 145A-09/1 
MRA1000-14L 1000 19 14 8/1000 19/2.4 145A-09/1 
MRF1029 1000 25 1.5 8/1000 25/0.2 244-04/1 
MRF1030 1000 25 3 7.5/1000 25/0.4 244-04/1 
MRF1031 1000 25 4.5 7/1000 25/0.6 244-04/1 
MRF 1032 1000 25 6 6.5/1000 25/0.85 244-04/1 
MRF3094 2000 20 0.5 10.5/2000 20/0.12 328A-03/1 
MRF3104 2000 20 0.5 10.5/2000 20/0.12 305A-01/1 
MRF3095 2000 20 0.8 9/2000 20/0.12 328A-03/1 
MRF3105 2000 20 0.8 9/2000 20/0.12 305A-01/1 
MRF3096 2000 20 1.6 9/2000 20/0.24 328A-03/1 
MRF3106 2000 20 1.6 9/2000 20/0.24 305A-01/1 
MRF2000-5L 2000 20 5 7/2000 19/0.6 360A-01/1 


For package shape, size and pin-connection information, see manufacturers’ data sheets. Many retail suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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Monolithic Amplifiers (50 Q) 


Mini-Circuits Labs MMICs | 
Freq Range ` Gain (dB) at Output Level 1 dB 


Device (MHz) 1000 MHz Comp (dBm) NF (dB) Imax (MA) 
MAR-1  dc- 1000 15.5. 2 41.5 . 5.5. 40 
MAR-2 dc-2000 . 12.0. 445 - 6.5 ;. 60 
MAR-3 - dc - 2000 12.0 +10.0 ` . 6.0 70 
MAR-4  dc-1000 . 8.0 +12.5 65 — 85 . 
MAR-6  dc-2000 16.0 +2.0 3.0 50 ` 
MAR-7 абс - 2000 12.5 +5.5 ` '5.0 ` 60 
MAR-8  dc- 1000 . 22.5 | 412.5 ` -3.3 _ 65 
RAM-1 ‘dc - 1000 А 15.5 +1.5 5.5 40 
RAM-2 dc - 2000 11.8 +4.5 . 65, 60 
RAM-3 ‘de - 2000 12.0 +100 |... 60. 80 
RAM-4  dc-1000 - - 8.0 +12.5 6.5 ^ 100 
RAM-6  dc- 2000 16.0 | 1 +20 2.8 50 
RAM-7 ас - 2000. 12.5 45.5 ` ‚ 45 ` 60 
RAM-8  dc- 1000 23.0 412.5 ` 3.0 65 
MAV-1 dc - 1000 | 15.0 +1.5 55 | 40 
MAV-2  dc-1500 . 11.0 44.5 6.5 ' 60 
MAV-3  dc- 1500 11.0 : ‘+100 .. 6.07 70 
MAV-4  dc- 1000 275 (411.5. 7.0 |. 85 
MAV-11 dc - 1000 10.5 +17.5 ‚3.6 . 80 


RAM-x, case VV105; MAR-x, case BBB123; MAV-x, case AF190t . 


. Avantek MMICs = de i 
- Freq Output Level 


Range Typical . 1 dB Comp | | ИЖ vos 

Device (MHz) Gain (dB) (dBm) NF (dB) Imax (mA) (mW) 
MSA-01xx  dc- 1300 18.5 1.5. . 55 40 200 
MSA-02xx  dc- 2800 125 > 4.5 6.5 60... 325 
MSA-03xx dc - 2800 12.5 Y 10 6.0 * 80 425 . 
MSA-04xx бс - 4000 8.3 11.5 7.0 . 85 ` 500 

. MSA-05xx dc- 2800 7.0 19.0 ` 6.5 135 1.5 
MSA-06xx dc - 800 19.5 2.0 3.0 50 . 200 
MSA-07xx dc - 2500 13.0 5.5 4.5 50 175 
MSA-08xx dc-6000 32.5 ` 12.5 ' 8.0 65... 500 
MSA-09xx dc-6000 7.2 10.5 6.2 65 500 

: MSA-11xx 50-1300 12.0 17.5 3.6 80 550 


Prax (mW) 
200 
325 
400 
500 

' 200 
275 
500 
200 
325 
425 
540 
200 
275 . 
420 
200 
325 
400 
500 
550 


Each listing represents a series of devices in different cases. Performance varies somewhat with.the case (for example, the frequency range is 


often 30% less for a plastic package, as compared to that with a ceramic package). : 


D 


Hewlett-Packard ММІС? 


Freq  .. Output Level А 
Range Typical 1 dB Comp a . 
Device (GHz) Gain (dB) (dBm) ^ NF(dB) Imax (MA) 
3.8 2.1 22 


MGA-86576 1.5-8 15.4 


Motorola Hybrid Amplifiers (50 Q) · E 
‘Freq Range Gain (dB) Supply voltage Output Level, 


Device type . (MHz) min/typ (V) . 1 dB Comp (dBm) 
MWA110 0.1 - 400 13/14 . 29 j -2.5 | 
MWA120 0.1-400 , 13/14 5 - 7 418.2. | 
MWA130 0.1 - 400 13/14 ‚5.5 : +18 
MWA131 0-400 . 13/14 5.5, -+20 ' 
MWA210 0.1-600 ` 9/10 50175 (41.5 
MWA220 0.1 - 600. 9/10 3.2 +10.5 
MWA230 0.1 - 600 9/10 4.4. : ; +18.5 © 
MWA310 ` 0.1 - 1000 7/8 1.6 +3.5 
MWA320 * 0.1-1000 7/8 .. 2.9 -+11.5 

EE! +15.2. 


MWA330 0.1 + 1000 ` na/6.2 
MWAxxx case 31A-03/2t í 


tFor package shape, size and pin-connection information, see manufacturers’ data sheets. Man 


of charge on request. Data books are available from many manufacturers and retailers. 


NF at 250 MHz 
(ав) _ 
4 
5.5 


у retail suppliers offer data sheets to buyers free E 
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General Purpose Transistorst 
Listed numerically by device 


Уско Усво - Vego 
Maximum Maximum Maximum [А Pp Current- 
Collector Emitter Emitter Maximum Maximum Gain Noise 
Emitter Base Base Collector Device Minimum DC Current Gain Bandwidth Figure NF 
Voltage | Voltage Voltage | Current Dissipation hee Product ү" Maximum 
Device Type (V) (V) (V) (mA) (W) lc 20.1mA _  Iç= 150 mA (MH2) (dB) 
2N918 NPN 15 30 3.0 50 0.200 20 (3 mA) — 600 6.0 
2N2102 NPN 65 120 7.0 1000 1.0 20 40 60 6.0 
2N2218 NPN 30 60 5.0 800 0.8 20 40 250 
2N2218A NPN 40 75 6.0 800 0.8 20 40 250 
2N2219 NPN 30 60 5.0 800 3.0 35 100 250 
2N2219A NPN 40 75 6.0 800 3.0 35 100 300 4.0 
2N2222 NPN 30 60 5.0 800 1.2 35 100 250 
2N2222A NPN 40 75 6.0 800 1.2 35 100 200 4.0 
2N2905 РМР 40 60 5.0 600 0.6 35 — 200 
2N2905A PNP 60 60 5.0 600 0.6 75 100 200 
2N2907 PNP 40 60 5.0 600 0.400 35 — 200 
2N2907A PNP 60 60 5.0 600 0.400 75 100 200 
2N3053 NPN 40 60 5.0 700 5.0 — 50 100 
2N3053A NPN 60 80 5.0 700 5.0 — 50 100 
2N3563 NPN 15 30 2.0 50 0.600 20 — 800 
2N3904 NPN 40 60 6.0 200 0.625 40 — 300 5.0 
2N3906 PNP 40 40 5.0 200 1.5 60 — 250 4.0 
2N4037 РМР 40 60 7.0 1000 5.0 — 50 
2N4123 NPN 30 40 5.0 200 0.35 — 25(50 mA) 250 6.0 
2N4124 NPN 25 30 5.0 200 0.350 120 (2 mA) 60(50 mA) 300 5.0 
2N4125 PNP 30 30 4.0 200 0.625 50 (2 mA) 25(50 mA) 200 5.0 
2N4126 PNP 25 25 4.0 200 0.625 120 (2 mA) 60(50 mA) 250 4.0 
2N4401 NPN 40 60 6.0 600 0.625 20 100 250 
2N4403 PNP 40 40 5.0 600 0.625 30 100 200 
2N5320 NPN 75 100 7.0 2000 10.0 — 30(1 A) 
2N5415 PNP 200 200 4.0 1000 10.0 — 30(50 mA) 15 
MM4003  PNP 250 250 4.0 500 1.0 20 (10 mA) — 
MPSA55 PNP 60 60 4.0 500 0.625 — 50 (0.1 A) 50 
MPS6531 NPN 40 60 5.0 600 0.625 60 (10 mA) 90 (0.1 A) 
MPS6547 NPN 25 35 3.0 50 0.625 20 (2 mA) — 600 


* Test conditions: Ic = 20 mA dc; VCE = 20 V; f = 100 MHz 


а“. UD. .—. —.—————  ———-——-——-+-+— 
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RF Power Amplifier Modules 


Listed by frequency 
Frequency Ouput Power Power Gain 


Device Supply (V) Range (MHz) (W) (dB) Packaget Mfgr/ Notes 
M57735 17 50-54 14 21 H3C MI; SSB mobile 
M57719N 17 142-163 14 18.4 H2 MI; FM mobile 
S-AV17 16 144-148 60 21.7 5-53L T, FM mobile 
S-AV7 16 144-148 28 21.4 5-53H T, FM mobile 
MHW607-1 7.5 136-150 7 38.4 301K-02/3 МО; class C 
BGY35 12.5 132-156 18 20.8 SOT132B Р 

M67712 17 220-225 25 20 H3B MI; SSB mobile 
M57774 17 220-225 25 20 H2 MI; FM mobile 
MHW720-1 12.5 400-440 20 21 700-04/1 MO; class C 
MHW720-2 12.5 440-470 20 21 700-04/1 MO; class C 
M57789 17 890-915 12 33.8 H3B М! 

MHW912 12.5 880-915 12 40.8 301R-01/1 МО; class AB 
MHW820-3 12.5 870-950 18 17.1 301G-03/1 МО; class C 


Manufacturer codes: MO = Motorola; MI = Mitsubishi; P = Philips; T = Toshiba. 
tFor package shape, size and pin-connection information, see manufacturers' data sheets. Many retail suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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General Purpose Silicon Power Transistors 


TO-220 case* TO-204 case (TO-3)* 


MJE2955T 10 60 20/70 
71:500 


IP140 10 60 - 
| TIP145 10 -60 500 


> 5 
> 10 


125 
125 


| [1 =Complimentary pairs 


Power Е | Power 
NPN. 1. Max Vcgo Мах " Ет Dissipation NPN I, Max Vcgo Max Fr Dissipation 
PNP (А) (V) hee Min. (MHz) (W) PNP (A) (V) .heggMin (MHz) (И) 
D44C8 ^4 . 60 100/220 50 30 | | ; 
pes 4 e A 8 2] аше. к юю з m 
[ker ENS EC тв 2 30 | 2N6545 -> вав 400 7/35 6 125 
| — TIP30A 1 40 15/75 3 ШЕ Sees К am oo Й 123 
TIP29A 1 15/75 8 30 : т MET а M 
|, ПРА — 1 -15/75 3 30 2N3715 10 60 30 4 150 1| 
TIP29B 1. 80 15/5 3 30 | 2N379) 10 60 30 sat 507 | 
— 2N5875. 10 60 204100 ^ 4 150 
TIP29C 1 100 15/75 3 30 
| TIPSOC 1 100. 15/75 3 30 | 2N3790 10 80 15 4 150 Á— 
TIP47 41° 250 30/150 10 40 fo ТА 10 80 2 : 320 E 
U 1 E Lae je 2N3055 15 60 2070 25 115 
TIP50 1 400 30/150 . 10 40 |. Mueoss 15 60 20/70 25 115 | 
2N3055A 15 60 20/70 0.8 115 
[e uo E ME a 20 245881 15 60 20/100 4 160 
PONI GU з ех. э О} DNUS. БАЕ) 25880 15 80 20/100 - 4 160 
TIP116 ‚2 80 500. 25 50 2N6249 15 200 10/50 2.5 175 
! | ` 2N6250 15. 275 8/50 25 175 
үө) S к 28 3 40 m | 2N6546 15 300 6/30 6-24 175 
TR — o 2N6251 ` 15 350 6/50 2.5 175 
| s à : 0 | 2N5630 > 16 120 . 20/80 UM 200 
pate 2 50 25 З a 2N3773 16 140 15/60 4 200 
ШВИ: F : p 2N5039 20 75. 20/00 60 140 
! 80 2N5303 | 20 80 15/60 2 200 
TIP31C 3 100 25 3 40 i = ae 
|. ТІРЗ2С 3 100 ` 25 3 40 pNezea 20 100 750/18K  — 160 | 
- 2N6287 20 100  750/18K__— 160 
rdc H ыз е Lr a MJ15003 20 140 25/150 2 250 | 
| . MJ15004 20 140 25/150 2 250 | 
MJE13004 4 300 6/30 4 60 L rs а 
IP120 5 1000 >5 65 2N5885 zd еа EE Lo m 
ТІР125 5 -60 1000 >10 65 DN5886 "25 80 20/100 4 200 | 
neBC FT aes С ы e 2N5884 25 80 20100 4 200 | 
TIP41A 6 60 15/75 з - 65 MJ15024 25 250 15/60 5 250 
TIP41B ER. 80 15/75 3 65 (2N377 30 40 — 2 150 
2N6290 7 50 30/150 4 40 245301 30 О АО, эё, меш 
| — 2N6109 7 50 — 90/150 4 40 25302 30 60 15/60 2 200 | 
26292 7 70 30/150 4 40 | 244399 30 60 15/60 2 200 | 
| — 2N6107 7 70 30/150 4 40  Mj802 30 100 25/100 2 200 | 
MJES055T 10 $0. 20/70". — 75 | MJ4502 30 100 25/100 2 200 | 


“For package shape, size and pin-connection information, see manufacturers’ data sheets. Many retail suppliers offer data sheets to buyers free 
of charge on request. Data books are available from many manufacturers and retailers. 
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RF Power Transistors 


Output Input Typ Supply Output Input Typ Supply 
Power Power Gain Voltage Power Power Gain Voltage 
Device (W) (W) (dB) (V) Caset Mfr Device (W) (W) (dB) (V) Caset Mfr 
1.5 to 30 MHz, HF SSB/CW 220 MHz 
28C2086 0.3 13 12 Т0-92 MI MRF207 1 0.15 8.2 12.5 79-04/1 MO 
BLV10 1 18 12 SOT123 РН 2N5109 2.5 11 12 TO-205AD MO 
BLV11 2 18 12 SOT123 PH MRF227 3 0.13 13.5 12.5  79-05/5 MO 
MRF476 3 0.1 15 12.5-13.6 221А-041 MO MRF208 10 1 10 12.5 145А-09/1 МО 
BLW87 6 18 12 SOT123 PH MRF226 13 1.6 9 12.5  145A-0941 MO 
2562166 6 13.8 12 ТО-220 МІ 2SC2133 30 8.2 28 T-40E MI 
BLW83 10 20 26 SOT123 PH 25С2134 60 7 28 Т-40Е МІ 
MRF475 12 1.2 10 12.5-13.6 | 2214-0441 MO 2562609 100 6 28 T-40E MI 
MRF433 12.5 0.125 20 12.5-13.6 211-071 МО 
29C3133 13 14 12 TO-220 MI UHF to 512 MHz 
MRF485 15 1.5 10 28 2214-0441 MO 
28C1969 16 12 12 TO-220 MI а И 08 19 12:8 ТОЗ В e 
BLWSOF 16 19.5 45  SOT123 PH MRF581 0.6 0.03 13 12.5  317-01/2 МО 
MRF406 20 125 12 125-136 221-071 МО 280908 1 4 125 ТО-39 MI 
SD1285 20 0.65 15 12.5 M113 SG 2N3866 1 10 28 10-39 PH 
MRF427 25 0.4 18 50 211-11/1 MO BLX65E 2 9 12.5 TO-39 PH 
MRF477 40 125 15 125-136 211-11/1 МО BLW89 2 12 28 SOT122 PH 
MRF466 40 1.25 15 28 211-071 МО MRF586 2.5 16.5 15 79-04 MO 
BLW96 50 19 40 | SOTi21 РН MRF630 з 033 95 125  79-05/5 MO 
SD1405 75 3.8 13 12.5 М174 SG BLWBO d ' 8 125 801122 PH 
28C2097 75 12.3 13.5 Т-40Е МІ BLW90 4 11 125  SOT122 PH 
MRF464 80 2.53 10 28 211-11/1 МО MRF652 5 0.5 10 125 244-04/1 МО 
MRF421 100 10 10 12.5-13.6 211-11/1 MO MRF587 5 ` 16.5 15 244A-01/1 MO 
25С2904 100 11.5 12.5  T-40E MI BLW81 10 f 6 125 8017122 PH 
901729 130 82 12 28 М174 SG MRF653 10 2 7 12.5 244-041 МО 
MRF422 150 15 10 28 211-11/1 MO BLW91 10 9 28 SOT122 PH 
MRF428 150 7.5 13 50 211-111 МО MRF654 15 25 78 125 244-041 МО 
SD1726 150 6 14 50 М174 SG 2503022 18 6 47 125 T-31E MI 
PT9790 150 4.8 15 50 211-11/1 МО BLU20/12 20 65 125 507119 PH 
MRF448 250 15.7 12 50 211-11/1 MO BLX94A 25 6 28 SOT48/2 PH 
MRF430 600 60 10 50 368-02/1 МО 2502695 28 49 135 Т-31Е MI 
50 MHz BLU30/12 30 6 12.5 SOT119 PH 
BLU4542 45 4.8 12.5 507119 PH 
MRF475 4 0.4 10 125-13.6 | 2214-044 МО 28C2905 45 4.8 12.5 T-40E MI 
MRF497 40 4 10 12.5-13.6 221А-04/2 MO MRF650 50 15.8 5 12.5 316-01/1 MO 
501446 70 7 10 12.5 М113 SG TP5051 50 6 9 24 333A-02/2 MO 
MRF492 70 5.6 11 12.5-13.6 211-11/1 MO BLU60/12 60 4.4 12.5 SOT119 PH 
501405 100 20 7 125 М174 SG 2SC3102 60 20 4.8 125 T-ME МІ 
BLU60/28 60 7 28 507119 РН 
VHF to 175 MHz MRF658 65 25 415 125 316-011 МО 
2N4427 0.7 8 7.5  TO-39 PH MRF338 80 15 7.8 28 333-04/1 MO 
2N3866 1 10 28 TO-39 PH SD1464 100 282 5.5 28 M168 SG 
BFQ42 1.5 8.4 7.5 ТО-39 PH 
28C2056 1.6 9 72 Т-41 MI UHF to 960 MHz 
2N3553 25 0.25 10 28 79-04/1 MO MRF581 0.66 0.06 10 12.5 317-01/2 MO 
BFQ43 3 9.4 7.5  TO-39 PH MRF8372 0.75 0.11 8 12.5 751-041 МО 
SD1012 4 025 12 12.5 M135 SG MRF557 1.5 0.23 8 12.5 3170-02/2 MO 
28C2627 5 13 125  T-40 MI BLV99 2 9 24 SOT172 PH 
2N5641 7 1 8.4 28 144B-05/1 MO SD1420 21 027 9 24 M122 SG 
MRF340 8 0.4 13 28 221A-04/2 MO MRF839 3 0.46 8 12.5 305А-01/1 MO 
BLW29 9 74 7.5 SOTi20 PH MRF896 з 03 10 24 305-011 MO 
501143 10 1 10 125 М135 SG MRF891 5 0.63 9 24 319-06/2 МО 
28C1729 14 10 19.5 T-31E MI 29C2932 6 7.8 12.5 Т-31В MI 
SD1014-02 15 3.5 6.3 12.5 M135 SG SD1398 6 0.6 10 24 M142 SG 
BLV11 15 8 13.5  SOT123 PH 29C2933 14 3 6.7 12.5 Т-31В MI 
2N5642 20 3 8.2 28 145A-09/1 | MO SD1400-03 14 1.6 9.5 24 M118 SG 
MRF342 24 1.9 11 28 221A-04/2 MO MRF873 15 3 7 12.5 319-06/2 MO 
BLW87 25 6 135 SOT123 PH SD1495-03 30 6 7 24 M142 SG 
28C1946 28 6.7 13.5 T-31E MI SD1424 30 5.3 7.5 24 M156 SG 
MRF314 30 3 10 28 211-071 МО MRF897 30 3 10 24 395B-01/1 MO 
501018 40 14 4.5 125 М135 SG MRF847 45 16 4.5 12.5 319-061 МО 
235643 40 6.9 7.6 28 145А-09/1 МО ВІ М101А 50 8.5 26 $07273 РН 
BLW40 40 10 125  SOT120 PH SD1496-03 55 10 74 24 M142 SG 
MRF315 45 5.7 9 28 211-071 МО MRF898 60 12 7 24 333A-02/1 MO 
PT9733 50 10 7 28 145A-091 МО MRF880 90 127 8.5 26 375A-01/1 MO 
MRF344 60 15 6 28 221А-04/2 МО MRF899 150 24 8 26 375A-01/1 MO 
2802694 70 6.7 12.5  T-40 MI 
BLV75/12 75 6.5 12.5  SOT119 PH Manufacturer codes: К 
MRF316 80 8 10 28 316-01/1 МО MI = Mitsubishi; MO = Motorola; РН = Philips; SG = SGE/Thomson 
501477 100 25 6 125 М111 SG tFor package shape, size and pin-connection information, see 
BLW78 100 6 28 SOT121 PH manufacturers' data sheets. Many retail suppliers offer data sheets 
MRF317 100 12.5 9 28 316-01/1 MO to buyers free of charge on request. Data books are available from 
TP9386 150 15 10 28 316-01/1 MO many manufacturers and retailers. 
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Power FETs | E 


Device Type . VDSS min (V) RDS(on) тах (И) 10 тах (А) PD тах (И) 
BS250P P-channel 45 К 14 0.23 . 0.7 
IRFZ30 N-channel 50 ; 0.050 . 30: 75 
MTP50NOSE N-channel 50 : 0.028 25 . 150 
IRFZ42 N-channel 50 ` 0.035 ‚50 ` 150 
2N7000 N-channel 60 5. - `1 7* 0.20 0.4 
VN10LP N-channel 60 7.5 0.27 0.625 
VN10KM : N-channel . 60 5 0.3 1 
ZVN2106B N-channel ` 60 `2 1.2° 5 
IRF511 .N-channel . 60 | 0.6 2.5 20 
MTP2955E . P-channel 60 : 0.3 6 25 
IRF531 N-channel 60 0.180 14 - 75 
MTP23P06 P-channel 60 0.12 11.5 125 

. IRFZ44 N-channel 60 ` 0.028 . 50 150 
IRF531 N-channel 80 ‘ 0.160 : 14 79 
ZVP3310A P-channel 100 20 . 0.14 0.625 
ZVN2110B N-channel ‚100 ` 4 ` 0.85 5 
ZVP3310B P-channel 100 i 20 0.3 5 
IRF510 —  N-channel . 100 " 0.6 ` 2 ‚20 
IRF520 . N-channel ` 100 0.27 „ wb cm 40 
IRF150 N-channel 100 ` 0.055 40 . ' 150 
IRFP150 N-channel 100 0.055 ` ^ .40- 180 
ZVP1320A P-channel 200 ° 80 0.02 - 0.625 
ZVNO120B N-channel . 200 | 16 0.42 5 

` ZVP1320B Р-сһаппе! 200. ` 80 М 0.1 1 5 
IRF620 N-channel 200 > 0.800 Р 5... 40 
MTP6P20E P-channel 200 . 1 БАРУ 3 к: OTH 

. IRF220 N-channel 200 : 0.400 е 8 - 75 
IRF640 N-channel 200 0.18 DU 10 125 . 


Manufacturers: IR = International Rectifier; М = Motorola; S = Siliconix; Z = Zetex. _ 


E-line 


` TO-220AB 


. TO-220AB 


Caset : Mfr 
E-line 
TO-220 
TO-220AB 
TO-220 
E-line 


TO-237 
TO-39 


TO-220AB 
TO-220AB 
TO-220AB 
TO-220 
TO-220 
E-line 
TO-39 Е 
TO-39 . 
TO-220AB 
TO-220AB 
TO-204AE 
TO-247 
E-line 
TO-39 
TO-39 
TO-220AB 
TO-220AB 


(SEZEENNNgEZENNNSgZEEENONNZEZN 


TO-220AB 


. tFor package shape, size and pin-connection information, see manufacturers’ data sheets. Many retail suppliers offer data sheets to buyers free 


of charge on request. Data books are available from many manufacturers and retailers. 
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Logic IC Families 


Power | 
Propagation Delay Dissipation Output 
for C, = 50 pF Max Clock (CL = 0) Current Input 

(ns) Frequency @ 1 MHz @ 05V Current Threshold Supply Voltage (V) 
Type Typ Max (MHz) (mW/gate) тах (mA) - (Max тА) Voltage (V) Min Typ Мах 
CMOS | 
74АС 3 5.1 125 0.5 24 0 V+/2 2 503.3 6 
74АСТ 3 5.1 125 0.5 24 0 1.4 4.5 5 5.5 
74НС 9 18 30 0.5 8 0 V+/2 2 5 6 
74HCT 9 18 30 0.5 8 0 1.4 4.5 5 5.5 
4000B/74C (10 V) 30 60 5 1.2 1.8 0 V+/2 3 5-15 18 
4000B/74C (5V) 50 90 2 3.3 0.5 0 V+/2 3 5-15 18 
TTL А 
74AS 2 4.5 105 8 20 0.5 1.5 4.5 5 5.5 
74F 3.5 5 100 5.4 20 0.6 1.6 4.75 5 5.25 
74ALS 4 11 34 1.3 8 0.1 1.4 4.5 5 5.5 
74LS 10 15 25 2 8 0.4 1.1 4.75 5 5.25 
ECL 
ECL Itl 1.0 1.5 500 60 — — -1.3 —5.19 -5.2 -5.21 
ECL 100K 0.75 1.0 350 40 — — -1.32 -4.2 -4.5 -5.2 
ECL100KH 1.0 1.5 250 25 — — —1.29 -4.9 -5.2 -5.5 
ECL 10K 2.0 2.9 125 25 — — -1.3 -5.19 -5.2 -5.21 
GaAs ; 
10G 0.3 0.32 2700 125 — — -1.3 -3.3 -3.4 -3.5 


10G 0.3 0.32 2700 125 — — -1.3 -5.1 -5.2 -5.5 


Source: Horowitz (W1HFA) and Hill, The Art of Electronics—2nd edition, page 570. © Cambridge University Press 1980, 1989. 
Reprinted with the permission of Cambridge University Press. 
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Three-Terminal Voltage Regulators 
Listed numerically by device 


Device Description Package Voltage Current (Amps) 
317 Adj Pos TO-205 41.2 to 437 0.5 
317 Adj Pos TO-204,TO-220  41.2t0 +37 1.5 
317L Low Current Adj Pos TO-205,TO-92 41.2 to +37 0.1 
317M Med Current Adj Pos TO-220 +1.2 to +37 0.5 
338 Adj Pos TO-3 +1.2 to +32 5.0 
350 High Current Adj Pos TO-204,TO-220 +1.2 to +33 3.0 
337 Adj Neg TO-205 -1.2 to -37 0.5 
337 Adj Neg TO-204,TO-220 -1.2 to -37 1.5 
337M Med Current Adj Neg TO-220 -1.2 to -37 0.5 
309 TO-205 +5 0.2 
309 TO-204 +5 1.0 
323 TO-204,TO-220 +5 3.0 
140-XX Fixed Pos TO-204,TO-220 Note 1 1.0 
340-XX TO-204,TO-220 1.0 
78XX TO-204,TO-220 1.0 
78LXX TO-205,TO-92 0.1 
78MXX TO-220 0.5 
78TXX TO-204 3.0 
79XX Fixed Neg TO-204,TO-220 Note 1 1.0 
79LXX TO-205,TO-92 0.1 
79MXX TO-220 0.5 


Note 1—XX indicates the regulated voltage; this value may be anywhere from 1.2 V to 35 V. A 7815 is a positive 15-V regulator, and a 7924 is a 
negative 24-V regulator. 


The regulator package may be denoted by an additional suffix, according to the following: 


Package Suffix 
TO-204 (TO-3) К 
TO-220 T 
TO-205 (TO-39) H,G 
TO-92 P,Z 


For example, a 7812K is a positive 12-V regulator in a TO-204 package. An LM340T-5 is a positive 5-V regulator in a TO-220 package. In 
addition, different manufacturers use different prefixes. An LM7805 is equivalent to a рА7805 or MC7805. 
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K SUFFIX | 
METAL TO- 204 PACKAGE 


PINS 1 AND 2 ELECTRICALLY 
ISOLATED FROM CASE. 
CASE IS THIRD ELEC- 


CASE IS" ` 


CASE IS, CASE 15 CASE 15 ^ 
TRICAL CONNECTION. OUTPUT © INPUT . GROUND . INPUT 
: : 317 337 _ AMOK-XX 7900 SERIES 
‚ 7.350 ` 340K- XX ` 
x \ ` - 309 Я 
7800 SERIES 


.?8TOO SERIES 


T. SUFFIX 
TO-220 PACKAGE 


CENTER LEAD IS CONNECTED TO THE HEAT SINK 


OUTPUT GROUND 


-OUTPUT INPUT INPUT 
INTPUT OUTPUT OUTPUT 
317 337 7800. SERIES ' 7900 SERIES 
350° 337M 78TOO SERIES 79MOO SERIES . 
78MOO SERIES 
190T- XX , 
> 340T - XX 
H,G SUFFIX ` à 
ТО= 205 PACKAGE | . BOTTOM VIEW 
ADJ OUT | OUT. - OUT 

Я IN out ADJ ТИШИП GND GND IN І 
` Ô Ф д Ф IN. ` 
E 7 n * * 

CASE IS CASE 15 CASE IS CASE IS 

OUTPUT INPUT GROUND INPUT 

317 . 337 78100 © 79LOO \ 
Ў вить" SERIES SERIES 
78MOO  ; 79MOO  ' | | 
| SERIES SERIES - А , 
. » * az 
P,Z SUFFIX: | _ 
ТО-92 РАСКАбЕ К : 
"ADJUST. OUTPUT “GROUND // 
OUTPUT — GROUND — 4 _ INPUT —4 К 
INPUT INPUT й оџтрут ^ ' 


. 78L00' SERIES 79100 SERIES 
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Op Amp ICs 
Listed by device number 
p Min Small- 
Max Min Input Мах Offset Min dc Min Output Signal 
Freq Supply* Resistance Voltage Open-Loop Current Bandwidth Min Slew 


Device Type Comp (V) (MQ) (mV) Gain (dB) (mA) (MHz) Rate(V/us) X Notes 
101A Bipolar ext 44 1.5 3.0 79 15 1.0 ^ 0.5 General purpose 
108 Bipolar ext 40 30 2.0 100 5 1.0 
124 Bipolar int 32 5.0 100 5 1.0 Quad op amp, 
: ; low power 
148 Bipolar int 44 0.8 5.0 90 10 1.0 0.5 Quad 741 
158 Bipolar int 32 5.0 100 5 1.0 Dual op amp, 
f : low power 
301 Bipolar ext 36 0.5 7.5 88 5 1:0 10 Bandwidth 
extendable with 
external 
i components 
324 Bipolar int 32 : 7.0 100 10 1.0 Quad op amp, 
$ single supply 
347 BiFET ext 36 106 5.0 100 30 4 13 Quad, high 
А speed 
351 BiFET ext 36 106 5.0 100 20 4 13 
353 BiFET ext 36 106 5.0 100 15 4 13 
355 BiFET ext 44 106 10.0 100 25 2.5 5 
3558 ВІҒЕТ ext 44 106 5.0 100 25 2.5 5 
356A  BiFET ext 36 106 2.0 100 25 4.5 12 
356B ВІҒЕТ ext 44 106 5.0 100 25 5.0 12 
357 BiFET ext 36 106 10.0 100 25 20.0 50 
357B ВІРЕТ ext 36 106 5.0 100 25 20.0 30 
358 Bipolar X int 32 7.0 100 10 1.0 Dual op amp, 
М. _ single supply 
411 BiFET ext 36 106 2.0 100 20 4.0 15 Low offset, low 
drift 
709 Bipolar ext 36 0.05 7.5 84 5 0.3 0.15 
741 Bipolar int 36 0.3 6.0 88 5 0.4 0.2 
741S Bipolar int 36 0.3 6.0 86 5 1.0 3 Improved 741 for 
| АЕ 
1436 Bipolar int 68 10 5.0 100 17 1.0 2.0 High-voltage 
1437 Bipolar ext `36 0.050 7.5 90 1.0 0.25 Matched, dual 
1709 
1439 Bipolar ext · 36 0.100 7.5 100 1.0 34 
1456 Bipolar int 44 3.0 10.0 100 9.0 1.0 2.5 Dual 1741 
1458 Bipolar int 36 0.3 6.0 100 20.0 0.5 3.0 
1458S Bipolar int 36 0.3 6.0 86 5.0 0.5 3.0 Improved 1458 
. for AF 
1709 Bipolar ех 36 ` 0.040 6.0 80 10.0 1.0 
1741 Bipolar int 36 0.3 5.0 100 20.0 1.0 0.5 
1747 Bipolar int 44 0.3 5.0 100 25.0 1.0 0.5 Dual 1741 
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| жы Min Small- 
. Мах Min Input Мах Offset Min dc .. . Min Output .Signal | 
Freq . Supply* Resistance Voltage Open-Loop | Current Bandwidth Міп Slew 


Device Type Comp (№) - (MQ) : (mV). .Gain (dB) . (mA) .- (MHz) Rate (V/us) Notes. / 
1748 Bipolar ext 44 0.3 ~60 ~~. 100 ^. 250 1.0 . 0.8 Noncompensated 
a mue UM i ; . ! j 1741 
1776 Bipolar : int — 36 50 MS 50 | 110 |. ` 5.0 "n "0.35: Micro power, 
| í | NT. ID programmable 
: 3140 BiFET int . 36 15x106 20 86- ` 1-7 3.7 9: Strobable output 
3403 Bipolar int ` 36 0.3 . 100, > 80. Ё ns 1.0. 0.6 Quad, low power 
‘3405 ^ Bipolar -ext . 36 s 10.0 86 5 10 1.0 0.6 Dual op amp and 
ў : Ў. А 2n А я . dual comparator 
s 3458 Bipolar int 36 оз 10.0 86 10 1.0 0.6 Dual, low power 
3476 Bipolar int 36 . 50 6.0 92 12 0.8 | 
3900 Bipbolar int _. 32 1.0. 65 0.5 40. 0.5 Quad, Norton 
; Жкн | i single supply 
4558 Bipolar int 44 : 0.3. 5.0 88 10 2.5 1.0 ' Dual, wideband 
4741 Bipolar int « 44 0.3 5.0 94 20 1.0 0.5 Quad 1741 f 
5534 Bipolar int Я 44: 0.030 ~ 5.0 100 . 38 10.0 13 ` Low noise, сап 
Б CE eg : swing 20V P-P 
y i . | EE: Du К across 600 . 
| 5556 Bipolar int ' 36 . 10, 12.0 ‚2 88 5.0 0.5 7 1 . Equivalent to . 
; ^ : | P - 1456 
5558 Bipolar int 36 0.15 10.0 (084 : 4.0 . | 05 -. 0.3 Dual, equivalent 
: . NE suf i j to 1458 
34001  BiFET ` int > 44 106 2.0 594 . . .40 . 13. JFET input 
AD745 BiFET int +18 104 Ы 0.5 63. 20 20 . 12.5 Ultra-low noise, 
‘ ^ | Н D. it Мр. high speed 
LT1001 Precision op amp, low offset voltage (15 uV max), low drift (0.6 uV/°C max), low noise (0.3 n Vp-p) 
LT1007 Extremely low noise (0.06 Vp-p), very high gain (20 x 108 into 2 kO.load) ` 
LT1360 .High speed, very high slew rate (800 V/us), 50 MHz gain bandwidth, £2.5 V to +15 V supply range 
NE5514 Bipolar int . +16 100: . 17 10 3 0.6 
'МЕ5532 Bipolar int +20 - 0.03 4 | 47 10 . ^ 10 ‚ `9 ‚ Low noise 
OP-27A Bipolar ext 44 1.5 0.005. ^ 115 ` $ 5.0 1.7.  Ultra-low noise, 
DES i тп re | n NL i ; : high speed 
OP-37A Bipolar ext 44 1.5 0.025 115 45.0 11:0 EP : 
.TL-071 BiFET |. int 36 ^ 108. 6.0 ӨЛ зз. 4.0 _ 13.0 . Low noise 
"TL-081 BiFET int 36 109. -6.0 88. 4.0 8.0 : 

"TL-082 BiFET int - 36: 106 15.0 99 | 4.0 ` 8.0 Low noise 
TL-084 BiFET int 36 106 15.0 88- 4.0 8.0 Quad, high- - 
le. o с. | 2 performance AF 
TLC27M2 CMOS int 18 106 10 44 " 0.6 0.6 . Low noise 

"TLC27M4 CMOS int; . 18 106 10 44 0.6. . 0.6 


| | Low noise 
,"From -V to +V terminals ` E Pr Є 
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Listed in order of plate dissipation 
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grid class АВ» amplifier. 


JHE 
о 449 
^*^ |е [eaten m ао Fag 


rounded-grid class B amp. (single tone) 


rounded-grid oscillator. 


= Grid-isolation circuit. 


Gace СА 
rounded 


G 
G 
G 
= Grid-modulated amplifier. 


GGO 
GIC 
GMA 


pull AF modulator. 


Class-ABz push-pull AF modulator. 
Class-B push-pull AF modulator. 


Frequency multiplier. 


AB, push- 


Class-C plate-modulated telephone. 


Class-A, AF modulator. 


Class 


Triode Transmitting Tubes 
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Tetrode and Pentode Transmitting Tubes 


Maximum Ratings Cathode 


30 


25 Е 


1 SERVICE CLASS ABBREVIATIONS: 
B = Class-B push-pull at modulator. 
CM = Frequency multiplier. 
CP = Class-C plate-modulated phone. 
CT = Class-C telegraph. 
CTO = Class-C amplifier-oscillator. 
GG = Grounded-grid (grid and screen connected 
together). 


4CX1000A 


Capacitance (pF) 
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2 , Maximum signal value. 
3 Peak grid-to-grid volts. 


x < Forced- -air cooling required. 


5 Two tubes triode connected, G2 to G1 through 
20 kQ. Input to G2. 


Listed in order of plate dissipation 


Typical Operation 
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; Typical operation at 175 MHz. 
PH. БУ. 
8 Values are for two tubes. 

" Single tone. 


TV Deflection Tubes 


Ф RF Operation (Up to 30 MHz) 
з i Ps 
ag 422 © Capacitances $a B. 
gs | ág | 22 € 2| g | 68) 8 
Tye | Ss | БЕ 25 t | et Е = | 55 
ge) #2 | ii E | | „E | EE | fp 
aa | 2a E o | 8d 58 22 | ta 
6005 24 32 10.5k 
60066 18 36 13k 12 15 0.1 25 
БЕНБ 7 36 6k 
6606 175 45 6 
66/5 175 35 ГАТ 0.43 ёз 
125 | 8 | 07 11 
GHFS 28 55 | ib3k | n — n 
6)B6 US 35 71k 200 SH | 33 | 5 0.43 63 
deg 20 | -42 | в [| 42 | 35 
BIEGC 30 5 125 | -85 | 22 8 0.82 16 
H 25 | -a | uo | 39 | 47 
GIGGA T 35 10 | -80 | 202 | 20 | 8 0.75 63 
150 | -35 ШЕТ [| 38 
EIME 175 35 200 | —75 m [137 | 4 | ox | & 
—42 Es CRI Re DERI: SE 
SING 17.5 3.5 NE 
esec | 30 55 
юе [5 | ps jura NOE ЗГ 
6186 30 5 
6166 ж [5 
6106 30 5 
БМНБ 38.5 7 


Note: For AB: operation, input data is average 
2-tone value Outpui power is РЕР 


EIA Vacuum-Tube Base Diagrams 


Base diagrams correspond to the codes in “Base” columns of the tube-data tables. Bottom views are shown throughout. 
Base connections are abbreviated as follows: 


BS—Base sleeve NC—No connec- 


F—Filament tion © 

G—Grid P—Plate (anode) NC@— (3)6 

H—-Heater Pgr—Beam 

IC—Internal plates A 
connection S— Shell До, Or 

K—Cathode 36 


FIG. 41 


Alphabetical subscripts (D = diode, P = pentode, T = triode and HX = hexode) indicate structures in multistructure tubes. Subscript 
CT indicates filament or heater center tap. 

Generally, when pin 1 of a metal-envelope tube (except all triodes) is shown connected to the envelope, pin 1 of a glass-envelope 
counterpart (suffix G or GT) is connected to an internal shield. 
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Properties of Common Thermoplastics 


Polyvinyl Chloride (PVC) 


Advantages: 

—can be compounded with plasticizers, filters, 
stabilizers, lubricants and impact modifiers 
to produce a wide range of physical properties 

—can be pigmented to almost any color 

—Rigid PVC has good corrosion and stain 
resistance, thermal & electrical insulation, 
and weatherability 


Disadvantages: 


—base resin can be attacked by aromatic solvents, 
ketones, aldehydes, naphthalenes, and some 
chloride, acetate, and acrylate esters 

—should not be used above 140° 


Applications: 
—conduit 
— conduit boxes 
— electrical fittings 


— housings 
— pipe 
— wire and cable insulation 
Polystyrene 
Advantages: 
— low cost 


— moderate strength 
— electrical properties only slightly affected by 
temperature and humidity 
— sparkling clarity | 
—impact strength is increased by blending 
with rubbers, such as polybutadiene 
Disadvantages: 
— brittle 
— low heat resistance 
Applications: 
— capacitors 
— light shields 
— knobs 


Polyphenylene Sulfide (PPS) 


Advantages: 
— excellent dimensional stability 
— strong 
—high-temperature stability 
—chemical resistant 
— Inherently completely flame retardant 
—completely transparent to microwave radia- 
tion. 


Applications: 

R3-R5 have various glass-fiber levels that are 
suitable for applications demanding high 
mechanical and impact strength as well as 
good dielectric properties. 

R8 and R10 are suitable for high arc-resistance 
applications 

R9-901 is suitable for encapsulation of electronic 
devices 


Polypropylene 


Advantages: 
—low density 
—good balance of thermal, chemical, and 
electrical properties 
— moderate strength (increases significantly 
with glass-fiber reinforcement) 


Disadvantages: 

— Electrical properties affected to varying 
degrees by temperature (as temperature 
goes up, dielectric strength increases and 
volume resistivity decreases.) 

— inherently unstable in presence of oxidative 
and UV radiation 


Applications: 
— Automotive battery cases 
— blower housings 
— fan blades 
— fuse housings 
— insulators 
— lamp housings 
— supports for current-carrying electrical 
components. 
—TV yokes 


Polyethylene (PE) 


Advantages: Low Density PE 
— Good toughness 
— excellent chemical resistance 
— excellent electrical properties 
— low coefficient of friction 
—near zero moisture absorption 
—easy to process 
—relatively low heat resistance 


Disadvantage 
—susceptible to environmental and some 
chemical stress cracking 
— wetting agents (such as detergents) accel- 
erate stress cracking 
Advantages: High Density PE 
—Same as above, plus increased rigidity and 
tensile strength 


Advantages: Ultra-High Molecular Weight PE 
—outstanding abrasion resistance 
—low coefficient of friction 
—high impact strength 
— excellent chemical resistance 
— material does not break in impact strength 
tests using standard notched specimens 


Applications: 
— bearings 
— components requiring maximum abrasion 
resistance, impact strength, and low coeffi- 
cent of friction 


Phenolic 


Advantages: 
— low cost 
— superior heat resistance 
— high heat-deflection temperatures 
— good electrical properties 
— good flame resistance 
— excellent moldability 
— excellent dimensional stability 
— good water and chemical resistance 


Applications: 
—commutators and housings for small motors 
— heavy duty electrical components 
— rotary-switch wafers 
— insulating spacers 


Nylon 


Advantages 

— excellent fatigue resistance 

— low coefficient of friction 

— toughness a function of degree of crystal- 
linity 

—resists many fuels and chemicals 

— good creep- and cold-flow resistance as 
compared to less rigid thermoplastics 

—resists repeated impacts 


Disadvantages: 
—all nylons absorb moisture 
—nylons that have not been compounded with 
a UV stabilizer are sensitive to UV light, and 
thus not suitable for extended outdoor use 
Applications 
— bearings 
—housing and tubing 
—rope 
—wire coatings 
—wire connectors 
— wear plates 
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Properties of Common Thermoplastics 


NYLONS (DRY, AS MOLDED) PHENOLICS POLYETHYLENE 
Type Type of compound Ultrahigh 
ASTM or General Non- Heat Special Low Medium High molecular 
UL test Property 6/6 6 6/12 11 Castable purpose impact bleeding Electrical resistant purpose* density density density weight 
—©———-————————————————————————————————————————————————————————_—_———————————————— 
PHYSICAL 
D792 Specific gravity 1.14 1.13 1.06 1.04 1.15-1.17 1.35-1.46 1.36-1.41 1.37-1.38 1.36-1.75 1.41-1.84 1.37-1.75 0.910-0.925 0.926-0.940 0.941-0.965 0.928-0.941 
0792 Specific volume (іп2/16) 24.2 24.5 25.9 26.6 23.8 30.4-29.9 29.9-29.4 29.4-28.7 29.4 
D570 Water absorption, 24 h. 
У -in. thk (%) 1.2 1.6 0.25 0.4 0.9 0.6-0.7 0.6-0.9 0.8-0.9 0.05-0.20 0.30-0.35 0.20-0.40 «0.01 «0.01 «0.01 «0.01 
MECHANICAL 
D638 Tensile strength (psi) 12,000 11,800 8,800 8,500 1 1000: 6,500-7,000 6,000-7,000 6,000-7,000 5,000-7,000 5,000-6,000 7,000-9,000 600-2,300 1,200-3,500 3,100-5,500 4,000-6,000 
4, 
D638 Elongation (%) 60 200 150 120 10-50 11-13 12 10 17-25 14 10 90-800 50-600 20-1,000 200-500 
D638 Tensile modulus (105 psi) 4.2 3.8 2.9 1.8 3.5-4.5 0.14-0.38 0.25-0.55 0.6-1.8 0.20-1.10 
D785 Hardness, Rockwell ( ) 121 (R) 119 (R) 114 (R) - 112-120 (R) 70-95 (E) 82 (E) 82 (E) 75-88 (E) 94 (E) 76 (E) 10 (R) 15 (R) 65 (R) 55 (R) 
D790 Flexural modulus (10° psi) 4.1 3.9 2.9 1.5 - 11-14 12-25 10-12 12-25 11-23 10-19 0.08-0.60 0.60-1.15 1.0-2.0 1.0-1.7 
D256 impact strength, Izod 
(ft-Ib/in of notch) 1.0 0.8 1.0 3.3 0.9 0.30-0.35 0.6-1.05 0.28 0.28-0.45 0.26 0.50 No break 0.5-16 0.5-20 No break 
THERMAL 
C177 Thermal conductivity 
(Btu-in/hr-ft?-°F) 1.7 1.7 1.5 — 1.7 7.1! 7.9t - 16.07 - 8.81 8.01 8.0-10.0t 11.0-12.41 11.01 
D696 Coef of thermal expansion 
(1075 inin.-?F) 4.0 4.5 5.0 5.1 5.0 3.95 3.56 4.40 2.60 2.80 3.60 5.6-12.2 7.8-8.9 6.1-7.2 7.8 
D648 Deflection temperature (°F) 
At 264 psi 194 152 194 118 300-425 275-360 270-500 370 310-400 330-380 360-430 90-105 105-120 110-130 118 
At 66 psi 455 365 356 154 400-425 100-121 120-165 140-190 170 
UL 94 Flammability rating V-2 V-2 V-2 - - V-1 HB - AU V-0 HB 
ELECTRICAL 
D149 Dielectric strength (V/mil) 
Short time, % in. thk 600 400 400 425 500-600* 350 350-400 200 400 170 175 460-700 460-650 450-500 900* 
D150 Dielectric constant 
At 1 kHz 3.9 3.7 4.0 3.3 3.7 5.2-5.3 5.2-5.4 - 4.9-6.5 11.7 7.8 2.25-2.35 2.30-2.35 2.30-2.35 
D150 Dissipation factor 
At 1 kHz 0.02 0.02 0.02 0.03 0.02 0.04-0.05 0.04-0.06 - 0.025-0.10 0.15 0.12 0.0002 0.0002 0.0003 0.0002 
D257 Volume resistivity (ohm-cm) 
At 73°F. 50% RH 1015 105 10% 2x10" - 10""-10'2 101-101? 1012 101-1013 10 10" 10° 1075 1075 108 
D495 Are resistance (s) 116 - 121 - — 100 50 — 184 181 — 135-160 200-235 — = 
OPTICAL 
D542 Refractive Index 1.51 1.52 1.54 - 
D1003 Transmittance (%) 4-50 4-50 10-50 — 
зз bo Ае ш — ——— a A125 — EP t€ 


*kVicm. 

*Chemical-resistant compound. *'4-in. thick specimens. 
*0.040 in. thick specimen 

*(10.* cal-cm/sec-cm?-?C) 
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POLYPROPYLENE ` POLYPHENYLENE SULFIDE* POLYSTYRENE POLYVINYL CHLORIDE 


Glass reinforced Glass and mineral filled Polymers Copolymers 
ASTM or Unmodified Glass Impact General impact Crystal Impact 10-20% (wt.) е. ; 
UL test resin reinforced grade R-3 R-4 R-8 R-9 R-10° R-11 purpose modified clear modified Glass reinf Rigid Flexible 
D792 0.905 1.05-1.24 0.89-0.91 1.57 1.67 1.8 1.9 1.96-1.98 1.98 1.04-10.9 1.03-1.10 1.08-1.10 1.05-10.8 1.13-1.22 1.30-1.58 1.20-1.70 
D792 30.8-30.4 24.5 30.8-30.5 26.0-25.6 28.1-25.2 - - - 20.5-19.1 - 
D570 
0.01-0.03 0.01-0.05 0.01-0.03 - <0.05 0.03 = m m 0.03-0.10 0.05-0.6 0.1 0.1 0.08 0.04-0.4 0.15-0.75 
D638 5,000 6,000-14,500 2,800-4,400 15,500 17,500 10,750 11,000 10,000-11,500 11,000 5,000-12,000 1,500-7,000 7,000-7,600 4,800-7,200 10,500-12,500 6,000-7,500 1,500-3,500. 
D638 10-20 2.0-3.6 350-500 1.1 1.25 0.47 0.5 0.5-0.6 0.6 0.5-2.0 2-60 1.4-1.7 2.0-20.0 1.3-2.0 40-80 200-450 
0638 1.6 4.5-9.0 1.0-1.7 4.0-6.0 1.4-5.0 4.4-4.7 2.8-4.2 6.3-10.0 3.5-6.0 = 
D785 80-110 (R) 110 (R) 50-85 (R) - 123 (R) 121 (R) - 120 (В) - 65-80 10-90 108 80 101 65-850 (Shore) 50-100А (Shore) 
D790 1.7-2.5 3.8-8.5 1.2-1.8 14 17 22 21 18 20 4.0-4.7 1.5-4.6 4.6-4.9 3.2-4.5 5.5-9.8 3.5 = 
D256 
0.5-2.2 1.0-5.0 1.0-15 1.0 1.1 0.59 0.7 0.6-1.0 0.8 0.2-0.45 0.5-4.0 0.3-0.5 0.5-4.4 1.8-2.6 0.4-20.0 — 
C117 
2.8t - 3.0-4.0t - 2.0 — - - - 2.4-3.3 1.0-3.0 2.4-3.3 1.0-3.0 -—- 3.5-5.0f 3.0-4.0t 
D696 
3.2-5.7 1.6-2.9 3.3-4.7 - 2.2 1.6 1.1 - - 3.3-4.4 1.9 3.5-3.7 3.5-3.7 2.0-2.2 2.8-5.6 3.9-13.9 
D648 
125-140 230-300 120-135 500 500 500 500 500 500 190-220 160-200 235-249 235-249 235-260 140-170 = 
200-250 310 160-210 : 180-230 180-220 - - ~ 135-180 = 
UL 94 НВ” HB^ HB? V0 V-0/5V V-0/5V  V-0 V-0/5V V-0 HB^ HB’ НВ” НВ» НВ» — = 
0149 
500-660 475 500-650 - = - - - - 500-700 300-600 500-700 300-600 - 350-500 300-400 
D150 
2.2-2.6 2.36 2.3 — 4.0* 4.3* 4.5* 4.8-6.1* - 2.40-2.65 2.4-4.5 - - - 3.0-3.8 4.0-8.0 
D150 ` 
0.0005-0.0018 0.0017 0.0003 - 0.0014* 0.016* 0.0072* 0.01-0.02* — 0.0001-0.0003 0.0004-0.0020 - — - 0.009-0.017 0.07-0.16 
0257 
10” 2x 10% 108 — - - = - - 1017-1019 108 = = МЕ > 1015 101-1015 
D495 160 100 - m 34 182 180 116-182 - 60-135 20-100 95 95 m 60-80 = 
0542 | 1.60 - 1.59 - - | 


т ————————————— 


01003 87-92 35.57 92 = = | 
bV-2, V-1, and V-0 grades are also available. *At 1.0 MHz 


*Test specimen molding conditions, 275°F mold temperature. 
5Representative of a series of various pigmented compounds. 


Coaxial Cable End Connectors 


UHF Connectors 


Military No. Style Cable RG- or Description 

PL-259 Str (m) 8, 9, 11, 13, 63, 87, 149, 213, 214, 
216, 225 

UG-111 Str (m) 59, 62, 71, 140, 210 

SO-239 Pnl (f) Std, mica/phenolic insulation 

UG-266 Blkhd (f) Rear mount, pressurized, copolymer 
of styrene ins. 

Adapters 

PL-258 Str (f/f) Polystyrene ins. 

UG-224,363  Blkhd (f/f) Polystyrene ins. 

UG-646 Ang (f/m) Polystyrene ins. 

M-359A Ang (m/f) Polystyrene ins. 

M-358 T (f/m/f) Polystyrene ins. 

Reducers 

UG-175 55, 58, 141, 142 (except 55A) 

UG-176 59, 62, 71, 140, 210 


Family Characteristics: 

All are nonweatherproof and have a nonconstant impedance. 
Frequency range: 0-500 MHz. Maximum voltage 

rating: 500 V (peak). 


N Connectors 


Military No. Style Cable RG- Notes 

UG-21 Str (m) 8, 9, 213, 214 500 

UG-94A Str (т) 11, 13, 149, 216 709 

UG-536 Str(m) 58, 141, 142 500 

UG-603 Str (m) 59, 62, 71, 140, 210 50 Q 

UG-23, B-E Str (f) 8, 9, 87, 213, 214, 225 502 

UG-602 Str (f) 59, 62, 71, 140, 210 — 

UG-228B, D,E Pnl (f) 8, 9, 87, 213, 214, 225 — 

UG-1052 Pnl (f) 58, 141, 142 50 Q 

UG-593 Pnl (f) 59, 62, 71, 140, 210 509 

UG-160A, B, О Blkhd (f) 8, 9, 87, 213, 214, 225 500 

06-556 Bikhd (f) 58, 141, 142 50 Q 

UG-58, A Pnl (f) 502 

UG-997A Ang (f) 50 Q 11/16” 

Рт mount (f) with clearance above panel 

M39012/04- Bikhd (f) Front mount 
hermetically 
sealed 

UG-680 Bikhd (f) Front mount 
pressurized 

N Adapters 

Military No. Style Notes 

UG-29,A,B Str (f/f) 50 Q, TFE ins. 

UG-57A.B Str (m/m) 50 О, TFE ins. 

UG-27A,B Ang (f/m) Mitre body 

UG-212A Ang (f/m) Mitre body 

UG-107A T (f/m/f) — 

UG-28A T (t/f/f) — 

UG-107B T (f/m/f) — 


Family Characteristics: 

N connectors with gaskets are weatherproof. RF leakage: -90 dB 
min Q З GHz. Temperature limits: ТЕЕ: —67? to 390°F (-55° to 
199°C). Insertion loss 0.15 dB max @ 10 GHz. Copolymer of 
styrene: —67? to 185°F (-55° to 85°C). Frequency range: 0-11 
GHz. Maximum voltage rating: 1500 V P-P. Dielectric withstand- 
ing voltage 2500 V RMS. SWR (MIL-C-39012 cable connectors) 
1.3 max 0-11 GHz. 


BNC Connectors 


Military No. Style Cable RG- Notes 

UG-959 Str (m) 8,9 

UG-260,A Str (m) 59, 62, 71, 140, 210 Rexolite ins. 

UG-262 Pnl (f) 59, 62, 71, 140, 210 Rexolite ins. 

UG-262A Pnl (f) 59, 62, 71, 140, 210 nwx, Rexolite 
ins. 

UG-291 Pnl (f) 55, 58, 141, 142, 223, 400 

UG-291A Pni (f) 55, 58, 141, 142, 223, 400. nwx 

UG-624 Blkhd (f) 59, 62, 71, 140, 210 Front mount 
Rexolite ins. 

UG-1094A  Blkhd Standard 

UG-625B Receptacle 

UG-625 


BNC Adapters 


Military No. Style Notes 

UG-491,A Str (m/m) 

UG-491B Str (m/m)  Berylium, outer contact 
UG-914 Str (f/f) 

UG-306 Ang (f/m) 

UG-306A,B  Ang(f/m)  Berylium outer contact 
UG-414,A Pnl (f/f) # 3-56 tapped flange holes 
UG-306 Ang (f/m) 

UG-306A,B Ang (f/m)  Berylium outer contact 
UG-274 T (f/m/f) 

UG-274A,B Т (f/m/f) Berylium outer contact 


Family Characteristics: 

Z = 50 Q. Frequency range: 0-4 GHz w/low reflection; usable to 
11 GHz. Voltage rating: 500 V P-P. Dielectric withstanding 
voltage 500 V RMS. SWR: 1.3 max 0-4 GHz. RF leakage —55 dB 
min @ 3 GHz. Insertion loss: 0.2 dB max @ 3 GHz. Temperature 
limits: TFE: —67? to 390°F (-55° to 199°C); Rexolite insulators: 
—67? to 185°F (—55° to 85°C). "Nwx" = not weatherproof. 


HN Connectors 


Military No. Style Cable RG- Notes 

UG-59A Str (m) 8, 9, 213, 214 

UG-1214 Str (f) 8, 9, 87, 213, 214, 225 Captivated 
contact 

UG-60A Str (f) 8, 9, 213, 214 Copolymer of 
styrene ins. 

UG-1215 Рп! (f) 8, 9, 87, 213, 214, 225 Captivated 
contact 

UG-560 Pnl (f) 

UG-496 Ри! (f) 

UG-212C Ang (f/m) Berylium outer 


contact 
Family Characteristics: 
Connector Styles: Str = straight; Pnl = panel; Ang = Angle; 
Blkhd = bulkhead. Z = 50 W. Frequency range = 0-4 GHz. 
Maximum voltage rating = 1500 V P-P. Dielectric withstanding 
voltage = 5000 V RMS SWR = 1.3. All HN series are weather- 
proof. Temperature limits: TFE: -67° to 390°F (~55° to 199°C); 
copolymer of styrene: —67° to 185°F (-55? to 85°C). 


Cross-Family Adapters 


Families Description Military No. 

HN to BNC HN-m/BNC-f UG-309 

N to BNC N-m/BNC-f UG-201,A 
N-f/BNC-m UG-349,A 
N-m/BNC-m UG-1034 

N to UHF N-m/UHF-f UG-146 
N-f/UHF-m UG-83,B 
N-m/UHF-m UG-318 

UHF to BNC UHF-m/BNC-f UG-273 
UHF-f/BNC-m UG-255 


ФФ 
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Circuit 


ome construction of electronics 
projects can be a fun part of Ama- 

teur Radio. Some folks have said 

that hams don’t build things nowadays; 
this just isn’t so! An ARRL survey shows 
that 53% of active hams build some elec- 
tronic projects. When you go to any ham 
flea market, you see row after row of deal- 
ers selling electronic components; people 
are leaving those tables with bags of parts. 
They must be doing something with them. 
Even experienced constructors will find 
valuable tips in this chapter. It discusses 
tools and their uses, electronic construc- 
tion techniques, tells how to turn a sche- 
matic into a working circuit and then sum- 
marizes common mechanical construction 
practices. This chapter was written by Ed 
Hare, KAICV, Bruce Hale, KB1MW, Ian 
White, G3SEK, and Chuck Adams, K5FO. 


SHOP SAFETY 


All the fun of building a project will be 
gone if you get hurt. To make sure this 
doesn’t happen, let’s first review some 
safety rules. 

* Read the manual! The manual tells all 
you need to know about the operation 
and safety features of the equipment you 
are using. 

* Do not work when you are tired. You 
will be more likely to make a mistake or 
forget an important safety rule. 

* Never disable any safety feature of any 
tool. If you do, sooner or later someone 
will make the mistake the safety feature 
was designed to prevent. 

* Never fool around in the shop. Practical 
jokes and horseplay are in bad taste at 
social events; in a shop they are down- 
right dangerous. A work area is a dan- 
gerous place at all times; even hand tools 


can hurt someone if they are misused. 

* Keep your shop neat and organized. A 
messy shop is a dangerous shop. A knife 
left laying in a drawer can cut someone 
looking for another tool; a hammer left 
on top of a shelf can fall down at the 
worst possible moment; a sharp tool left 
on a chair can be a dangerous surprise 
for the weary constructor who sits down. 
Wear the proper safety equipment. Wear 
eye-protection goggles when working 
with chemicals or tools. Use earplugs or 
earphones when working near noise. If 
you are working with dangerous chemi- 
cals, wear the proper protective cloth- 
ing. 

* Make sure your shop is well ventilated. 
Paint, solvents, cleaners or other chemi- 
cals can create dangerous fumes. If you 
feel dizzy, get into fresh air immediately, 
and seek medical help if you do not re- 
cover quickly. 

* Get medical help when necessary. Every 
workshop should contain a good first- 
aid kit. Keep an eye-wash kit near any 
dangerous chemicals or power tools that 
can create chips. If you become injured, 
apply first aid and then seek medical help 
if you are not sure that you are okay. 
Even a small burn or scratch on your eye 
can develop into a serious problem. 

* Respect power tools. Power tools are not 
forgiving. A drill can go through your 
hand a lot easier than metal. A power 
saw can remove a finger with ease. Keep 
away from the business end of power 
tools. Tuck in your shirt, roll up your 
sleeves and remove your tie before us- 
ing any powertool. If you have long hair, 
tie it back so it can't become entangled 
in power equipment. 

* Don't work alone. Have someone nearby 


ction 


who can help if you get into trouble when 
working with dangerous equipment, 
chemicals or voltages. 


`e Think! Pay attention to what you are 


doing. No list of safety rules can cover 
all possibilities. Safety is always your 
responsibility. You must think about 
what you are doing, how it relates to the 
tools and the specific situation at hand. 


TOOLS AND THEIR USES 


All electronic construction makes use 
of tools, from mechanical tools for chassis 
fabrication to the soldering tools used for 
circuit assembly. A good understanding of 
tools and their uses will enable you to 
perform most construction tasks. 

While sophisticated and expensive tools 
often work better or more quickly than 
simple hand tools, with proper use, simple 
hand tools can turn out a fine piece of 
equipment. Table 25.1 lists tools indis- 
pensable for construction of electronic 
equipment. These tools can be used to 
perform nearly any construction task. Add 
tools to your collection from time to time, 
as finances permit. 


Sources of Tools 


Radio-supply houses, mail-order stores 
and most hardware stores carry the tools 
required to build or service Amateur Ra- 
dio equipment. Bargains are available at 
ham flea markets or local neighborhood 
sales, but beware! Some flea-market bar- 
gains are really shoddy imports that won't 
work very well or last very long. Some 
used tools are offered for sale because the 
owner is not happy with their perfor- 
mance. 

There is no substitute for quality! A 
high-quality tool, while a bit more expen- 
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sive, will last a lifetime. Poor quality tools 
don’t last long and often do a poor job even 


when brand new. You don’t need to buy 
machinist-grade tools, but stay away from 


Table 25.1 


RECOMMENDED TOOLS AND MATERIALS 


Simple Hand Tools 
Screwdrivers 


Slotted, 3-inch, 1/8-inch blade 

Slotted, 8-inch, 1/8-inch blade 

Slotted, 3-inch, 3/16-inch blade 

Slotted, stubby, 1/4-inch blade 

Slotted, 4-inch, 1/4-inch blade 

Slotted, 6-inch, 5/16-inch blade 

Phillips, 2-1/2-inch, #0 (pocket clip) 

Phillips, 3-inch, #1 

Phillips, stubby, #2 

Phillips, 4-inch, #2 

Phillips, 4-inch, #2 

Long-shank screwdriver with holding clip 
on blade 

Jeweler’s set 

Right-angle, slotted and Phillips 


Pliers, Sockets and Wrenches 
Long-nose pliers, 6- and 4-inch 
Diagonal cutters, 6- and 4-inch 
Channel-lock pliers, 6-inch 

Slip-joint pliers 

Locking pliers (Vise Grip or equivalent) 
Socket nut-driver set, 3/16- to 1/2-inch 
Set of socket wrenches for hex nuts 
Allen (hex) wrench set 

Wrench set 

Adjustable wrenches, 6- and 10-inch 
Tweezers, regular and reverse-action 
Retrieval tool/parts holder, flexible claw 
Retrieval tool, magnetic 


Cutting and Grinding Tools 


File set consisting of flat, round, half- 
round, and triangular. Large and 
miniature types recommended 

Burnishing tool 

Wire strippers 

Wire crimper 

Hemostat, straight 

Scissors 

Tin shears, 10-inch 

Hacksaw and blades 

Hand nibbling tool (for chassis-hole 
cutting) 

Scratch awl or scriber (for marking metal) 

Heavy-duty jackknife 

Knife blade set (X-ACTO or equivalent) 

Machine-screw taps, #4-40 through #10- 
32 thread 

Socket punches, 1/2 in, 5/8 in, 3/4 in, 1-1/ 
8 in, 1-1/4 in, and 1-1/2 in. 

Tapered reamer, T-handle, 1/2-inch 
maximum width 

Deburring too! 


Miscellaneous Hand Tools 


Combination square, 12-inch, for layout 
work 

Hammer, ball-peen, 12-02 head 

Hammer, tack 

Bench vise, 4-inch jaws or larger 

Center punch 

Plastic alignment tools 

Mirror, inspection 

Flashlight, penlight and standard 


Magnifying glass 
Ruler or tape measure 
Dental pick 

Calipers 

Brush, wire 

Brush, soft 

Small paintbrush 
IC-puller tool 


Hand-Powered Tools 


Hand drill, 1/4-inch chuck or larger 
High-speed drill bits, #60 through 3/8-inch 
diameter 


Power Tools 


Motor-driven emery wheel for grinding 

Electric drill, hand-held 

Drill press 

Miniature electric motor tool (Dremel or 
equivalent) and accessory drill press 


Soldering Tools and Supplies 
Soldering pencil, 30-W, 1/8-inch tip 
Soldering iron, 200-W, 5/8-inch tip 
Solder, 60/40, resin core 

Soldering gun, with assorted tips 
Desoldering tool 

Desoldering wick 


Safety 


Safety glasses 

Hearing protector, earphones or earplugs 
Fire extinguisher 

First-aid kit 


Useful Materials 


Medium-weight machine oil 

Contact cleaner, liquid or spray can 

Duco modeling cement or equivalent 

Electrical tape, vínyl plastic 

Sandpaper, assorted 

Emery cloth 

Steel wool, assorted 

Cleaning pad, Scotchbrite or equivalent 

Cleaners and degreasers 

Contact lubricant 

Sheet aluminum, solid and perforated, 16- 
or 18-gauge, for brackets and shielding. 

Aluminum angle stock, 1/2x1/2-inch 

1/4-inch-diameter round brass or alumi- 
num rod (for shaft extensions) 

Machine screws: Round-head and flat 
head, with nuts to fit. Most useful sizes: 
4-40, 6-32 and 8-32, in lengths from 1/4- 
inch to 1-1/2 inches. (Nickel-plated steel 
is satisfactory except in strong RF fields, 
where brass should be used.) 

Bakelite, Lucite, polystyrene and copper- 
clad PC-board scraps. 

Soldering lugs, panel bearings, rubber 
grommets, terminal-lug wiring strips, 
varnished-cambric insulating tubing, 
heat-shrinkable tubing. 

Shielded and unshielded wire. 

Tinned bare wire, #22, #14 and #12. 

Enameled wire, #20 through #30 
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cheap tools; they are not the bargains they 
might appear to be. 


Care of Tools 


The proper care of tools is more than a 
matter of pride. Tools that have not been 
cared for properly will not last long or 
work well. Dull or broken tools can be 
safety hazards. Tools that are in good con- 
dition do the work for you; tools that are 
misused or dull are difficult to use. 

Store tools in a dry place. Tools do 
not fit in with most living-room decors, 
so they are often relegated to the base- 
ment or garage. Unfortunately, many 
basements or garages are not good 
places to store tools; dampness and dust 
are not good for tools. If your tools are 
stored in a damp place, use a dehumidi- 
fier. Sometimes you can minimize rust 
by keeping your tools lightly oiled, but 
this is a second-best solution. If you oil 
your tools, they may not rust, but you 
will end up covered in oil every time 
you use them. Wax or silicone spray is a 
better alternative. 

Store tools neatly. A messy toolbox, 
with tools strewn about haphazardly, can 
be more than an inconvenience. You may 
waste a lot of time looking for the right 
tool and sharp edges can be dulled or 
nicked by tools banging into each other in 
the bottom of the box. As the old adage 
says, every tool should have a place, and 
every tool should be in its place. If you 
must search the workbench, garage, attic 
and car to find the right screwdriver, you'll 
spend more time looking for tools than 
building projects. 


Sharpening 


Many cutting tools can be sharpened. 
Send a tool that has been seriously dulled 
to a professional sharpening service. 
These services can resharpen saw blades, 
some files, drill bits and most cutting 
blades. Touch up the edge of cutting tools 
with a whetstone to extend the time be- 
tween sharpenings. 

Sharpen drill bits frequently to mini- 
mize the amount of material that must be 
removed each time. Frequent sharpening 
also makes it easier to maintain the critical 
surface angles required for best cutting 
with least wear. Most inexpensive drill- 
bit sharpeners available for shop use do a 
poor job, either from the poor quality of 
the sharpening tool or inexperience of the 
operator. Also, drills should be sharpened 
at different angles for different applica- 
tions. Commercial sharpening services do 
a much better job. 


Intended Purpose 
Don’t use tools for anything other than 


their intended purpose! If you use a pair of 
wire cutters to cut sheet metal, a pliers as 
a vise or a screwdriver as a pry bar, you 
ruin a good tool. Although an experienced 
“constructor can improvise with tools, most 
take pride іп пог abusing them. 


Tool Descriptions and Uses 


Specific applications for tools are dis- ` 


cussed throughout this chapter. Hand tools 
are used for so many different applications 
that they are-discussed first, followed by 


some tips for proper use of power tools. 


Soldering Iron 


Soldering is used in nearly every phase 

of electronic construction so you'll need 

soldering tools. A soldering tool must be 
hot enough to do the job and lightweight 

enough for agility and comfort. A 100-W 

soldering gun is overkill for printed-cir- 

cuit work, for example. A temperature- 

controlled iron works well, although the 

‘cost is not justified for occasional projects. 

Get an iron with a small conical or chisel 


tip. 


‘Soldering is not like gluing; solder does . 


more than bind metal together and provide 
an electrically conductive path between 
them. Soldered metals and the solder com- 
bine to form an alloy. 

You may need an assortment of solder- 
ing irons to do a wide variety of soldering 
tasks. They range in size from a small 


25-W iron for delicate printed-circuit - 


work to larger 100 to 300-W sizes used to 


solder large surfaces. Several manufactur- 


ers also sell soldering guns. Small “pen- 
cil” butane torches are also available, with 
optional soldering-iron tips. A smail bu- 
tane torch is available from the Solder-It 


Company. This company also sells a sol-. 


dering kit that contains paste solders (in 
syringes) for electronics, pot metal and 
plumbing. See the Address List in the 
References chapter for the address. 
Keep soldering tools in good condition 
by keeping the tips well tinned with sol- 
der. Do not run them at full temperature 
for long periods when not in use. After 
each period of use, remove the tip and 
clean off any scale that may have accumu- 


lated. Clean an oxidized tip by dipping the | 


hot tip in sal ammoniac (ammonium chlo- 
ride) and then wiping it clean with a rag. 
‘Sal ammoniac is somewhat corrosive, so 
if you don’t wipe the tip thoroughly, it can 
contaminate electronic soldering. ` 
_ If a copper tip becomes pitted, file it 
smooth and bright and then tin it immedi- 
ately with solder. Modern soldering iron 
tips are nickel or iron clad and should not 
“be filed. 
The secret of good soldering is to use 
‘the right amount of heat. Many people who 


have not soldered before use too little heat, 
dabbing at the joint to be soldered and 


` making little solder blobs that cause unin- 


tended short circuits. 


` Solders have different melting points, 
- depending on the ratio of tin to lead. Tin. 
melts at 450°F and lead at 621°F. Solder 


made from 63% tin and 37% lead melts at 
361°F, the lowest melting point for a tin 
and lead mixture. Called 63-37 (or eutec- 
tic), this type of solder also provides the 


most rapid solid-to-liquid transition and 


the best stress resistance. » 
Solders made with different lead/tin ra- 
tios have a plastic state at some tempera- 


tures. If the solder is deformed while it is . 
in the plastic state, the deformation re- · 
mains when the solder freezes into the 


solid state. Any stress or motion applied to 
“plastic solder" causes a poor solder joint. 

60-40 solder has the best wetting quali- 
ties. Wetting is the ability to spread rap- 
idly and bond materials uniformly. 60-40 
solder also has a low melting point. These 
factors niake it the most commonly used 
solder in electronics. 


Some connections that carry high uc 


rent can't be made with ordinary tin-lead 


solder because the heat generated by the | 


current would melt the solder. Automo- 
tive starter brushes and transmitter tank 
circuits are two examples. Silver-bearing 
solders have higher melting points, and.so 


` prevent this problem. High-temperature 


silver alloys become liquid in the 1100?F 


to 1200?F range, and a silver-manganese . 


(85-15) alloy requires almost 1800°F. 
Because silver dissolves easily in tin, 
tin bearing solders can leach silver plating 
from components. This problem can be 
greatly reduced by partially saturating the 
tin in the solder with silver or by eliminat- 


ing the tin. Tin-silver or tin-lead-silver ' 


alloys become liquid at temperatures from 
430?F for 96.5-3.5  (tin-silver), to 588°F 
for 1.0-97.5-1.5 (tin-lead-silver). A 15.0- 


80.0-5.0 alloy of lead-indium-silver melts . 


at 314?F. 


cal work. It should be used only for plumb- 
ing or chassis work. For circuit construc- 
tion, only use fluxes. or solder-flux 


combinations that are labeled for elec- 


tronic soldering. 

The resin or the acid is T Flux re- 
moves oxide by suspending it in solution 
and floating it to the top. Flux is not a 
cleaning agent! Always clean the work 


before soldering. Flux is not a part.of a | 
solderéd connection — it merely aids the . 
soldering process. After soldering, re- . 
move any remaining flux. Resin flux can 
be removed with isopropyl or „denatured · 
alcohol. A cotton swab is a good tool for 


applying the alcohol and scrubbing the 


' excess flux away. Commercial flux-re- 


moval sprays are available.at most elec- . 
tronic-part distributors. 

The two key factors in quality soldering 
are time and temperature. Generally, rapid 
heating is desired, although most unsuc- 
cessful solder jobs fail because insuffi- 
cient heat has been applied. Be careful; if 
heat is applied too long, the components 


- or PC board can be damaged, the flux may . 


be used up and surface oxidation can be- 
come a problem. The soldering-iron tip 
should be hot enough to readily melt the 
solder without burning, charring or dis- 
coloring components, PC boards or wires. . 
Usually, a tip temperature about 100°F 

above the solder melting point is about 
right for mounting components on PC 
boards. Also, use solder that is sized ap- 


` propriately for the job. As the cross sec- 


tion of the solder decreases, so does the 
amount of heat required to melt it. Diam- 
eters from 0.025 to 0.040 inches are. good. 
for nearly all circuit wiring. 

Here'show to make a good solder joint. 
This description assumes that solder with 
a flux core is used to solder a typical PC. 
board connection such as an IC pin. 


* Prepare the joint. Clean all conductors 
thoroughly with fine steel wool ora plas- 
tic scrubbing pad. Dó the circuit board at 
the beginning of assembly and indi- 
vidual parts such as resistors and capaci- 
tors immediately before soldering. Some 
parts (such as ICs and surface-mount 
components) cannot be easily cleaned; 
3 don't worry unless they’ re exceptionally 

.dirty. 

* Prepare the tool. It should be hot enough 
. to melt solder applied to its tip quickly - 
(half a second when dry, instantly when 
wet with solder). Apply a little solder 
directly to the tip so that the surface is 
shiny. This process is called "tinning" - 
the tool. The solder coating helps con- 

duct heat from the tip to the joint. 


| ` * Place the tip in contact. with one side-of 
Never use acid-core noid for electri- . 


_ the joint. If you can place the tip on the 

. underside of the joint, do so. With the 
tool below the joint, convection helps ` 
transfer heat to the joint. 

* Place the solder against the joint directly 
opposite the soldering tool. It should 
melt within a second for normal PC con- 
nections, within two seconds for most 
other connections. If it takes longer to 
melt, there is not enough heat for the job 
at hand. 

* Keep the tool against the joint until the 

: solder flows freely throughout the joint. 
When it flows freely, solder tends to 
form concave shapes between the con- 
ductors. With insufficient heat solder 
does not flow freely; it forms convex | 
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shapes—blobs. Once solder shape 

changes from convex to concave, re- 

move the tool from the joint. 

Let the joint cool without movement at 

room temperature. It usually takes no 

more than a few seconds. If the joint is 

moved before it is cool, it may take on a 

duli, satin look that is characteristic of a 

“cold” solder joint. Reheat cold joints 

until the solder flows freely and hold 

them still until cool. 

* When the iron is set aside, or if it loses its 
shiny appearance, wipe away any dirt 
with a wet cloth or sponge. If it remains 
dull after cleaning, tin it again. 


Overheating a transistor or diode 
while soldering can cause permanent 
damage. Use a small heat sink when you 
solder transistors, diodes or components 
with plastic parts that can melt. Grip the 
component lead with a pair of pliers up 
close to the unit so that the heat is con- 
ducted away (be careful — it is easy to 
damage delicate component leads). A 
small alligator clip also makes a good 
heat sink. 

Mechanical stress can damage compo- 
nents, too. Mount components so there is 
no appreciable mechanical strain on the 
leads. 

Soldering to the pins of coil forms or 
male cable plugs can be difficult. Use a 
suitable small twist drill to clean the in- 
side of the pin and then tin it with resin- 
core solder. While it is still liquid, clear 
the surplus solder from each pin with a 
whipping motion or by blowing through 
the pin from the inside of the form or plug. 
Watch out for flying hot solder! Next, file 
the nickel plate from the pin tip. Then in- 
sert the wire and solder it. After soldering, 
remove excess solder with a file, if neces- 
sary. 

When soldering to the pins of plastic 
coil forms, hold the pin to be soldered with 
a pair of heavy pliers to form a heat sink. 
Do not allow the pin to overheat; it will 
loosen and become misaligned. 

In order to remove components, you 
need to learn the art of desoldering — re- 
moving solder from components and PC 
boards so they can be separated easily. Use 
commercially made wicking material 
(braid) to soak up excess solder from a 
joint. Another useful tool is an air-suction 
solder remover. Another method is to heat 
the joint and “flick” the wet solder off. 
(Watch out for solder splashes!) 

Soldering equipment gets hot! Be care- 
ful. Treat a soldering burn as you would 
any other. Handling lead or breathing sol- 
dering fumes is also hazardous. Observe 
these precautions to protect yourself and 
others: 
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* Properly ventilate the work area. If you 
can smell fumes, you are breathing them. 

* Wash your hands after soldering, espe- 
cially before handling food. 

* Minimize direct contact with flux and 
flux solvents. 


For more information about soldering 
hazards and the ways to make soldering 
safer, see "Making Soldering Safer," by 
Brian P. Bergeron, MD, NUIN (Mar 1991 
QST, pp 28-30) and “More on Safer Sol- 
dering,” by Gary E. Meyers, K9CZB (Aug 
1991 QST, p 42). 


Screwdrivers 


For construction or repair, you need to 
have an assortment of screwdrivers. Each 
blade size is designed to fit a specific range 
of screw-head sizes. Using the wrong size 
blade usually damages the blade, the screw 
head or both. You may also need stubby sizes 
to fit into tight spaces. Right-angle screw- 
drivers are inexpensive and can get into tight 
spaces that can't otherwise be reached. 

Electric screwdrivers are relatively in- 
expensive. If you have a lot of screws to 
fasten, they can save a lot of time and ef- 
fort. They come with a wide assortment of 
screwdriver and nut-driver bits. An elec- 
tric drill can also function as an electric 
screwdriver, although it may be heavy and 
over-powered for some applications. 

Keep screwdriver blades in good condi- 
tion. If a blade becomes broken or worn out, 
replace the screwdriver. A screwdriver only 
costs a few dollars; do not use one that is not 
in perfect condition. Save old screwdrivers 
to use as pry bars and levers, but use only 
good ones on screws. Filing a worn blade 
seldom gives good results. 


Pliers and Vice Grips 


Pliers and vice grips are used to hold or 
bend things. They are not wrenches! If 
pliers are used to remove a nut or bolt, the 
nut or the pliers is usually damaged. Pliers 
are not intended for heavy-duty applica- 
tions. Use a metal brake to bend heavy 
metal; use a vice to hold a heavy compo- 
nent. To remove a nut, use a wrench or nut 
driver. There is one exception to this rule 
of thumb: To remove a nut that is stripped 
too badly for a wrench, use a pair of pliers, 
a vice grip or a diagonal cutter to bite into 
the nut and turn it a bit. If you do this, use 
an old tool or one dedicated to just this 
purpose; this technique is not good for the 
tool. If the pliers jaws or teeth become 
worn, replace the tool. 


Wire Cutters 


Wire cutters are primarily used to cut 
wires or component leads. The choice of 
diagonal blades (sometimes called 


“dikes”) or end-nip blades depends on the 
application. Diagonal blades are most of- 
ten used to cut wires, while the end-nip 
blades are useful to cut off the ends of 
components that have been soldered into a 
printed-circuit board. Some delicate com- 
ponents can be damaged by cutting their 
leads with dikes. Scissors designed to cut 
wire can be used. 

Wire strippers are handy, but you can 
usually strip wires using a diagonal cutter 
or a knife. This is not the only use for a 
knife, so keep an assortment handy. 

Do not use wire cutters or strippers on 
anything other than wire! If you use a cut- 
ter to trim a protruding screw head, or cut 
a hardened-steel spring, you will usually 
damage the blades. 


Files 


Files are used for a wide range of tasks. 
In addition to enlarging holes and slots, 
they are used to remove burrs, shape metal, 
wood or plastic and clean some surfaces in 
preparation for soldering. Files are espe- 
cially prone to damage from rust and mois- 
ture. Keep them in a dry place. The cutting 
edge of the blades can also become 
clogged with the material you are remov- 
ing. Use file brushes (also called file 
cards) to keep files clean. Most files can- 
not be sharpened easily, so when the teeth 
become worn, the file must be replaced. A 
worn file is sometimes worse than no file 
at all. At best, a worn file requires more 
effort. 


Drill Bits 


Drill bits are made from carbon steel, 
high-speed steel or carbide. Carbon steel 
is more common and is usually supplied 
unless a specific request is made for high- 
speed bits. Carbon-steel drill bits cost less 
than high-speed or carbide types; they are 
sufficient for most equipment construc- 
tion work. Carbide drill bits last much 
longer under heavy use. One disadvantage 
of carbide bits is that they are brittle and 
break easily, especially if you are using a 
hand-held power drill. 

Twist drills are available in a number of 
sizes. Those listed in bold type in Table 
25.2 are the most commonly used in con- 
struction of amateur equipment. You may 
not use all of the drills in a standard set, 
but it is nice to have a complete set on 
hand. You should also buy several spares 
of the more common sizes. Although 
Table 25.2 lists drills down to #54, the 
series extends to number #80. 


Specialized Tools 


Most constructors know how to use 
common tools, such as screwdrivers, 
wrenches and hammers. Let's discuss 


Fig 25.1 — A nibbling tool is used to ` 


. remove small sections of sheet metal. 


Fig 25.2 — А deburring tool is used to 
remove the burrs left after drilling a 
hole. i 


other tools that are not so common. 

A hand nibbling tool is shown in Fig 
25.1. Use this tool to remove small 
“nibbles” of metal. It is easy to use; posi- 
tion the tool where you want to remove 


metal and squeeze the handle. The tool | 


takes a small bite out of the metal. When 
you use a nibbler, be careful that you don’t 
remove too much metal, clip the edge of a 
component mounted to the sheet metal or 
grab a wire that is routed near the edge of 
a chassis. Fixing a broken wire is easy, but 
something to avoid if possible. It is easy to 


remove metal but nearly impossible to put 


it back. Do it right the first time! 


Deburring Tool 


A deburring tool is just the thing to re- 

. move the sharp edges left on a hole after 
most drilling or punching operations. See 
Fig 25.2. Position the tool over the hole as 
shown and rotate it around the hole edge to 


Fig 25.3 — A socket punch is used to 


easily punch a hole in sheet metal. 


remove burrs or rough edges. As an alter- 


native, select a drill bit that is somewhat 


larger than the hole, position it over tlie 
hole, and spin it lightly to remove the burr. 


Socket Punches 


Greenlee is the most widely known, of 
the socket-punch manufacturers: Most 
socket. punches are round, but they do 
come in other shapes. To use one, drill- а 
pilot hole large enough to clear the bolt 


. that runs through the punch. Then, mount 


the punch as shown in Fig 25.3, with the 
cutter on one side of the sheet metal and 
the socket on the other. Tighten tlie. nut 


‚ With a wrench until the cutter cuts all the 


way through the sheet metal. 


Useful Shop Materials 


Small stocks of various materials are 
used when constructing electronics equip- 


ment. Most of these are available from 


hardware or radio-supply stores. A repre- 
sentative list is shown at the end of Table 
25.1. i 

Small parts, such as machine screws, 
nuts, washers and soldering lugs can be 
economically purchased in large quanti- 
ties (it doesn’t pay to buy more than a life- 


Table 25.2 


Numbered Drill Sizes 
` Drilled for 
: Diameter Will Clear Tapping from 
No. (Mils) Screw Steel or Brass 
1 228.0 12-24 — 
2 . 2210 — — 
3 213.0 — | 14-24 
4 209.0 12-20 — 
5 205.0 — — 
6 204.0 =. = 
7 201.0 — — 
8 199.0 — — 
9 196.0 — — 
10 193.5 —' — 
11 191.0 10-24 — 
. 10-32 
12 189.0 — — 
13 185.0 — — 
14 182.0 — -— 
15 180.0 = — 
16 177.0 — 12-24 
17 173.0 — c — 
18 169.5 — — 
19 166.0 - 8-32 12-20 
20 161.0 — — 
21 159.0 — 10-32 
` 22 157.0 — — 
23 154.0 — — 
24 152.0 — pan 
25 149.5 — 10-24 
26 147.0 — — 
27 144.0 — = 
28 140.0 6-32 — 
29 136.0 = 8-32 
30 128.5 — — 
31 120.0 — — 
32 116.0 — — 
зз 113.0 4-40 — 
.34 1110 = = 
35 1100 — E 
36 106.5 — 6-32 
37 104.0 — — 
38 101.5 — 25 
39 . 099.5 3-48 =з 
40 098.0 — — 
41 096.0 — — 
42 093.5 — = 
43 089.0 — 4-40 
44 086.0 2-56 — 
45 082.0 — — 
46 081.0 — — 
47 078.5 — 3-48 
48 076.0 — — 
49 073.0 — E 
50 070.0 — 2-56 
51 067.0 — — 
52 063.5 — — 
53 059.5 — ~ 
54 055.0 — — 


time supply). For items you don't use of- 
ten, many radio-supply stores or hardware 
stores sell small quantities and assort- 
ments. 
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A DELUXE SOLDERING STATION 


The simple tool shown in Figs 25.4 
through 25.6 can enhance the usefulness 
and life of a soldering iron as well as make 
electronic assembly more convenient. It 
includes a protective heat sink and a tip- 
cleaning sponge rigidly attached to a sturdy 
base for efficient one-handed operation. 
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Fig 25.4 — A compact assembly of 
commonly available items, this 
soldering station makes soldering 
easier. Miniature toggle switches are 
used because they are easy to operate. 
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Fig 25.5 — View of the soldering- 
station chassis underside with the 
bottom plate removed. 424 hookup wire 
is adequate for all connections. Make 
sure no possibility of a short circuit 
exists. 
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Soldering-iron tips and heating ele- 
ments last longer if operated at a reduced 
temperature when not being used. Tem- 
perature reduction is accomplished by 
half- wave rectification of the applied ac. 
D1 conducts during only one-half of the ac 
cycle. With current flowing only in one 
direction, only one electrode of the neon 
bulb glows. Closing S1 short-circuits the 
diode and applies full power to the solder- 
ing iron, igniting both bulb electrodes 
brightly. 

The base for the unit is a 2x6x4-inch 
(HWD) aluminum chassis (Bud AC-431 
or equivalent). A 30- or 40-W soldering 
iron fits neatly on the chassis top. The 
holder has two mounting holes in each 
foot. A sponge tray nests between the feet 
and the case. In this model, a sardine tin is 
used for the sponge tray. 

The tray and iron holder are secured to 
the chassis by 6-32 x '/2-inch pan-head 
machine screws and nuts, with flat wash- 
ers under the screw heads (sponge tray) 
and lock washers under the nuts (chassis 
underside). One of these nuts fastens a six- 
lug tie point strip to the chassis bottom. 
Use the soldering-iron holder base as a 
template for drilling the chassis and 


sponge tray. The floor of the sponge tray 
must be sealed around the screw heads to 
prevent moisture from leaking into the 
electrical components below the chassis. 
RTV compound was used for this purpose 
in the unit pictured. 

Notice that the soldering iron and the 
soldering station use separate ac line 
cords. This ensures that the cord of the 
soldering iron will be long enough to do 
useful work. Bushings are used to anchor 
both cords. If these aren’t available, grom- 
mets and cable clamps work well. Knot- 
ting the cords inside the chassis is a simple 
technique that normally provides adequate 
strain relief. 

The underchassis assembly is shown in 
Fig 25.5. The neon bulb is installed in a 
3/16-inch-ID grommet. The leads are 
insulated with spaghetti insulation or heat- 
shrink tubing to prevent short circuits. If 
you mount the bulb in a fixture or socket, 
use a clear lens to ensure that the 
electrodes are distinctly visible. Install a 
cover on the bottom of the chassis to 
prevent accidental contact with the live ac 
wiring. Stick-on rubber feet prevent the 
bottom of the unit from scratching your 
work surface. 


SOLDERING 
IRON 


Fig 25.6 — Schematic diagram of the soldering station. D1 is a silicon diode, 1-A, 
400-PIV. S1 is a miniature SPST toggle switch rated 3 A at 125 V. This circuit is 
satisfactory for use with Irons having power ratings up to 100 W. 


SOLDERING-IRON TEMPERATURE CONTROL 


A temperature control gives greater 
flexibility than the simple control just de- 
scribed. An incandescent-light dimmer 
can be used to control the working tem- 
perature of the tip. Fig 25.7 shows a tem- 
perature control] built into an electrical 
box. A dimmer and a duplex outlet are 
mounted in the box; the wiring diagram is 
shown in Fig 25.8. Only one of the two ac 
outlets is controlled by the dimmer. A 
jumper on the duplex outlet connects the 
hot terminals of both outlets together. This 
jumper must be removed. The hot termi- 
nal is narrower than the neutral one and 
the screw is usually brass. Neutral termi- 
nals remain interconnected. 

The dimmer shown in Fig 25.7 can be 
purchased at any hardware or electrical- 
supply store. The knob is capable of fine 
control of the soldering temperature. 


Electronic Circuits 


Most of the construction projects under- 
taken by the average amateur involve elec- 
tronic circuitry. The circuit is the “heart” of 
most amateur equipment. It might seem 
obvious, but in order for you to build it, 
the circuit must work! Don’t always assume 
that a “cookbook” circuit that appears in 
an applications note or electronics magazine 
is flawless. These are sometimes design 
examples that have not always been thor- 
oughly debugged. Many home-construction 
projects are “one-time” deals; the author has 
put one together and it worked. In some 
cases, component tolerances or minor lay- 
out changes might make it difficult to get a 
second unit working. 


Protecting Components 


You need to take steps to protect the elec- 
tronic and mechanical components you use 
in circuit construction. Some components 
can be damaged by rough handling. Drop- 
ping a '/s-W resistor causes no harm, but 
dropping a vacuum tube or other delicate 
subassemblies usually causes damage. 

Some components are easily damaged 
by heat. Some of the chemicals used to 
clean electronic components (such as flux 
removers, degreasers or control-lubrica- 
tion sprays) can damage plastic. Check 
them for safety before you use them. 


Electrostatic Discharge 


Some components, especially high-im- 
pedance components such as FETs and 
CMOS gates, can be damaged by electro- 


Fig 25.7 — An incandescent-light 
dimmer controls soldering-iron tip 
temperature. Only one of the duplex 
outlets is connected through the 
dimmer. 


static discharge (ESD). Protect these parts 
from static charges. Most people are famil- 
iar with the static charge that builds 
up when one walks across a carpet then 
touches a metal object; the resultant spark 
can be quite lively. Walking across a carpet 
on a dry day can generate 35 kV! A worker 
sitting at a bench can generate voltages up 
to 6 kV, depending on conditions, such as 
when relative humidity is less than 20%. 

You don't need this much voltage to 
damage a sensitive electronic component; 
damage can occur with as little as 30 V. 
The damage is not always catastrophic. A 
MOSFET can become noisy, or lose gain; 
an IC can suffer damage that causes early 
failure. To prevent this kind of damage, 
you need to take some precautions. 

The energy from a spark can travel in- 
side à piece of equipment to effect internal 
components. Protection of sensitive elec- 
tronic components involves the preven- 
tion of static build-up together with the 
removal of any existing charges by dissi- 
pating any energy that does build up. 

Several techniques can be used to mini- 
mize static build-up. First, remove any 
carpet in your work areas. You can replace 
it with special antistatic carpet, but this is 
expensive. It's less expensive to treat the 
carpet with antistatic spray, which is 
available from Chemtronics, GC Thorsen 
and other lines carried by electronics 
wholesalers. 

Even the choice of clothing you wear 
can affect the amount of ESD. Polyester 


LIGHT DIMMER 


Fig 25.8 — Schematic diagram of the 
soldering-iron temperature control. 


has a much greater ESD potential than 
cotton. 

Many builders who have their work- 
bench on a concrete floor use a rubber mat 
to minimize the risk of electric shocks 
from the ac line. Unfortunately, the rubber 
mat increases the risk of ESD. An anti- 
static rubber mat can serve both purposes. 

Many components are shipped in anti- 
static packaging. Leave components in 
their conductive packaging. Other compo- 
nents, notably MOSFETs, are shipped 
with a small metal ring that temporarily 
shorts all of the leads together. Leave this 
ring in place until the device is fully in- 
stalled in the circuit. 

These precautions help reduce the 
build-up of electrostatic charges. Other 
techniques offer a slow discharge path for 
the charges or keep the components and 
the operator handling them at the same 
ground potential. 

One of the best techniques is to connect 
the operator and the devices being handled 
to earth ground, or a common reference 
point. It is not a good idea to directly 
ground an operator working on electronic 
equipment, though; the risk of shock is too 
great. If the operator is grounded through 
a high-value resistor, ESD protection is 
still offered but there is no risk of shock. 

The operator is usually grounded 
through a conductive wrist strap. 3M 
makes a grounding wrist band. This wrist 
band is equipped with a snap-on ground 
lead. A 1-MQ resistor is built into the snap 
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Fig 25.9—A work station that has been set up to minimize ESD features (1) a 
grounded dissipative work mat and (2) a wrist strap that (3) grounds the worker 


through high resistance. 


Fig 25.10 — Schematic diagram of the 
audio amplifier used as a design 
example of various construction 
techniques. 


Fig 25.11 — The example audio 
amplifier of Fig 25.10 built using 
ground-plane construction. 


of the strap to protect the user should a live 

circuit be contacted. Build a similar resis- 

tor into any homemade ground strap. 
The devices and equipment being 
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handled are also grounded, by working on 
a charge-dissipating mat that is connected 
to ground. The mat should be an insulator 
that has been impregnated with a resis- 
tance material. Suitable mats and wrist 
straps are made by 3M, GC Electronics 
and others; they are available from most 
electronics supply houses. Fig 25.9 shows 
a typical ESD-safe work station. 

The work area should also be grounded, 
directly or through a conductive mat. Use a 
soldering iron with a grounded tip to solder 
sensitive components. Most irons that have 
three-wire power cords are properly 
grounded. When soldering static-sensitive 
devices, use two or three jumpers to ground 
you, the work and the iron. If the iron does 
not have a ground wire in the power cord, 
clip a jumper from the metal part of the iron 
near the handle to the metal box that houses 
the temperature control. Another jumper 
connects the box to the work. Finally, a 
jumper goes from the box to an elastic wrist 
band for static grounding. 

Use antistatic bags to transport sus- 
ceptible components or equipment. Keep 
your workbench free of objects such as 
paper, plastic and other static-generating 
items. Use conductive containers with a 
dissipative surface coating for equipment 
storage. 

All of the antistatic products described 
above are available from Newark Elec- 
tronics and other suppliers. See the Ad- 
dress List in the References chapter. 


Electronics Construction 
Techniques 


Several different point-to-point wiring 
techniques or printed-circuit boards (PC 


boards) can be used to construct electronic 
circuits. Most circuit projects use a com- 
bination of techniques. The selection of 
techniques depends on many different fac- 
tors and builder preferences. 

The simple audio amplifier shown in 
Fig 25.10 will be built using various point- 
to-point or PC-board techniques. This 
shows how the different construction 
methods are applied to a typical circuit. 


Point-to-Point Techniques 


Point-to-point techniques include all 
circuit construction techniques that rely on 
tie points and wiring, or component leads, 
to build a circuit. This is the technique 
used in most home-brew construction 
projects. It is sometimes used in commer- 
cial construction, such as old vacuum-tube 
receivers and modern tube amplifiers. 

Point-to-point is also used to connect 
the “off-board” components used in a 
printed-circuit project. It can be used to 
interconnect the various modules and 
printed-circuit boards used in more com- 
plex electronic systems. Most pieces of 
electronic equipment have at least some 
point-to-point wiring. 


Ground-Plane Construction 


A point-to-point construction technique 
that uses the leads of the components as tie 
points for electrical connections is known as 
“ground-plane construction,” “dead-bug” or 
“ugly construction.” (The term “ugly con- 
struction” was coined by Wes Hayward, 
W7ZOI.) “Dead-bug construction" gets its 
name from the appearance of an IC with its 
leads sticking up in the air. In most cases, 
this technique uses copper-clad circuit- 
board material as a foundation and ground 
plane on which to build a circuit using point- 
to-point wiring, so in this chapter it is called 
“ground-plane construction.” An example is 
shown in Fig 25.11. 

Ground-plane construction is quick and 
simple: You build the circuit on an 
unetched piece of copper-clad circuit 
board. Wherever a component connects to 
ground, you solder it to the copper board. 
Ungrounded connections between compo- 
nents are made point-to-point. Once you 
learn how to build with a ground-plane 
board, you can grab a piece of circuit board 
and start building any time you see an in- 
teresting circuit. 

A PC board has strict size limits; the 
components must fit in the space allotted. 
Ground-plane construction is more flex- 
ible; itallows you to use the parts on hand. 
The circuit can be changed easily — a big 
help when you are experimenting. The 
greatest virtue of ground-plane construc- 
tion is that it is fast. 

Ground-plane construction is some- 


thing like model building, connecting 
parts using solder almost —but not exactly 


— like glue. In ground-plane construction . 


` you build the circuit directly from the 
schematic, so it can help you get familiar 
with a circuit and how it works. You can 
build subsections of a large circuit on 


small ground-plane modules and string - 


them together into a larger design. 

Circuit connections are made directly, 
. minimizing component lead length. Short 
‘lead lengths and a low-impedance ground 
conductor help prevent circuit instability. 
There is usually less intercomponent ca- 
pacitive coupling than would be found 
between PC-board traces, so it is often 
better than PC-board construction for RF, 
high-gain or sensitive circuits. 


Use circuit components to support other | 


circuit components. Start by mounting one 
component onto the ground plane; build- 
ing from there. There is really only one 
two-handed technique to mount a compo- 
nent to the ground plane. Bend one of the 
component leads at a 90° angle, then trim 
off the excess. Solder a blob of solder to 
the board surface, perhaps about 0.1 inch 
in diameter, leaving a small dome of sol- 
der. Using one hand, hold the component 
in place on top of the soldered spot and 
‘reheat the component and the solder. It 
should flow nicely, soldering the compo- 


- nent securely. Remove the iron tip and : 


hold the component perfectly still until the 
solder cools. You can then make connec- 
tions to the first part. ` 

Connections should be mechanically 
secure before soldering. Bend a small 
hook in the lead of a component, then 
“crimp” it to the next component(s). Do 
not rely only on the solder connections to 
provide mechanical strength; sooner or 
later one of these connections will fail, 
resulting in a dead circuit. 

In most cases, each circuit has enough 
grounded components to support all of the 
components in the circuit. This is not al- 
ways possible, however. In. some circuits, 
high-value resistors can be used as stand- 
off insulators. One resistor lead is soldered 
to the copper ground plane, the other lead 
'is used as a circuit connection point. You 
can use !/4- or '/2-W resistors in values from 
1to 10 MQ. Such high-value resistors per- 
mit almost no current to flow, and in low- 
impedance circuits they act more like in- 
sulators than resistors. As a rule of thumb, 

resistors used as stand-off insulators 
should have a value that is at least 10 times 
the circuit impedance at that circuit point. 

Fig 25.12A shows how to use the stand- 
off technique to wire the circuit shown at 
Fig 25.12C. Fig 25.12B shows how the 
resistor leads are bent before the stand-off 
component is soldered to the ground plane. 


COPPER-CLAD 
BOARD 


90° BEND 


Fig 25.12 — Pictorial view of a circuit board that uses ground-plane construction 
is shown at A. A close-up view of one of the standoff resistors is shown at B. 
Note how the leads are bent. The schematic diagram at C shows the circuit 


displayed at A. 


Components E1 through ES are resistors 


` that are used as stand-off insulators. They 


do not appear in the schematic diagram. 
The base circuitry at О1 of Fig 25.12A has 
been stretched out to reduce clutter in the 
drawing. In a practical circuit, all of the 
signal leads should be kept as short as 
possible. E4 would, therefore, be placed 


‘much closer to Q1 than the drawing 


indicates. - 

‘No stand-off posts are required near R1 
and R2 of Fig 25.12. These two resistors 
serve two purposes: They are not only the 
normal circuit resistances, but function as 
stand-off posts as well. Follow this prac- 
tice wherever acapacitor or resistor can be 
employed in the dual role. ` : 


‘ . : H 
Wired Traces — the Lazy PC Board 


If you already have a PC-board design, 
but don't want to copy the entire circuit — 
or you don't want to make a double-sided 
PC board — then the easiest construction 
technique is to use a bare board (or 
perfboard) and hard-wire the traces. 


. Drill the necessary holes in a piece of . 


single-sided board, remove the copper 
ground plane from around the holes, and 


. then wire up the back using component 


leads and bits of wire instead of etched 
traces (Fig 25.13). 

To transfer an existing board layout, 
make a 1:1 photocopy and tape it to your 
piece of PC board. Prick through the holes 
with an automatic (one-handéd) center 


ae : i : ust 


Fig 25.13 — The audio amplifier built 
using wired-traces construction. 


punch or by firm pressure with a sharp 
scriber, remove the photocopy and drill all 
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Fig 25.14 — The audio amplifier built 
on perforated board. Top view at A; 
bottom view at B. 


the holes. Holes for ground leads are op- 
tional — you generally get a better RF 
ground by bending the component lead flat 
to the board and soldering it down. Re- 
move the copper around the rest of the 
holes by pressing a drill bit lightly against 
the hole and twisting it between your fin- 
gers. A drill press can also be used, but 
either way, don’t remove too much board 
material. Then wire up the circuit beneath 
the board. The results look very neat and 
tidy — from the top, at least! 

Circuits that contain components origi- 
nally designed for PC-board mounting are 
good candidates for this technique. Wired 
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Fig 25.16 — The audio amplifier built 
on a solderless prototyping board. 


traces would also be suitable for circuits 
involving multipin RF ICs, double-bal- 
anced mixers and similar components. To 
bypass the pins of these components to 
ground, connect a miniature ceramic ca- 
pacitor on the bottom of the board directly 
from the bypassed pin to the ground plane. 

A wired-trace board is fairly sturdy, 
even though many of the components are 
only held in by their bent leads and blobs 
of solder. A drop of cyanoacrylate “super 
glue” can hold down any larger compo- 
nents, components with fragile leads or 
any long leads or wires that might move. 


Perforated Construction Board 


A simple approach to circuit building 
uses a perforated board (perfboard). 
Perfboard is available with many different 
hole patterns. Choose the one that suits 
your needs. Perfboard is usually unclad, 
although it is made with pads that facili- 
tate soldering. 

Circuit construction on perforated 
board is easy. Start by placing the compo- 


nents loosely on the board and moving 
them around until a satisfactory layout is 
obtained. Most of the construction tech- 
niques described in this chapter can be 
applied to perfboard. The audio amplifier 
of Fig 25.10 is shown constructed with this 
technique in Fig 25.14. 

Perfboard and accessories are widely 
available. Accessories include mounting 
hardware and a variety of connection ter- 
minals for solder and solderless construc- 
tion. 


Terminal and Wire 


A perfboard is usually used for this tech- 
nique (Fig 25.15). Push terminals are in- 
serted into the hole in a perfboard. Com- 
ponents can then be easily soldered to the 
terminals. As an alternative, drill holes 
into a bare or copper-clad board wherever 
they are needed. The components are usu- 
ally mounted on one side of the board and 
wires are soldered to the bottom of the 
board, acting as wired PC-board “traces.” 
If acomponent has a reasonably rigid lead 
to which you can attach other components, 
use that instead of a push terminal, a modi- 
fication of the ground-plane construction 
technique. 

If you are using a bare board to provide 
a ground plane, drill holes for your termi- 
nals with a high-speed PC-board drill and 
drill press. Mark the position of the hole 
with a center punch to prevent the drill 
from skidding. The hole should provide a 
snug fit for the push terminal. 

Mount RF components on top of the 
board, keeping the dc components and 
much of the interconnecting wiring under- 
neath. Make dc feed-through connections 
with terminals having bypass capacitors 
on top of the board. Use small solder-in 
feedthrough capacitors for more critical 
applications. 


Solderless Prototype Board 


One construction alternative that works 
well for audio and digital circuits is the 
solderless prototype board (protoboard), 
shown in Fig 25.16. It is usually not suit- 
able for RF circuits. 

A protoboard has rows of holes with 
spring-loaded metal strips inside the 
board. Circuit components and hookup 
wire are inserted into the holes, making 
contact with the metal strips. Components 
that are inserted into the same row are 
connected together. Component and inter- 
connection changes are easy to make. 

Protoboards have some minor disadvan- 
tages. The boards are not good for build- 
ing RF circuits; the metal strips add too 
much stray capacitance to the circuit. 
Large component leads can deform the 
metal strips. 


Fig 25.17 — The audio amplifier built 
using wire-wrap techniques. 


Wire Wrap 

Wire-wrap techniques can be used to 
quickly construct a circuit without solder. 
Low- and medium-speed digital circuits 
are often assembled on a wire-wrap board. 
The technique is not limited to digital cir- 
cuits, however. Fig 25.17 shows the audio 
amplifier built using wire wrap. Circuit 
changes are easy to make, yet the method 
is suitable for permanent assemblies. 

Wire wrap is done by wrapping a wire 
around a small square post to make each 
connection. A wrapping tool resembles a 
thick pencil. Electric wire-wrap guns are 
convenient when many connections must 
be made. The wire is almost always #30 
wire with thin insulation. Two wire-wrap 
methods are used: the standard and the 
modified wrap (Fig 25.18). The modified 
wrap is more secure. The wrap-post termi- 
nals are square (wire wrap works only on 
posts with sharp corners). They should be 
long enough for at least two connections. 
Fig 25.18 and Fig 25.19 show proper and 
improper wire-wrap techniques. Mount 


STANDARD 
WRAP 


MODIFIED 
WRAP 


Fig 25.18 — Wire-wrap connections. 
Standard wrap is shown at A; modified 
wrap at B. 


Less Than 
Two Corners 
of Insulation 
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Than 0.005" 
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Fig 25.19 — improper wire-wrap 
connections. Insufficient insulation for 
modified wrap is shown at A; a spiral 
wrap at B, where there is too much 
space between turns; an open wrap at 
C, where one or more turns are 
improperly spaced and an overwrap at 
D, where the turns overiap on one or 
more turns. 


small components on an IC header plug. 
Insert the header into a wire-wrap IC 
socket as shown in Fig 25.17. The large 
capacitor in that figure has its leads sol- 
dered directly to wire-wrap posts. 


Surface Mounting 


Surface mounting is not new — it was 
an established ground-plane and profes- 
sional technique for years before its ap- 
pearance in consumer and amateur elec- 
tronics. This technique is particularly 
suitable for PC-board construction, al- 
though it can be applied to many other con- 
struction techniques. Surface-mounted 
components take up very little space on a 
PC board. 

Modern automated manufacturing tech- 
niques and surface-mount technology 
have evolved together; most modern ICs 


Fig 25.20 — A modern surface-mount 
IC, properly installed on a PC board. 


Fig 25.21 — A PC-board etched with 
copper "islands" for surface mounting 
of a standard DIP IC. 


are being made specifically for this tech- 
nique. Fig 25.20 shows a surface-mount 
IC soldered onto a board. 

Chip resistors and capacitors are com- 
mon in UHF and microwave designs. Chip 
devices have low stray inductance and 
capacitance, making them excellent 
components to use in this frequency range. 
Other components, such as transistors and 
diode arrays are also available in this 
space-saving format. 

Surface-mount techniques are not lim- 
ited to “surface-mount” ICs, however. 
This technique can be used to mount stan- 
dard resistors, capacitors or ICs. 

Two different ground-plane construc- 
tion techniques work well for surface 
mounting components. One method is to 
cut out or etch small insulated islands in 
the PC board (see Fig 25.21). This works 
with either single- or double-sided board. 
Cut out the islands with a small hobby 
knife, making parallel cuts spaced as 
needed. Peel away the copper with the 
point of a hot soldering iron. An alterna- 
tive is to use a hand-held hobbyist grinder 
with a cutting bit. You can also design a 
surface-mount PC-board pattern. 
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The second method of surface mount- 
ing is shown in Fig 25.22. Cut small 
patches of single-sided board and super- 
glue them onto the copper ground plane. 
Although very effective, this technique is 
tedious for all but the simplest circuits. 
Don’t glue your fingers to the PC board. 
Keep the glue solvent (usually acetone or 
nail-polish remover) nearby! 

The surface-mount ICs used in industry 
are not easy for experimenters to use. They 
have tiny pins designed for precision PC 
boards. Most hams avoid these in home- 
brew designs. Sooner or later, you may 
need to replace one, though. If you do, 
don’t try to get the old IC out in one piece! 
This will damage the IC beyond use any- 
way, and may damage the PC board in the 
process. 


b 
Fig 25.22 — A PC board with glued 


copper traces for surface mounting of 
a standard DIP IC. 


Although it requires a delicate touch and 
small tools, it’s possible to change a sur- 
face mount IC at home. To remove the old 
one, use small, sharp wire cutters to cut 
the IC pins flush with the IC. This usually 
leaves just enough old pin to grab with a 
tiny pair of needle-nose pliers or a hemo- 
stat. Heat the soldered connection with a 
small iron and use the pliers to gently pull 
the pin from the PC board. 

To install a new part, apply a small blob 
of solder to one of the pads. Position the 
IC on the PC board and press it down while 
applying heat to the pin over the solder 
blob. With only that one pin soldered, in- 
spect the position of each other pin rela- 
tive to its pad. Reheat the first pin and 
reposition the part until all pins are in 
place. Then solder the remaining pins to 
their pads. Watch out for solder bridges. 
They are easy to make on traces with such 
small spacing. When you are done, inspect 
your work carefully. 

Small “chip” surface-mount components 
are a bit trickier because they are too small 
to hold safely during soldering. Special care 
must be used when soldering chip compo- 
nents. Fig 25.23 illustrates a good technique. 
All surfaces should be clean and lightly 
tinned before you solder the chip. Position 
the chip in place and hold it down with a 
toothpick. Do not use a screwdriver or twee- 
zers, because the metal can easily damage 
the ceramic base of the component. Lay the 
chisel tip of a 15- to 20-W soldering pencil 
on the surface to which the chip is to be sol- 
dered, with the tip of the chisel just touching 
the chip component. 

Touch and flow a minimum amount of 
solder between the chip and the soldering- 
pencil tip and pull the tip away at a low 
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Fig 25.23 — A typical chip capacitor is shown at A. The proper technique for 
holding and soldering the chip is shown at B. At C, the final appearance of the 
component in the circuit. Check for good solder flow, no metallization separation 


and no cracks or fractures in the ceramic. 
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angle to the surface. Repeat the procedure 
on the other side of the chip. If you don’t 
use too much heat while soldering the sec- 
ond end, you may not have to hold it in 
place. Fig 25.23C shows how the connec- 
tion should look when done. Inspect the 
solder and chip with a magnifier. The sol- 
der should have flowed properly and there 
should be no fractures or cracks. Don’t 
overheat the chip or the metallization may 
separate from the ceramic and ruin the 
component. It requires a little practice, but 
the technique can be mastered. 


Printed-Circuit Boards 


Many builders prefer the neatness and 
miniaturization made possible by the use 
of etched printed-circuit boards (PC 
boards). Once designed, a PC board is 
easily duplicated, making PC boards ideal 
for group projects. To make a PC board, 
resist material is applied to a copper-clad 
bare PC board, which is then immersed 
into an acid etching bath to remove se- 
lected areas of copper. In a finished board, 
the conductive copper is formed into a 
pattern of conductors or “traces” that form 
the actual wiring of the circuit. 


PC Board Stock 


PC board stock consists of a sheet made 
from insulating material, usually glass 
epoxy or phenolic, coated with conduc- 
tive copper. Copper-clad stock is manu- 
factured with phenolic, FR-4 fiberglass 
and Teflon base materials in thicknesses 
up to '/s inch. The copper thickness varies. 
Itis usually plated from 1 to 2 02 per square 
foot of bare stock. 


Resists 


Resist is a material that is applied to a PC 
board to prevent the acid etchant from eating 
away the copper on those areas of the board 
that are to be used as conductors. There are 
several different types of resist materials, 
both commercial and home brew. When re- 
sist is applied to those areas of the board that 
are to remain as copper traces, it “resists” the 
acid action of the etchant. 

The PC board stock must be clean be- 
fore any resist is applied. This is discussed 
later in the chapter. After you have ap- 
plied resist, by whatever means, protect 
the board by handling it only at its edges. 
Do not let it get scraped. Etch the board as 
soon as possible, to minimize the likeli- 
hood of oxidation, moisture or oils con- 
taminating the resist or bare board. 


Tape 

To make a single PC board, Scotch, 
adhesive or masking tape, securely ap- 
plied, makes a good resist. (Don’t use 
drafting tape; its glue may be too weak to 


, 


hold in the etching bath.) Apply the tape to 
the entire board, transfer the circuit pat- 
tern by means of carbon paper, then cut 
out and remove the sections of tape where 
the copper is to be etched away. An X-acto 
hobby knife is excellent for this purpose. 


Resist Pens ES 


Several electronics suppliers sell resist 
pens. Use a resist pen to draw PC-board 
artwork directly onto a bare board. Com- 
mercially available resist pens work well. 
Several types of permanent markers also 
function as resist, especially the “Sharpie” 
brand. They come in fine-point and regu- 
lar sizes; keep two of each on hand. 


Paint 


Some paints are good resists. Exterior 
enamel works well. Nail polish is also good, 


although it tends to dry quickly so you must ` 


work fast. Paint the pattern onto the copper 


surface of the board to be etched. Use an -. 


artist's brush to duplicate the PC board pat- 
tern onto bare PC-board stock. Tape a piece 
of carbon paper to the PC-board stock. Tape 
the PC-board pattern to the carbon paper. 
Trace over the original layout with a 
ballpointpen. The carbon paper transfers the 
outline of the pattern onto the bare board. 
- Fill in the outline with the resist paint. After 
paint has been applied, allow it to m thor- 
oughly before etching. 


Rub-On Transfer 


Several companies, (Kepro Circuit Sys- 
tems, DATAK Corp, GC Electronics) pro- 
duce rub-on transfer material that can also 
be used as resist. Patterns are made with 
various width traces and for most compo- 
nents, including ICs. As the name implies, 
the pad or trace is positioned on the bare. 


board and rubbed to adhere tothe board. 


Etchant 


Etchant is an acid solution that is de- 
signed to remove the unwanted copper 
areas on PC-board stock, leaving other 
areas to function as conductors. Almost 
any strong acid bath can serve as an 
etchant, but some acids are too strong 
to be safe for general use. Two different 


etchants are commorily used to fabricate ` 


prototype PC boards: ammonium 
persulphate and ferric chloride. The latter 
is the more common of the two. 

Ferric chloride etchant is usually sold 
ready-mixed. It is made from one part fer- 
ric chloride crystals and two parts water, 
by volume. No catalyst is required. 

Etchant solutions become exhausted as 
they are used. Keep a supply on hand. 
Dispose of the used solution safely; fol- 
low the instructions of your local environ- 
mental protection authority. 


Most etchants work better if they are 
hot. A board that takes 45 minutes to etch 
at room temperature wil] take only a few 
minutes if the etchant is hot. Use a heat 
lamp to warm the etchant to the desired 
temperature. A darkroom thermometer is 
handy for monitoring the temperature of 


` the bath. Е 


Be careful! Do not heat your etchant 
above the recommended’ temperature, 
typically 160°F. If it gets too hot, it will 


probably damage the resist. Hot or boiling 


etchant is also a safety hazard. 


Insert the board to be etched into the 


solution and agitate it continuously to keep 


' fresh chemicals near the board surface. 
This speeds up the etching process. Nor- 


mally, the circuit board should be placed 
in the bath with the copper side facing up. 

After the etching process is completed, 
remove the board from the tray and wash 


it thoroughly with water. Use medium- . 


grade steel wool to rub.off the resist. — 
WARNING: Use a glass or other 
nonreactive container to hold etching 
chemicals. Most etchants will react with a 
metal container. Etchant is caustic and can 
burn eyes or skin easily. Use rubber gloves 
and wear old clothing, or a lab smock, 
when working with any chemicals. If you 
get some on your skin, wash it with soap 
and cold water. Wear safety goggles (the 
kind that fit snugly on your face) when 
working with any dangerous chemicals. 


` Read the safety labels and follow them 


carefully. If you get etchant in your eyes, 
wash immediately with large amounts of 


'cool water and seek immediate medical 


help. Even a small chemical burn on your 
eye can develop into a serious problem. 


Planning and Layout 


A PC board can be a real convenience. - 


If you want to build a project and a ready- 
made PC board is available, you can as- 
semble the project quickly and expect it to 
work. This is true because someone else 
has done most of the real work involved — 
designing the PC board layout and fixing 
any “bugs” caused by intertrace Сарас1- 


tive coupling, ground loops and similar. 


problems. In most cases, if a ready-made 
board is not available, ground-plane con- 
struction is a lot less work than designing, 
debugging and then making a PC board. 
A later section of this chapter explains 
how to turn a schematic into a working 
circuit. It is not as simple as laying out the 


` РС board just like the circuit is drawn on 


the schematic. Read that section before 
you design a PC board. з 
Rough Layout 


Start by drawing a rough scale pictorial 
diagram of the layout. Draw the intercon- 


necting leads to represent the traces that 
are needed on the board. Rearrange the 


· layout as necessary to find an arrangement 


that completes all of the circuit traces with 
a minimum number of jumper-wire con- 


‘nections. In some cases, however, it is not 


possible to complete a design without at 
least a few jumpers. 
Layout ` 

After you have completed a rough lay- 
out, redraw the physical layout on a grid. 
Graph paper works well for this. Most IC 
pins are on 0.1-inch centers. Use graph 
paper that has 10 lines per inch to draw 
artwork at 1:1 and estimate the distance 
halfway between lines for 0.05-inch spac- 
ing. Drafting templates are helpful in the 
layout stage. Local drafting-supply stores · 
should be able to supply:them. The tem- 
plates usually come in either full-scale ог . 
twice normal size.  . 

To lay out a double-sided board, ensure 
that the lines on both sides of the paper 
line up (hold the paper up to the light). 
You can then use each side of the paper for 
each side of the board. 

When using graph paper for a PC-board 
layout, include bolt holes, notches for 
wires and other mechanical consider- 
ations. Fit the circuit into and around 
these, maintaining clearance between 
parts. 

Most modern components have leads on 
0.1-inch centers. The rows of dual-inline- 
package (DIP) IC pins are spaced 0.3 or 
0.4 inch. Measure the spacing for other . 
components. Transfer the dimensions to 


_the graph paper. It is useful to draw a sche- 


matic symbol of the component onto the 
layout. - | 

Most IC specification sheets show a top 
view of the pin locations. If you are de- 
signing the “foil” side of a PC board, be 
sure to invert the pin out. 

Draw the traces and pads the way they 
will look. Using dots and lines is confus- 
ing. It’s okay to connect more than one 
lead per pad, or run a lead through a pad, 
although using more than two creates a 
complicated layout. In that case, there may 
be problems with solder bridges that form 
short circuits. Traces can run under some 
components; it is possible to put two or 


. three traces between 0.4-inch centers fora 
“'/4-W resistor, for example. 


Leave power-supply and other dc paths 
for last. These can usually run just about 


anywhere, and jumper wires are fine jud 


these noncritical paths. 

Do not use traces less than 0.010 inch 
(10 mil) wide. If 1-oz stock is used, a 10- 
mil trace can safely carry up to 500 mA. 
To carry higher current, increase the width 
of the traces in proportion. (A trace should 


Circuit Construction 25.13 


be 0.200 inch to carry 10 A, for example.) 
Allow 0.1 inch between traces for each 
kilovoit in the circuit. 

When doing a double-sided board, use 
pads on both sides of the board to connect 
traces through the board. Home-brew PC 
boards do not use plated-through holes (a 
manufacturing technique that has copper 
and tin plating inside all of the holes to 
form electrical connections). Use a 
through hole and solder the associated 
component to both sides of the board. 
Make other through-hole connections with 
a small piece of bus wire providing the 
connection through the board; solder it on 
both sides. This serves the same purpose 
as the plated-through holes found in com- 
mercially manufactured boards. 

After you have planned the physical 
design of the board, decide the best way to 
complete the design. For one or two simple 
boards, draw the design directly onto the 
board, using a resist pen, paint or rub-on 
resist materials. To transfer the design to 
the PC board, draw light, accurate pencil 
lines at 0.1- or 0.05-inch centers on the PC 
board. Draw both horizontal and vertical 
lines, forming a grid. You only need lines 
on one side. For single-sided boards, use 
this grid to transfer the layout directly onto 
the board surface. To make drilling easier, 
use a center punch to punch the centers of 
holes accurately. Do this before applying 
the resist so the grid is visible. 

When drawing a pad with plenty of room 
around it, use a pad about 0.05 to 0.1 inch in 
diameter. For ICs, or other close quarters, 
make the pad as small as 0.03 inch or so. A 
“ring” that is too narrow invites soldering 
problems; the copper may delaminate from 
the heat. Pads need not be round. It’s okay to 
shave one or more edges if necessary, to al- 
low a trace to pass nearby. 

Draw the traces next. A drafting triangle 
can help. It should be spaced about 0.1 
inch above the table, to avoid smudging 
the artwork. Use a 9-inch or larger tri- 
angle, with a rubber grommet taped to each 


Fig 25.24 — PC-board materials are 
available from several sources. This kit 
is from Radio Shack. 
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corner (to hold it off the table). Select a 
sturdy triangle that doesn’t bend easily. 

Align the triangle with the grid lines by 
eye and make straight, even traces similar 
to the layout drawing. The triangle can 
help with angled lines, too. Practice on a 
few pieces of scrap board. 

Make sure that the resist adheres well to 
the PC board. Most problems can be seen 
by eye; there can be weak areas or bare 
spots. If necessary, touch up problems 
with additional resist. If the board is not 
clean the resist will not adhere properly. If 
necessary, remove the resist, clean the 
board and start from the beginning. 

Discard troublesome pens. Resist pens 
dry out quickly. Keep a few on hand, switch 
back and forth and put the cap back on each 
for a bit to give the pen a chance to recover. 

Once all of the artwork on the board is 
drawn, check it against the original art- 
work. It is easy to leave out a trace. It is not 
easy to put copper back after a board is 
etched. In a pinch, replace the missing 
trace with a small wire. 

Applied resist takes about an hour to dry 
at room temperature. Fifteen minutes in a 
200°F oven is also adequate. 

Special techniques are used to make 
double-sided PC boards. See the section 
on double-sided boards for a description. 


Making a PC Board 


Several techniques can be used to make 
PC boards. They usually start with a PC- 
board “pattern” or artwork. All of the tech- 
niques have one thing in common: this 
pattern needs to be transferred to the cop- 
per surface of the PC board. Unwanted 
copper is then removed by chemical or 
mechanical means. 

Most variations in PC-board manufac- 
turing technique involve differences in 
resist or etchant materials or techniques. 


Cut the Board to Size 


No matter what technique you use, you 
should determine the required size of the PC 
board, then cut the board to size. Trimming 
off excess PC-board material can be diffi- 
cult after the components are installed. 


Board Preparation 


The bare (unetched) PC-board stock 
should be clean and dry before any resist 
is applied. (This is not necessary if you are 
using stock that has been treated with 
presensitized photoresist.) Wear rubber 
gloves when working with the stock to 
avoid getting fingerprints on the copper 
surface. Clean the board with soap and 
water, then scrub the board with #000 steel 
wool. Rinse the board thoroughly then dry 
it with a clean, lint-free cloth. Keep the 
board clean and free of fingerprints or for- 


eign substances throughout the entire 
manufacturing process. 


No-Etch PC Boards 


The simplest way to make PC boards is 
to mechanically remove the unwanted 
copper. Use a grinding tool, such as the 
Moto-Tool manufactured by the Dremel 
Company (available at most hardware or 
hobby stores). Another technique is to 
score the copper with a strong, sharp knife, 
then remove unwanted copper by heating 
it with a soldering iron and lifting it off 
with a knife while it is still hot. This tech- 
nique requires some practice and is not 
very accurate. It often fails with thin 
traces, so use it only for simple designs. 


Photographic Process 


Many magazine articles feature printed- 
circuit layouts. Some of these patterns are 
difficult to duplicate accurately by hand. 
A photographic process is the most effi- 
cient way to transfer a layout from a maga- 
zine page to a circuit board. 

The resist ink, tape or dry-transfer pro- 
cesses can be time consuming and tedious 
for very complex circuit boards. As an 
alternative, consider the photo process. 
Not only does the accuracy improve, you 
need not trace the circuit pattern yourself! 

A copper board coated with a light-sen- 
sitive chemical is at the heart of the photo- 
graphic process. In a sense, this board 
becomes your photographic film. 

Make a contact print of the desired pattern 
by transferring the printed-circuit artwork 
to special copy film. This film is attached to 
the copper side of the board and both are 
exposed to intense light. The areas of the 
board that are exposed to the light—those 
areas not shielded by the black portions of 
the artwork—undergo a chemical change. 
This creates a transparent image of the art- 
work on the copper surface. 

Develop the PC board, using techniques 
and chemicals specified by the manufac- 
turer. After the board is developed, etch it 
to remove the copper from all areas of the 
board that were exposed to the light. The 
result is a PC board that looks like it was 
made in a factory. 

Kepro and GC Thorsen both sell mate- 
rials and supplies for all types of PC-board 
manufacturing. Radio Shack also sells PC- 
board materials. See Fig 25.24. If you’re 
looking for printed-circuit board kits, 
chemicals, tools and other materials, con- 
tact Ocean State Electronics. They carry 
products by Kepro, GC Thorsen, Datak 
and the Meadowlake Corporation. 


Iron-On Resist 


One company that makes an iron-on 
resist is the Meadowlake Corporation. 


Forget those nightmares about 
expensive photoresists that-didn’t 
work; forget that business of fifty 
bucks a board! You don’t need. 
computer-aided design to make a 
double-sided PC board; just 
improve on the basics, and keep it 
simple. Anyone can make low-cost 
double-sided boards with traces’ ` 
down to 0.020 inch, with perfect 
front-to-back hole registration. 

To make a double-sided board, . 
drill the holes before applying the 
resist artwork; that is the only way 
to assure good front-to-back 
registration. The artwork on both 
sides can then be properly posi- 
tioned to the holes. PC-board 
drilling was discussed earlier in the 
text. E 
After you have drilled the board, 
clean its surface thoroughly. After 
that, wear clean rubber or cotton 
‘gloves to keep it clean. One ` 
| fingerprint can really. mess up the 
application of resist or the etchant. 


Fig A — Make a permanent marker 
into a specialized PC-board drawing 
tool. Simply press the marker point . 
into a drilled hole to form a modified 
‘point as shown. More pressure 

‘produces a wider shoulder that 

makes larger pads on the PC board. 


Their products make an artwork positive ' 


using a standard: photocopier. A clothes 


iron transfers the printed resist pattern to 


the bare PC board. | 
Some experimenters have reported sat-. 

isfactory results using standard photo- 

copier paper or the output from a laser 


Double-Sided PC Boards — by Hand! 


Tape the board to your work 
surface, making sure it can’t move 
around. Transfer the artwork from 
your layout grid to the PC board, 
drawing by hand with a resist pen. 

Allot enough time to finish at least 
óne side of the artwork in one 
sitting. Start with the pads. To make 
'a handy pad-drawing toól, press the 


_ tip of a regular-size Sharpie into 


one of the drilled PC-board holes. - 
This *smooshes" the tip into the. 
shape of the hole, leaving a flat : 
shoulder to draw the pad. See 

Fig A. The diameter of the pad is 
determined.by how hard the pen is 
pressed; pressing too hard forms a 
pad that is way too large for most 
applications. Practice on scrap 
board first. Use this modified pen to 
fill in all the holes and draw the 
pads at the same time. Use an 
unmodified resist pen to draw all of 
the traces and to touch up any voids 


'or weak areas in the pads. For the 


rest of the drawing, the procedure 
described for single-sided boards , 


applies to double-sided boards, too. ` 


- After the resist is applied to the 
first side, carefully draw the second 
side. Inspect the board thoroughly; 
you may have scratched or | 
smudged the first side while you 
were drawing the second. | 
Etching a double-sided board is 
not much different than etching a 


: single-sided board, except that you 
_must ensure that the etchant is able ` 
to reach both sides of the board. If 


you dunk the board in and out of the 
etchant solution, both sides are 
exposed to the etchant. If you use a 
tray, put some spacers on the 
bottom and rest the board on the 
spacers. (The spacers must be put 
on the board edges, not where you 
want to actually etch.) This ensures 
that etchant gets to both sides. If 


-you use this method, turn the board 
‘over once or twice during the 
` process. — Dave Reynolds, KE7QF 


.. Ot Photo-Etched 


You can also make double-sided 
boards at home without drawing the 


printer. Apparently the toner makes a rea- 


sonable resist. Note that the artwork for . 
this method must be revérsed with respect. 
to a normal etching pattern because the 
print must be placed with the toneragainst 
tlie copper. | : А i 
To transfer the resist pattern onto the 


, finest professionally made double- 


- factor in this technique is the 


. at the two chosen holes. Drill the 
: chosen holes through the second 


layout by hand. This procedure 
can't produce results to match the 


sided boards, but it can make 
boards that are good enough for 
many moderately complex projects. 
Start with the same sort of 
artwork used for single-sided 
boards, but leave a margin for 
taping at one edge. It is critical that 
the patterns for the two sides are 
accurately sized. The chief limiting 


requirement that matching pads on 
the two sides are positioned 
correctly. Not only must the two 
sides match each other, but they 
must also be the correct size for 
the parts in the project. Slight 
reproduction errors can accumulate 
to major problems in the length of 
a 40-pin DIP IC. One good tool to 
achieve this requirement is a 
photocopy machine that can make 
reductions and enlargements in 196 
steps. Perform a few experiments 
to arrive at settings that yield 
accurately sized patterns. 

Choose two holes at opposite 
corners óf the etching patterns. 
Tape one of the two patterns to 
one side of the PC board. Choose 
some small wire and a drill bit that 
closely matches the wire diameter. 
For example, #20 enameled wire is 
a close match for a #62 or a #65 
drill, depending on the thickness of 
the wire's enamel coating. Drill 
through the pattern and the board 


pattern. Place two pieces of the 
wire through the PC board and 
slide the second pattern down 
these wire "pins" to locate the 
pattern on the board. Tape the 
second pattern in position and 
remove the pins. From this point 
on, expose and process each side 
of the board as if it were a single- 
sided board, but take care when 
exposing each side to keep the 
reverse side protected from light. 
— Bob Schetgen, KU7G 


board, place the pattern on the board 
(image side toward the copper), then firmly 
press a hot iron onto the entire surface. Use 
plenty of heat and even pressure. This melts 
the resist, which then sticks to the bare PC 
board. This is not a perfect process; there 
will probably be bad areas on the resist. The 
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amount of heat, the cleanliness of the bare 
board and the “skill” of the operator may 
affect the outcome. 

The key to making high quality boards 
with the photocopy techniques is to be 
good at retouching the transferred resist. 
Fortunately, the problems are usually easy 
to retouch, if you have a bit of patience. A 
resist pen does a good job of reinforcing 
any spotty areas in large areas of copper. 


Double-Sided PC Boards 


All of the examples used to describe the 
above techniques were single-sided PC 
boards, with traces on one side of the board 
and either a bare board or a ground plane 
on the other side. PC boards can also have 
patterns etched onto both sides, or even 
have multiple layers. Most home-con- 
struction projects use single-sided boards, 
although some kit builders supply double- 
sided boards. Multilayer boards are rare in 
ham construction. One method for making 
double-sided boards is described in the 
sidebar, “Double-Sided PC Boards—by 
Hand.” 


Tin Plating 


Most commercial PC boards are tin 
plated, to make them easier to solder. 


Fig 25.25 — This home-built drill fence 
makes it easy to drill PC-board holes in 
straight rows. 


276 BOARD, 
nadie 


Fig 25.26 — Utility PC boards like these 
are available from many suppliers. 
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Commercial tin-plating techniques re- 
quire electroplating equipment not readily 
available to the home constructor. Immer- 
sion tin plating solutions can depositathin 
layer of tin onto a copper PC board. Using 
them is easy; put some of the solution into 
a plastic container and immerse the board 
in the solution for a few minutes. The 
chemical action of the tin-plating solution 
replaces some of the copper on the board 
with tin. The result looks nearly as good as 
a commercially made board. Agitate the 
board or solution from time to time. When 
the tinning is complete, take the board out 
of the solution and rinse it for five minutes 
under running water. If you don't remove 
all of the residue, solder may not adhere 
well to the surface. Kepro sells immersion 
tin plating solution. 


Drilling a PC Board 


After you make a PC board using one of 
the above techniques, you need to drill 
holes in the board for the components. Use 
a drill press, or at least improvise one. 
Boards can be drilled entirely “free hand" 


(A) 


(B) 


Fig 25.27 — The audio amplifier built 
on a multipurpose PC breadboard. Top 
view at A; bottom view at B. 


with a hand-held drill but the potential for 
error is great. A drill press ora small Moto- 
Tool in an accessory drill press makes the 
job a lot easier. A single-sided board 
should be drilled after it is etched; the 
easiest way to do a double-sided board is 
to do it before the resist is applied. 

To drill in straight lines, build a small 
movable guide for the drill press so you 
can slide one edge of the board against it 
and line up all of the holes on one grid line 
at a time. See Fig 25.25. This is similar to 
the “rip fence" set up by most woodwork- 
ers to cut accurately and repeatably with a 
table saw. 

The drill-bit sizes available in hardware 
stores are too big for PC boards. You can 
use high-speed steel bits, but glass epoxy 
stock tends to dull these after a few hun- 
dred holes. (When your drill bit becomes 
worn, it makes a little “hill” around each 
drilled hole, as the worn bit pushes and 
pulls the copper rather than drilling it.) A 
PC-board drill bit, available from many 
electronic suppliers, will last for thou- 
sands of holes! If you are doing a lot of 
boards, it is clearly worth the investment. 

Small drill bits are usually ordered by 
number. Here are some useful numbers 
and their sizes: 


Number Diameter 
68 0.0310" 
65 0.0350" 
62 0.0380" 
60 0.0400" 


Use high RPM and light pressure to 
make good holes. Count the holes on both 
the board and your layout drawing to en- 
sure that none are missed. Use a larger- 
size drill bit, lightly spun between your 
fingers, to remove any burrs. Don't use 
too much pressure; remove only the burr. 


“Ready-Made” PC Boards 


Utility PC Boards 


“Utility” PC boards are an alternative to 
custom-designed etched PC boards. They 
offer the flexibility of perforated board 
construction and the mechanical and elec- 
trical advantages of etched circuit connec- 
tion pads. Utility PC boards can be used to 
build anything from simple passive filter 
circuits to computers. 

Circuits can be built on boards on which 
the copper cladding has been divided into 
connection pads. Power supply voltages 
can be distributed on bus strips. Boards 
like those shown in Fig 25.26 are com- 
mercially available. 

An audio amplifier constructed on a 
utility PC board is shown in Fig 25.27. 
Component leads are inserted into the 
board and soldered to the etched pads. 
Wire jumpers connect the pads together to 


complete the circuit. 
Utility boards with one or more etched 


plugs for use in computer-bus, interface ` 


‚ and general purpose applications are 
widely available. Connectors, mounting 


hardware and other accessories are also 


available. Check with your parts supplier 
for details. 


PC-Board Assembly Techniques 


Once you have etched and drilled a PC 
-board you are ready to use it in a project. 
Several tools come in handy: needle-nose 
pliers, diagonal cutters, pocket knife, wire 
strippers, clip leads and soldering iron. 


Cleanliness 


Make sure your PC board and compo- 
nent leads are clean. Clean the entire PC 
board before assembly; clean each com- 
ponent before you install it. Corrosion 
looks dark instead of bright and shiny. 
Don’t use sandpaper to clean your board. 
Use a piece of fine steel wool or a 
Scotchbrite cleaning pad to clean compo- 
nent leads or PC board before you solder 
them together. 


Installing Components . 


In a construction project that uses a PC 
board, most of the components are in- 
stalled on the board. Installing compo- 
nents is easy — stick the components in 
the right board holes, solder the leads, and 
cut off the extra lead length. Most con- 
struction projects have a parts-placement 
diagram that shows you where each com- 
ponent is installed. 

Getting the components in the right 
holes is called "stuffing" the circuit board. 
Inserting and soldering one component at 
a time takes too long. Some people like to 
put the components in all at once, and then 
turn the board over and solder all the leads. 
If you bend the leads a bit (about 20?) from 
the bottom side after you push them 
through the board, the components are not 
likely to fall out when you turn the board 
over. 

Start with the shortest components — 
horizontally mounted diodes and resistors. 
Larger components sometimes cover 
smaller components, so these smaller parts 
must be installed first. Use adhesive tape 
to temporarily hold difficult components 
in place while you solder. | 


PC-Board Soldering = 


To solder components to a-PC board, 
bend the leads at a slight angle; apply the 
soldering iron to one side of the lead, and 
flow the solder in from the other side of 
the lead. See Fig 25.28. Too little heat 

‘causes a bad or “cold” solder joint; too 
much heat can damage the PC board. Prac- 


m 
yu t Red 


tice a bit on some spare copper stock be- 
fore you tackle your first PC board project. 
After the connection is soldered properly, 
clip the lead flush with the solder. 


Special Concerns 


Make sure you have the components in 
the right holes before you solder them. 
Components that have polarity, such as 
diodes, ICs and some capacitors must be 
oriented as shown on the pan -placement 
diagram. 


FROM SCHEMATIC TO WORKING 


CIRCUIT 
' Some people don't know how to turn a ` 


schematic into a working circuit. One 
thing is usually true — you can't build it 
the way it looks on the schematic. Many 
design and layout considerations that ap- 
ply in the real world of practical,electron- 
ics don't appear on a schematic. 


PC Boards — Always the Best Choice? 


PC boards are everywhere — in all 
kinds of consumer electronics, in most of 
your Amateur Radio equipment. They are 
also used in most kits and construction 


projects. A newcomer to electronics might | 


think that there is some unwritten law 
against building equipment in any other 


_ way! 


. The misconception that everything 
needs to be built on a printed-circuit board 
is often a stumbling block to easy project 
construction. In fact, a PC board is prob- 
ably the worst choice for a one-time 


project. In actuality, a moderately com- ` 


plex project (like a QRP transmitter) can 
be built in much less time using other tech- 
niques. The additional design, layout and 
manufacturing is usually much more work 
than it would take to build the project by 


^ hand. 


So why does everyone use PC boards? 
The most important reason is that they are 
reproducible. They allow many units to be 
mass-produced with exactly the same lay- 
out, reducing the time and work of con- 
ventional wiring and minimizing the pos- 
sibilities of wiring errors. If you can buy a 
ready-made PC board or kit for your 


‘project, it can save a lot of construction 


time. 
Using a PC board usually makes project 


construction easier by minimizing the risk : ! 


of wiring errors or other construction blun- 
ders. Inexperienced constructors usually 
feel more confident when construction has 
been simplified to the assembly of compo- 


nents onto a PC board. One of the best. 


ways to get started with home construc- 
tion (to some the best part of Amateur 
Radio) is to start by assembling a few kits 
using PC boards. The ARRL Technical 


Information Service (TIS) has prepared a 
list of kit manufacturers. If you would like 
one, send an SASE, with a request for the 
"Kits" TIS information package, to the 
ARRL Technical Department Secretary. 


One-Time Projects 


Kits are fun, but another facet of elec- 
tronics construction is building and devel- 
oping your own circuits, starting from cir- 
cuit diagrams. For one-time construction, 
PC boards are really not necessary. It takes 
time to lay out, drill and etch a PC board. 
Alterations are difficult to make if you 
change your ideas or make a mistake. Most 
important, PC boards aren't always thè 
best technique for building RF circuits. 


Layout 

- Acircuit diagram is a poor guide toward 
a proper layout. Circuit diagrams are 
drawn to look attractive on paper. They 
follow drafting conventions that have very 
little to do with the way the circuit works. 
On a schematic, ground and supply volt- 
age symbols are scattered all over the 
place. The first rule of RF layout is — do 
not wire RF circuits as they are drawn! 
How a circuit works in practice depends 
on the layout. Poor layout can ruin the 
performance of even a well-designed cir- 
cuit. 


How to Design a Good Circuit Layout 


The easiest way to explain good layout 
practices is to take you through an ex- 
ample. Fig 25.29 is the circuit diagram of 
a two-stage receiver IF amplifier using 
dual-gate MOSFETs. It is only a design 
example, so the values are only typical. To 
analyze which things are important to the 
layout of this circuit, ask these questions: 


* Which are the RF components, and 
which are only involved with LF or dc? 


Fig 25.28 — This is how to solder a 
component to a PC board. Make sure 
that the component is flush with the 
board on the other side. 
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* Which components are in the main RF 
signal path? 

* Which components are in the ground 
return paths? 


Use the answers to these questions to 
plan the layout. The RF components that 
are in the main RF signal path are usually 
the most critical. The AF or dc compo- 
nents can usually be placed anywhere. The 
components in the ground return path 
should be positioned so they are easily 
connected to the circuit ground. Answer 
the questions, apply the answers to the 
layout, then follow these guidelines: 


* Avoid laying out circuits so their inputs 
and outputs are close together. If a 
stage's output is too near a previous 
stage's input, the output signal can feed- 
back into the input and cause problems. 

* Keep component leads as short as prac- 
tical. This doesn't necessarily mean as 
short as possible — just consider lead 
length as part of your design. 

* Remember that metal transistor cases 
conduct, and that a transistor's metal 
case is usually connected to one of its 
leads. Prevent cases from touching 
ground or other components, unless 
called for in the design. 


In our design example, the RF compo- 
nents are shown in heavy lines, though not 


all of these components are in the main RF 
signal path. The RF signal path consists of 
TI/C1, QI, T2/C4, C7, Q2, T3/C11. These 
need to be positioned in almost a straight 
line, to avoid feedback from output to in- 
put. They form the backbone of the layout, 
as shown in Fig 25.30A. 

The question about ground paths re- 
quires some further thought — what is 
really meant by “ground” and “ground- 
return paths"? Some points in the circuit 
need to be kept at RF ground potential. 
The best RF ground potential on a PC 
board is a copper ground plane covering 
one entire side. Points in the circuit which 
cannot be connected directly to ground 
for dc reasons must be bypassed 
(*decoupled") to ground by capacitors that 
provide ground-return paths for RF. 

In Fig 25.30, the components in the 
ground-return paths are the RF bypass 
capacitors C2, C3, C5, C8, C9 and C12. 
R4 is primarily a dc biasing component, 
but it is also a ground return for RF so its 
location is important. 

The values of RF bypass capacitors are 
chosen to have a low reactance at the fre- 
quency in use; typical values would be 
0.1 pF at LF, 0.01 uF at HF, and 0.001 pF 
or less at VHF. Not all capacitors are suit- 
able for RF decoupling; the most common 
are disc ceramic capacitors. RF 
decoupling capacitors should always have 


short leads. 

Almostevery RF circuit has an input, an 
output and a common ground connection. 
Many circuits also have additional ground 
connections, both at the input side and at 
the output side. Maintain a low-impedance 
path between input and output ground con- 
nections. The input ground connections 
for Q1 are the grounded ends of C1 and the 
two windings of T1. (The two ends of an 
IF transformer winding are generally not 
interchangeable; one is designated as the 
“hot” end, and the other must be connected 
or bypassed to RF ground.) The capacitor 
that resonates with the adjustable coil is 
often mounted inside the can of the IF 
transformer, leaving only two component 
leads to be grounded as shown in Fig 
25.30B. 

The RF ground for Q1 is its source con- 
nection via C3. Since Q1 is in a plastic 
package that can be mounted in any orien- 
tation, you can make the common ground 
either above or below the signal path in 
Fig 25.30B. Although the circuit diagram 
shows the source at the bottom. the prac- 
tical circuit works much better with the 
source at the top, because of the connec- 
tions to T2. 

It's a good idea to locate the hot end of 
the main winding close to the drain lead of 
the transistor package, so the other end is 
toward the top of Fig 25.30B. If the source 


Fig 25.29 — The IF amplifier used in the design example. C1, C4 and C11 are not specified because they are internal to the IF 
transformers. 
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Electrolytic 
Capacitor 


Ferrite 
‚ Bead 


.Stand- Off 
Insulator 


0.001 uF 
Disc—Ceramic 
Capacitor ` 


Fig 25.31 — Two capacitors in parallel afford better bypassing across a wide , 


frequency range. 


Fig 25.32 — A solder bridge has formed 
a short circuit between PC board 
traces. 


for each stage, and for the whole unit. 
If possible, lay out all stages in a 
straight line. If an RF signal path 
doubles back or recrosses itself it usu- 
ally results in instability. 


* Keep the stages at different frequen- · 
-to minimize . 


cies well-separated 
interstage coupling and spurious sig- 
nals. | 


* Use interstage shields where necessary, 
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but don't rely on them to cure a bad lay- 
out. | 

* Make all connections to-the ground 
plane short and direct. Locate the com- 


mon ground for each stage between the . 
' input and the output ground. Single- 
point grounding may work for a single . 


stage, but it is rarely effective in a 
` complex RF system. 
Locate frequency-determining com- 
ponents away from heat sources and 


mount them so as to maximize шел 


chanical strength. 

* Avoid unwanted coupling between 
tuned circuits. Use shielded inductors 
or toroids rather than open coils. Keep 
the RF high-voltage points close tothe 
ground plane. Orient air-wound coils 
at right angles to minimize mutual 
coupling. 


`e Use lots of extra RF bypassing, espe- 


cially on de supply lines. 


ing is well away from RF fields. 
* Compact designs are convenient, but 
‘don’t overdo it! If the guidelines cited 
above mean that a unit needs to be big- 
ger, make it bigger. 


Try to keep RF and dc wiring on oppo-. 
site sides of the board, so the dc wir- , 


| Combination Techniques 


Youcan use a mixture of construction 
techniques on the same board and in 
most cases you probably should. Even 
though you choose one style for most of 
the wiring, there will probably be places 
where other techniques would be better. 
If so, do whatever is best for that part of 
the circuit. The resulting hybrid may not 
be pretty (these techniques aren't called 
"ugly construction" for nothing), but it 
will work! | 

Mount dual-in-line package (DIP) ICs 
in an array of drilled holes, then connect 
them using wired traces as described'ear- 


lier. It is okay to mount some of the com- ` 


ponents using a ground-plane method, 
push pins-or even wire wrap. On any one 
board, you may use a combination of these 
techniques, drilling holes for some ICs, or 
gluing others upside down, then surface 
mounting some of the pins, and other tech- 


|. niques to connect the rest. These combi- 


nation techniques are often found in a 
project that combines audio, RF and digi- 
tal circuitry. І ` 

/ 
A Final Check 

.No. matter what construction tech- 


‘nique is chosen, do a final check before 


applying power to the circuit! Things do 
go wrong, and a careful inspection mini- 
mizes the risk of a project beginning and 
ending its life as a puff of smoke! Check 
wiring carefully. Make a photocopy of 
the schematic and mark each lead on the 
schematic with a red X when you've 
verified that it's connected to the right 
spot in the circuit. 

Inspect solder connections. A bad sol- 
der joint is much easier to find before 
the PC board is mounted to a chassis. 


: Look for any damage caused to the PC 


board by soldering. Look for solder 
“bridges” between adjacent circuit- 
board traces. Solder bridges (Fig 25.32). 
occur when solder accidentally con- 
nects two or more conductors that are 
supposed to be isolated. It is often diffi- 
cult to distinguish a solder bridge from 


` a conductive trace on a tin-plated board.. 


If you find a bridge, remelt it and the 
adjacent ‘trace or traces to allow the 
solder's surface tension to absorb it. 
Double check that each component is in- 
stalled in the proper holes on the board 


-and that the orientation is correct. Make 


sure that no component leads or transis- 
tor tabs are touching other components 
or PC board connections. Check the cir- 


- cuit voltages before installing ICs in 


their sockets. Ensure that the ICs are 
oriented properly and installed in the 
correct sockets. 


of 01 is also toward the top of the layout, 
there is a common ground point for C3 
(the source bypass capacitor) and the out- 
put bypass capacitor C5. Gate 2 of О1 can 
safely be bypassed toward the bottom of 
the layout. 

C7 couples the signal from the output of 
Q1 to the input of Q2. The source of Q2 
should be bypassed toward the top of the 
layout, in exactly the same way as the 
source of Q1. R4 is not critical, but it 
should be connected on the same side as 
the other components. Note how the 
pinout of T3 has placed the output connec- 
tion as far as possible from the input. With 
this layout for the signal path and the criti- 
cal RF components, the circuit has an ex- 
cellent chance of working properly. 


DC Components 


The rest of the components carry dc, so 
their layout is much less critical. Even so, 
try to keep everything well separated from 
the main RF signal path. One good choice 
is to put the 12-V connections along the 
top of the layout, and the AGC connection 
atthe bottom. The source bias resistors R2 
and R7 can be placed alongside C3 and 
C9. The gate-2 bias resistors for Q2, R5 
and R6 are not RF components so their 
locations aren't too critical. R7 has to 
cross the signal path in order to reach C12, 
however, and the best way to avoid signal 
pickup would be to mount R7 on the oppo- 
site side of the copper ground plane from 
the signal wiring. Generally speaking, 
Ys-W or !/4-W metal-film or carbon-film 
resistors are best for low-level RF circuits. 

Actually, it is not quite accurate to say 
that resistors such as R3 and R8 are not 
"RF" components. They provide a high 
impedance to RF in the positive supply 
lead. Because of R8, for example, the RF 
signal in T2 is conducted to ground 
through C5 rather than ending up on the 
12-V line, possibly causing unwanted RF 
feedback. Just to be sure, C6 bypasses R3 
and C13 serves the same function for R8. 
Note that the gate-2 bias resistor R6 is 
connected to C12 rather than directly to 
the 12-V supply, to take advantage of the 
extra decoupling provided by R8 and C13. 

If you build something, you want it to 
work the first time, so don't cut corners! 
Some commercial PC boards take liber- 
ties with layout, bypassing and de- 
coupling. Don't assume that you can do 
the same. Don't try to eliminate "extra" 
decoupling components such as R3, C6, 
R8 and C13, even though they might not 
all be absolutely necessary. If other 
people's designs have left them out, put 
them in again. In the long run it’s far easier 
to take a little more time and use a few 
extra components, to build in some insur- 
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(A) 


Fig 25.30 — Layout sketches. The preliminary line-up is shown in A; the final 


layout in B. 


ance that your circuit will work. For aone- 
time project, the few extra parts won’t hurt 
your pocket too badly; they may save un- 
told hours in debugging time. 

A real capacitor does not work well over 
a large frequency range. A 10-pF electro- 
lytic capacitor cannot be used to bypass or 
decouple RF signals. A 0.1-pF capacitor 
will not bypass UHF or microwave sig- 
nals. Choose component values to fit the 
range. The upper frequency limit is lim- 
ited by the series inductance, Lg. In fact, 
at frequencies higher than the frequency 
at which the capacitor and its series induc- 
tance form a resonant circuit, the capaci- 
tor actually functions as an inductor. This 
is why it is acommon practice to use two 
capacitors in parallel for bypassing, as 
shown in Fig 25.31. At first glance, this 
might appear to be unnecessary. However, 
the self-resonant frequency of C1 is usu- 
ally 1 MHz or less; it cannot supply any 
bypassing above that frequency. How- 
ever, C2 is able to bypass signals up into 
the lower VHF range. 

Let’s summarize how we got from Fig 
25.29 to Fig 25.30B: 


e Lay out the signal path in a straight line. 
* By experimenting with the placement 
and orientation of the components in the 


RF signal path, group the RF ground con- 
nections for each stage close together, 
without mixing up the input and output 
grounds. 

* Place the non-RF components well clear 
of the signal path, freely using 
decoupling components for extra mea- 
sure. 


Practical Construction Hints 


Now it's time to actually construct a 
project. The layout concepts discussed 
earlier can be applied to nearly any con- 
struction technique. Although you'll even- 
tually learn from your own experience, the 
following guidelines give a good start: 


* Divide the unit into modules built into 
separate shielded enclosures — RF, IF, 
VFO, for example. Modular construction 
improves RF stability, and makes the in- 
dividual modules easier to build and test. 
It also means that you can make major 
changes without rebuilding the whole 
unit. RFsignals between the modules can 
usually be connected using small coaxial 
cable. 

* Use a full copper ground plane. This is 
your largest single assurance of RF sta- 
bility and good performance. 

* Keep inputs and outputs well separated 
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Microwave Construction Techniques 


Microwave construction is becoming more popular, but 
-at these frequencies the size of physical component 
leads and PC-board traces cannot be neglected. Micro- 
‘wave construction techniques either minimize these stray 
values or make them part of the circuit design. - 

Microwave construction does not always require tight 
tolerances and precision construction. A fair amount of 


error can often be tolerated if you are-willing to tune your . 


circuits, as you do at MF/HF. This usually requires the. 
‘use of variable components that can be expensive and 
tricky to adjust. 

Proper design and construction techniques, using high 
precision, can result in a “no-tune” microwave design. To 
build one of these no-tune projects, ail you need do is 
buy the parts and install them on the board. The circuit ' 
tuning has been precisely controlled by the board and 
component dimensions so the project should work. 

One tuning technique you can use with a microwave 
design, if you have the suitable test equipment, is to use 
bits of copper foil or EMI shielding tape as "stubs" to tune 
circuits. Solder these small bits of conductor into place at 
various points in the circuit to make reactances that can 
actually tune a circuit. After their position has been . 
determined as part of the design, tuning is accomplished 
by removing or adding small amounts of conductor, or 
slightly changing the placement of the tuning stub. The < 
size of the foil needed depends on your ability to deter- 
mine changes in circuit performance, as well as the 
frequency of operation and the circuit board parameters. 
A precision setup that lets you see tiny changes allows | 
you to use very. small pieces of foil to get the best tuning 
possible. 

From a mechanical accuracy point of view, the most 
tolerant type of construction is waveguide construction. 
Tuning is usually accomplished via one or more screws 


threaded into the waveguide. It becomes unwieldy to use ' 


waveguide on the amateur bands below 10 GHz because 
the dimensions get too large. 

At 24 GHz and above, even waveguide béconijes small 
and difficult to work with. At these frequencies, most 
readily available coax connectors work unreliably, so 
these higher bands are really a challenge. Special SMA 
connectors are available for use at 24 GHz. 

Modular construction is a useful technique for micro- 
wave circuits. Often, circuits are tested by hooking their 
inputs and output to known 50-Q sources and loads. “ 
Modules are typically kept small to prevent the chassis - 
and PC board from acting as a waveguide, providing a 
feedback path between the input and output of a circuit, 
resulting i in instability. 

At microwave frequencies, the mechanical aspects and. 
physical size of circuits become very much a part of the 
design. A few millimeters of conductor has significant 
reactance at these frequencies. This even affects VHF 
and HF designs! The traces and conductors used in an. 


Other Construction Techniques 


| НЕ or VHF design resonate on microwave frequencies. If 
`a high-performance FET has lots of gain in this region, а. 
‘VHF preamplifier might also function as а 10-GHz 


oscillator if the circuit stray reactances were just right (or 
wrong!). You can prevent this by using shields between 
the input and oütput or by adding microwave absorptive 
material to-the lid of the shielded module. (SHF Micro- 


" wave sells absorptive materials. See the Address List in | 
. the References chapter.) 


It is important to copy microwave circuits exactly, 


unless you really know what you are doing. “Improve- 


ments,” such as better shielding or grounding can 


<- sometimes cause poor, performance. It isn't usually 


attractive to substitute components, particularly with the 
‘active devices. It may look possible to substitute different | 
grades of the same wafer, such as the ATF13135 and 

the AFT13335, but these are really the same transistor 


' with different performance measurements. While two 


transistors may have exactly the same gain and noise 
figure at the desired operating frequency, often the 


‘impedances needed to maintain stability at other fre- 


quencies are be different. Thus, the "substitute" may 
oscillate, while the proper transistor would work just fine. 
You can often substitute MMICs (monolithic microwave 


` ;integrated-circuits) for one another because they are 


designed to be stable and operate with the same i 
and output impedances (50 Q). 

The size of components used at microwaves can be 
critical—in some cases, a chip resistor 80 mils across is 


. not a good substitute for one 60 mils across. Hopefully, 


the author of a construction project tells you which 
dimensions are critical, but you can't always count on. 


this; the author may not know. It's not unusual for a 


person to spend years building just one prototype, so it's : 


' not surprising that the author might not have built a 


dozen different samples to try possible substitutions. 
When using glass-epoxy PC board at microwave 
frequencies, the crucial board parameter is the thickness 
of the dielectric. It can vary quite a bit, in excess of 1096. 
This is not surprising; digital and lower-frequency analog 
circuits work just fine if the board is a little thinner or 
thicker than usual. ‘Some of the board types used in 
microwave-circuit construction are a generic teflon PC 
board, Duroid 5870 ánd 5880. These boards are avail- 


‚ able from Microwave Components of Michigan. See the 
_ Address List in the References chapter. 


Proper connectors are a necessary expense at 
microwaves. At 10 GHz, the use of the proper connec- 
tors is essential tor repeatable performance. Do not hook 
‘up microwave circuits with coax and pigtails. It might 
work but it probably can't be duplicated. SMA connectors 
are common because they are small and work well. SMA 
jacks are sometimes soldered in place, although 2-56 
hardware is more common. — - Zack Lau, KH6CP, ARRL 
Laboratory Engineer 


ғ 


Receive: and audio circuits may also re-^ wire sizes. sand current capacities. Stranded 


. - Wiring 


‚ Select the wire usedi in connecting ama- 


teur equipment by considering: the maxi- 
тит current it must carry, the voltage its 
. insulation must withstand and its use. ` 

“To minimize EMI, the power wiring of 


quire the use of shielded wire at some 


points for: stability or the elimination of - 


hum.. Coaxial cable is recommended for 


all 50-Q circuits. Use it for short runs of | 


high-impedance audio wiring.. 
When choosing wire, consider how 


much current it.will carry. The Wire Table: 
all transmitters should use shielded wire. ‹ in the References chapter lists common - 


` wire is usually preferred over solid wire 


because stranded wire better withstands ` 


the inevitable bending that is part of build- 


ing and troubleshooting a circuit. Solid 


wire is more rigid than stranded wire; use ` 


-it where mechanical rigidity is ПЕСЕН ог 


desired. 
Wire with typical plastic insulation is 
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How to Buy Parts for Electronics Projects 


The number one question received by the ARRL 
Technical Information Service starts out “Where can | 
buy...” It seems that one of the most perptexing problems 
faced by the would-be constructor is where to get parts. 
Sometimes you are lucky—the circuit author has made a 
kit available. But not every project has a ready-made kit. 
If you would like to expand your construction horizons, 
you can learn to be your own “purchasing manager.” That 
means searching out parts sources and dealing with them 
in person. 

In reality, it is not all that difficult to find most parts. 
Unfortunately, though, the days of the local electronic 
parts supplier seem to be gone. This is not surprising. 
Years ago an electronics supplier had to stock a relatively 
small number of electronic components — resistors, 
capacitors, tube sockets, a few relays and variable 
resistors. Technology has increased the number of 
components by a few orders of magnitude. Nowadays, 
the number of integrated circuits alone is enough to fill a 
multivolume book. No single electronics supplier could 
possibly stock them all. It has become a mail-order world; 
the electronics world is no exception. 

Although it is no longer always possible to purchase all 
of your electronic needs from a local electronics supplier, 
the good news is that you don’t have to! For a few 
dollars, mail-order companies are willing to supply 
whatever you need. You only need do two things to 
obtain nearly any electronic component — make a phone 
call and write a check. 

Become an electronic catalog collector. The Refer- 
ences chapter has a list of electronic-component suppli- 
ers. Write to these companies and request their catalogs. 
Electronic suppliers also advertise in magazines that 
cater to ham-radio and electronics enthusiasts. If you are 
lucky, you may have a local source of electronics parts. 
Look in the Yellow Pages under "Electronic Equipment 
Suppliers" to find the local outlets. Radio Shack is one 
local source found nearly everywhere. They carry an 
assortment of the more common electronic parts. You'll 
probably need to order from more than one mail-order 
company. (It's almost a corollary to Murphy's Law: No 
matter how wide a selection you find in one mail-order 
catalog, there's always at least one part you must buy 
somewhere else!) 

While you're waiting for your catalogs, look at the parts 
list for the project you want to build. Unfortunately, you 
can't just photocopy the list and send it off to a mail-order 
company with a note that says "please send me these 
parts." You need to convert the part list into a part-order 
list that shows the order number and quantity required of 
each component. This may require a similar list for each 
parts supplier where one supplier does not have all the 
parts. 

Check the type, tolerance, power rating and other key 
characteristics of the parts. Group the parts by those 
parameters before grouping them by value. If all of the 
circuits components are already grouped by value on the 


good for voltages up to about 500 V. Use 


wire is more expensive, it is often avail- 


parts list, you can just count the number of each value. 
Each time you add parts to the order list, check them off 
the published parts list. Sometimes the parts list does not 
include common components like resistors and capaci- 
tors. If this is the case, make a copy of the schematic and 
check off the parts as you build your shopping list. 

Although you'll probably be able to order exactly the 
right number of each part for a project, buy a few extras 
of some parts for your junk box. It's always good to have 
a few extra parts on hand; you may break a component 
lead during assembly, or damage a solid-state compo- 
nent with too much heat or by wiring it in backwards. If 
you don’t have extras, you'll need to order another part. 
Even if you don't need the extras for this project, they 
may come in handy, and you'll be encouraged to build 
another project! Pick up an extra toroid or two as well. 

Now's the time to decide whether you're going to build 
your project with ground-plane construction or PC board. 
If you need a PC-board, FAR Circuits and others have 
them for many ARRL book and QST projects. If you're 
going to use ground-plane construction, buy a good-sized 
piece of single-sided copper-clad board—glass-epoxy 
board if you can. Phenolic board is inferior because it is 
brittle and deteriorates rapidly with soldering heat. 

Don’t forget an enclosure for your project. This is often 
overlooked in parts lists for most projects, because 
different builders like different enclosures. Make sure 
there’s room in the box for all of the components used in 
your project. Some people like to cram projects in the 
smallest possible box, but miniaturization can be ex- 
tremely frustrating if you’re not good at it. 

There are almost always a few items you can't get from 
one company and most have minimum orders. You may 
need to distribute your order between two or more 
companies to meet minimum-order requirements. Some 
companies put out beautiful catalogs, but their minimum 
order is $25 or they charge $5 for shipping if you place a 
small order. 

If you order enough parts, you'll soon find out which 
companies you like to deal with and which have slow 
service. It is frustrating to receive most of an order, then 
wait months for the parts that are on back-order. If you 
don't want the company to back-order your parts, write 
clearly on the order form, "Do not back-order parts." They 
will then ship the parts they have and leave you to order 
the rest from somewhere else. 

If you are in a hurry, call the company to inquire about 
the availability of the parts in your order. Some compa- 
nies take credit-card orders over the telephone. Some 
companies hold orders a few weeks to allow personal 
checks to clear. 

If you are familiar with the catalogs and policies of 
electronic-component suppliers, you will find that getting 
parts is not difficult. Concentrate on the fun part — 
building the circuit and getting it working. —Bruce Hale, 
KB1MW 


suitable. 


chanical requirements) is 


Teflon-insulated or other high-voltage 
wire for higher voltages. Teflon insula- 
tion does not melt when a soldering iron 
is applied. This makes it particularly 
helpful in tight places or large wiring 
harnesses. Although Teflon-insulated 
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able from industrial surplus houses. In- 
expensive wire strippers make the re- 
moval of insulation from hookup wire 
an easy job. Solid wire is often used to 
wire HF circuits. Bare soft-drawn tinned 
wire, #22 to #12 (depending on me- 


Avoid kinks by stretching a piece 10 or 
15 ft long and then cutting it into short, 
convenient lengths. Run RF wiring di- 
rectly from point to point with a mini- 
mum of sharp bends and keep the wire 
well-spaced from the chassis or other 


"grounded metal surfaces. Where the 
wiring must pass through the chassis or 


a partition, cut a clearance hole and line 


it with a rubber grommet. If insulation 
is necessary, slip spaghetti insulation or 
‘heat-shrink tubing over the wire. For 
power-supply leads, bring the wire 
through the chassis via a feedthrough 
capacitor. — 

In transmitters where the peak voltage 
‘does not exceed 500 V, shielded wire is 


together in a single cable. Both plastic 
and waxed-linen lacing cords are avail- 
able. You can also use a variety of plastic 
devices to bundle wires into cables and to 
clamp or secure them in place. Fig 25.33 


shows some of the products and tech- ` 
niques that you might use. Check with 
` your local electronic parts supplier for - 


_ items that are in stock. 


satisfactory for power circuits. Shielded 


wire is not readily available for higher 
voltages — use point-to-point wiring in- 
stead. In the case of filament circuits car- 
rying heavy current, it is necessary to use 
_ #10 or #12 bare or enameled wire. Slip the 
bare wire through spaghetti then cover it 
‘with copper braid pulled tightly over the 
spaghetti. Slide the shielding back over 
the insulation and flow solder into the end 
of the braid; the braid will stay in place, 
making it unnecessary to cut it back or 
secure it in place. Clean the braid first so 
solder will take with a minimum of heat. 


For receivers, RF wiring follows the | 


methods described above. At RF, most of 
the current flows on the surface ofthe wire 
(a phenomenon called "skin effect"). Hol- 


low tubing is just as good a conductor at 


RF as solid wire. 


High-Voltage Techniques 

High-voltage wiring requires special 
care. You need to use wire rated for the 
voltage it is carrying. Most standard 
hookup wire is inadequate. High-voltage 
' wire is usually insulated with Teflon or 
special multilayer plastic. Some coaxial 
cable is rated at up to 3700 V. 

Airisa great insulator, but high voltage 
can break down its resistance and form an 
arc. You need to l&ave ample room be- 
tween any circuit carrying voltage and any 
nearby conductors. At dc, leave a gap of at 
least 0.1 inch per kilovolt. The actual 
breakdown voltage of air varies with the 


frequency of the signal, humidity and the ^ 


shape of the conductors. 

` High voltage is also prone to corona 
discharge, a bleeding off of charge, pri- 
marily from sharp edges. For this reason, 
all connections need to be soldered, leav- 
ing only rounded surfaces on the soldered 
connection. It takes a little practice to get 


a “ball” of solder on each joint, but for - 


voltages above 5 kV it is important.. 

Be careful working near high-voltage 
circuits! Most high-yoltage power sup- 
plies can deliver a lethal shock. 


Cable Lacing and Routing 
. Where power or control leads run to- 


. To give a commercial look to the wir- 
ing of any unit, гоше апу dc leads and 
shielded signal leads along the edge of 


the chassis. If this isn't possible, the 
cabled leads should then run parallel to : 
- an edge of the chassis. Further, the gen- 


erous use of the tie points mounted par- 
allel to an edge of the chassis, for the 
support of one or both ends of a resistor 


. Or fixed capacitor, adds to the appear- 


ance of the finished unit. In a similar 
manner, arrange the small components 
so that they are parallel to the panel or 
sides of the chassis. 


Tie Points 


When power leads have several 
branches in the chassis, it is convenient 
to use fiber-insulated multiple tie points 


‘as anchors for junction points. Strips of 
' this kind are also useful as insulated 


supports for resistors, RF chokes and 
capacitors. Hold exposed points of high- 


' voltage wiring to a minimum; other- 


wise, make them inaccessible to acci- 
dental contact. 


Winding Coils 
Winding coils seems so simple, yet 
many new constructors run into difficulty. 
Understanding the techniques prevents 
some of the frustration or construction 
errors associated. with coil winding. ` 
Close-wound coils are readily wound 


оп the specified form by anchoring one 


end of the length of wire (in a vise or to 
a doorknob) and the other end to the coil 
form. Straighten any kinks in the wire 
and then pull to keep the wire under 
slight tension. Wind the coil to the re- 
quired number of turns while walking 
toward the anchor, always maintaining 
a slight tension on the wire. 

‘To space-wind the coil, wind the coil 


- simultaneously with a suitable spacing : 


medium (heavy thread, string or wire) in 
the manner described above. When the 
winding is complete, secure the end.of the 


coil to the coil-form terminal and then* 
„carefully unwind the spacing material. If . 
-'the coil is wound under suitable tension, 


' the spacing material can be easily removed 


s 


| gether for more than a few inches, they . 


present a better appearance when bound 


without disturbing the winding. Finish 
space-wound coils by judicious applica- 
tions of Duco cement to hold the turns in 
place. 


TS 
x 


The “cold” end of a coil is the end at (or 


: close to) chassis or ground potential. Wind 
- coupling links on the cold end of a coil to 


minimize capacitive coupling. : 


Winding Toroidal Inductors 


Toroidal inductors and transformers are 
specified for many projects in this Hand- 
book. The advantages of these cores іп- 
clude compactness and a self-shielding 
property. Figs 25.34 and 25.35 illustrate 
the proper way to wind and count turns on 
a toroidal core. 


Fig 25.33 — Adhesive-backed blocks 
and plastic wraps used to make wiring 
cables. 


TWIST AND 
a 
TAP POINT SCRAPE 


(D) 


Fig 25.34—The maximum-Q method for 
winding a single-layer toroid is shown 
at A. A 30? gap is best. Methods at B 
and C have greater distributed 
capacitance. D shows how to place a 
tap on a toroid coil winding. 


PUSH-PULL AMP 


(B) 


Fig 25.35—A shows a toroid core with 
two turns of wire (see text). Large black 
dots, like those at T1 in B, indicate 
winding polarity (see text). 
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CORE 
SYMBOL 


RED), 4| SRN 
BIFILAR 
BIFILAR 


(A) (8) 


Fig 25.36 — Schematic and pictorial 
presentation of a bifilar-wound toroidal 
transformer. 


When you wind a toroid inductor, count 
each pass of the wire through the toroid 
center as a turn. You can count the number 
of turns by counting the number of times 
the wire passes through the center of the 
core. See Fig 25.35A. 


Multiwire Windings 


A bifilar winding is one that has two 
identical lengths of wire, which when 
placed on the core result in the same num- 
ber of turns for each wire. The two wires 
are wound on the core side by side at the 
same time, just as if a single winding were 
being applied. An easier and more popular 
method is to twist the two wires (8 to 15 
turns per inch is adequate), then wind the 
twisted pair on the core. The wires can be 
twisted handily by placing one end of each 
in a bench vise. Tighten the remaining 
ends in the chuck of a small hand drill and 
turn the drill to twist the pair. 

A trifilar winding has three wires, and a 
quadrifilar winding has four. The proce- 
dure for preparation and winding is other- 
wise the same as for a bifilar winding. Fig 
25.36 shows a bifilar toroid in schematic 
and pictorial form. The wires have been 
twisted together prior to placing them on 
the core. It is helpful, though by no means 
essential, to use wires of different color 
when multifilar-winding a core. It is more 
difficult to identify multiple windings on 
a core after it has been wound. Various 
colors of enamel insulation are available, 
but it is not easy for amateurs to find this 
wire locally or in small-quantity lots. This 
problem can be solved by taking lengths 
of wire (enameled magnet wire), cleaning 
the ends to remove dirt and grease, then 
spray painting them. Ordinary aerosol-can 
spray enamel works fine. Spray lacquer is 
not as satisfactory because it is brittle 
when dry and tends to flake off the wire. 

The winding sense of a multifilar toroi- 
dal transformer is important in most cir- 
cuits. Fig 25.35B illustrates this principle. 
The black dots (called phasing dots) at the 
top of the T1 windings indicate polarity. 
That is, points a and c are both start or 
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finish ends of their respective windings. 
In this example, points b and d are of op- 
posite phase (180? phase difference) to 
provide push-pull voltage feed to Q1 and 
Q2. 

After you wind a coil, scrape the insula- 
tion off the wire before you solder it into 
the circuit. 


MECHANICAL FABRICATION 


Electronic construction has many me- 
chanical aspects. Cutting, bending and 
drilling are part of most electronic-con- 
struction projects. 


Buy or Build a Chassis? 


Most projects end up in some sort of an 
enclosure, and most hams choose to pur- 
chase a ready-made chassis for small 
projects, but some projects require a cus- 
tom enclosure. Even a ready-made chassis 
may require a fabricated sheet-metal 
shield or bracket, so it's good to learn 
something about sheet-metal and metal- 
fabrication techniques. 

Most often, you can buy a suitable en- 
closure. These are sold by Radio Shack 
and most electronics distributors. See the 
list in the References chapter. 

Select an enclosure that has plenty of 
room. A removable cover or front panel 
can make any future troubleshooting or 
modifications easy. A project enclosure 
should be strong enough to hold all of the 
components without bending or sagging; 
it should also be strong enough to stand up 
to expected use and abuse. 


Cutting and Bending Sheet Metal 


Enclosures, mounting brackets and 
shields are usually made of sheet metal. 
Most sheet metal is sold in large sheets, 
4x8 ft or larger. It must be cut to the size 
needed. 

Most sheet metal is thin enough to cut 
with metal shears or a hacksaw. A jigsaw 
or bandsaw makes the task easier. If you 
use any kind of saw, select a blade that has 
teeth fine enough so that at least two teeth 
are in contact with the metal at all times. 

If a metal sheet is too large to cut con- 
veniently with a hacksaw, it can be scored 
and broken. Make scratches as deep as 
possible along the line of the cut on both 
sides of the sheet. Then, clamp it in a vise 
and work it back and forth until the sheet 
breaks at the line. Do not bend it too far 
before the break begins to weaken, or the 
edge of the sheet might bend. A pair of flat 
bars, slightly longer than the sheet being 
bent, make it easier to hold a sheet firmly 
in a vise. Use “С” clamps to keep the bars 
from spreading at the ends. 

Smooth rough edges with a file or by 
sanding with a large piece of emery cloth 


or sandpaper wrapped around a flat block. 


Finishing Aluminum 


Give aluminum chassis, panels and 
parts a sheen finish by treating them in a 
caustic bath. Use a plastic container to 
hold the solution. Ordinary household lye 
can be dissolved in water to make a bath 
solution. Follow the directions on the con- 
tainer. A strong solution will do the job 
more rapidly. 

Stir the solution with a stick of wood 
until the lye crystals are completely dis- 
solved. If the lye solution gets on your 
skin, wash with plenty of water. If you get 
any in your eyes, immediately rinse with 
plenty of clean, room-temperature water 
and seek medical help. It can also damage 
your clothing, so wear something old. Pre- 
pare sufficient solution to cover the piece 
completely. When the aluminum is im- 
mersed, a very pronounced bubbling takes 
place. Provide ventilation to disperse the 
escaping gas. A half hour to two hours in 
the bath is sufficient, depending on the 
strength of the solution and the desired 
surface characteristics. 


Chassis Working 


With a few essential tools and proper 
procedure, building radio gear on a metal 
chassis is a relatively simple matter. Alu- 
minum is better than steel, not only be- 
cause it is a superior shielding material, 
but also because it is much easier to work 
and provides good chassis contact when 
used with secure fasteners. 

Spend sufficient time planning a project 
to save trouble and energy later. The ac- 
tual construction is much simpler when all 
details are worked out beforehand. Here 
we discuss a large chassis-and-cabinet 
project, such as a high-power amplifier. 
The techniques are applicable to small 
projects as well. 

Cover the top of the chassis with a piece 
of wrapping paper or graph paper. Fold 
the edges down over the sides of the chas- 
sis and fasten them with adhesive tape. 
Place the front panel against the chassis 
front and draw a line there to indicate the 
chassis top edge. 

Assemble the parts to be mounted on 
the chassis top and move them about to 
find a satisfactory arrangement. Consider 
that some will be mounted underneath the 
chassis and ensure that the two groups of 
components won't interfere with each 
other. 

Place controls with shafts that extend 
through the cabinet first, and arrange them 
so that the knobs will form the desired pat- 
tern оп the panel. Position the shafts perpen- 
dicular to the front chassis edge. Locate any 
partition shields and panel brackets next, 


then sockets and any other parts. Mark the 
mounting-hole centers of each part accu- 
rately on the paper. Watch out for capacitors 
with off-center shafts that do not line up with 
the mounting holes. Do not forget to mark 


the' centers of socket holes and holes for 


wiring leads. Make the large center hole for 
a socket before the small mounting holes. 
Then use the socket itself as a template to 
mark the centers of the mounting holes. With 
all chassis holes marked, center-punch and 
drill each hole. 

Next, mount on the chassis the capacitors 
and any other parts with shafts extending to 
the panel. Fasten the front panel to the chas- 


sis temporarily. Use a machinist's square to . - 
extend the line (vertical axis) of any control , 


shaft to the chassis front and mark the loca- 
tion on the front panel at the chassis line. If 
the layout is complex, label each mark with 


an identifier. Also mark the back of the front · 


panel with the locations of any holes in the 
chassis front that must go through the front 
panel. Remove the front panel. 


PC-Board Materials 


Much tedious sheet-metal work can be 
eliminated by fabricating chassis and enclo- 


sures from copper-clad printed-circuit board - 


material. While it is manufactured in large 
sheets for industrial use, some hobby elec- 
tronics stores and surplus. outlets, market 
usable scraps at reasonable prices. PC-board 


stock cuts easily with a small hacksaw. The ` 


nonmetallic base material isn’t- malleable, 
- soitcan’t be bent. Corners are easily formed 
by holding two pieces at right angles and 
soldering the seam. This technique makes 
excellent RF-tight enclosures. If mechani- 


cal rigidity is required of a large copper-clad | 


surface, solder stiffening ribs at right angles 
to the sheet. j 

Fig 25.37 shows the use of PC-board stock 
to make a project enclosure. This enclosure 
was made by cutting the pieces to size, then 
soldering them together. Start by laying the 
bottom piece on a workbench, then placing 
one of the sides in place at right angles. Tack- 


solder the second piece in two or three. 


places, then start at one end and run a bead 
of solder down the entire seam. Use plenty 
of solder and plenty of heat. Continue with 
the rest of the pieces until all but the top 
cover is in place. 

` In most cases, itis better to drill all needed 
holes in advance. It can sometimes be diffi- 
cult to drill holes after the enclosure i is sol- 
dered together. 

You сап use this technique to build énclo- 
sures, subassemblies or shields. This tech- 
nique is easy with practice; hone your skills 
on а few scrap pieces of PC-board stock. 


Drilling Techniques 


Before drilling holes in metal with a hand 


drill, indent the hole centers with a center 
punch. This prevents the drill bit from 
"walking" away from the center when start- 
ing the hole. Predrill holes greater than '/2- 
inch in diameter with a smaller bit that is 
large enough to contain the flat spot at the 
large bit'stip. When the metal being drilled 
is thinner than the depth of the drill-bit tip, 
back up the metal with a wood block to 
smoóth the drilling process. 

The-chuck on the соттоп hand drill i is 
limited to 3/s-inch bits. Some bits are much 
larger, with a ?/s-inch shank. If necessary, 
enlarge holes with a reamer ог round file. 
For very large or odd-shaped holes, drill a 
series of closely spaced small holes just in- 


side of the desired opening. Cut the metal . 


remaining between the holes with a cold 
chisel and file or grind the hole to its finished 
shape. A nibbling tool also works well for 


'Such holes. 


Use socket-hole punches to make socket 


holes and other large holes in an aluminum ` 


chassis. Drill a guide hole for the punch cen- 
ter bolt, assemble the punch witk the bolt 


" through the guide hole and tighten the bolt to 


cut the desired hole. Oil the threads of the 
bolt occasionally. 


Cut large circular holes in steel panels or: 
chassis with ‘an adjustable circle cutter. 
. ('flycutter"). Occasionally apply machine 
‘oil to the cutting groove to speed the job. 


Test the cutter' s diameter setting by cutting 
a block of wood or scrap material first. 

Remove burrs or rough edges that result 
from drilling or cutting with a burr-remover, 
round or half-round file, a sharp knife or 
chisel. Keep an old chisel sharpened and 
available for this purpose. 


Rectangular Holes 


Square or rectangular holes can be cut 
with a nibbling tool or a row of small holes 
as previously described. Large openings can 
be cut easily using socket-hole punches. 


Construction Notes. . - 


If a control shaft must be extended or in- 
sulated, a flexible shaft coupling with ad- 


equate insulation should be used. Satisfac- 


tory support for the shaft extension, as well 
as electrical contact for safety, can be pro- 
vided by means of a metal panel‘ bushing 


. made for the purpose. These сап be obtained 
singly for use with existing shafts, or they . 


can be bought with a captive extension shaft 


included. In either case the panel bushing : 
. gives a solid feel to the control. Тһе use of 


fiber washers between ceramic insulation 
and metal brackets, screws or nuts will pre- 
vent the ceramic parts from breaking. - 


' Painting 
Painting is an art, but, like most arts, suc- 


cessful techniques are based on skills that 


Fig 25.37 — A chassis made entirely 
from PC-board stock. 


can be learned. The surfaces to be painted 
must be clean to ensure that the paint will 
adhere properly. In most cases, you can wash 
the item to be painted with soap, water and 
a mild scrub brush, then rinse thoroughly. 
Whenitis dry, itis ready for painting. Avoid 
touching it with your bare hands after it has 
been cleaned. Your skin oils will interfere 
with paint adhesion. Wear rubber or clean 
cotton gloves. 

Sheet metal can be prepared for painting 
by abrading the surface with medium-grade ^ 
sandpaper, making certain the strokes are 
applied in the same direction (not circular or 
random). This process will create tiny 
grooves on the otherwise smooth surface. 
Asaresult, paint or lacquer will adhere well., 
On aluminum, опе ог two coats of zinc chro- . 
mate primer applied before the finish paint 
will ensure good adhesion. 

Keep work aréas clean and the air free of 
dust. Any loose dirt or dust particles will - 


probably find their way onto a freshly 


painted project. Even water-based paints 
produce some fumes, so properly ventilate 
work areas. 

Select a paint suitable to the task. Some 
paints are best for metal, others for wood 
and soon. Some dry quickly, with no fumes; 
others dry slowly and need to be thoroughly 
ventilated. You may want to select a rust- 


preventative paint for metal surfaces that 
might be subjected to high moisture or salts. 


-Most' metal surfaces are painted with 
some sort of spray, either from a spray gun 
or from spray cans of paint. Either way, fol- 
low the manufacturer's instructions for a | 
high-quality job. 


Summary 


If you'relike most amateurs, once you've 
got the building bug, you won't let your 
soldering iron stay cold for long. Starting is 


‚ the hardest part. Now, the next time you 


think about adding another project to your 
station, you'll know where to start. 
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his chapter written by ARRL P 
B Technical Advisor Doug Millar, 


K6JEY, covers the test equipment 
and measurement techniques common to 
"Amateur Radio. With the increasing com- 
plexity of amateur equipment апа the 
availability of sophisticated test equip- 
ment, measurement and test procedures 
have also become more complex. There 
was a time when a simple bakelite cased 
' volt-ohm meter (VOM) could solve most 
problems. With the advent of modern cir- 
cuits that use advanced digital techniques, 
precise readouts and higher frequencies, 
test. requirements and equipment have 
changed. In addition to the test procedures 


in this chapter, other test procedures ap- . 


pear in Chapters 14 and 15. 


TEST AND MEASUREMENT: 
BASICS 


The process ‘of testing requires a knowl- 


edge of what must be measured and what - 


accuracy is required. If battery voltage is 
measured and the meter reads 1.52 V, what 
does this number mean? Does the meter 
always read accurately or do its readings 
change over time? What influences a meter 


reading? What accuracy do we need for a - 


meaningful test of the battery voltage? 


A Short History of Standards and 
Traceability 


Since early times, people who measured 


things have worked to establish a system 
of consistency between measurements and 


measurers. Such consistency ensures that - 


a measurement taken by one person could 
be duplicated by others — that measure- 


ments are reproducible. This allows dis- 


cussion where everyone can be assured 
that their measurements of the same quan- 


1 


tity would have the same result. In most 
cases, and until recently, consistent mea- 
surements involved an artifact: a physical 
object. If a merchant or scientist wanted 
to know what his pound weighed, he sent 


-it to a laboratory where it was compared 


to the official pouùd. This system worked 
well for a long time, until the handling of 


the standard pound removed enough mol- _ 


ecules so that its weight changed and 
measurements that compared i in the past 
no longer did so. 

Of course, many such measurements 
depended on an accurate value for the 


‘force of gravity. This grew more difficult 


with time because the outside environ- 
ment — such things as a truck going by in 
the street — could throw the whole proce- 
dure off. As a result, scientists switched 


:to physical constants for the. determina- 


tion of values. As an example, a meter was 


defined as a stated fraction of the circum- . 


ference of the Earth over the poles. 
Generally, each country has an office 
that is in charge of maintaining the in- 


and is responsible for helping to get 
those standards into the field. In the 
United States that office is the National 


Institute of Standards and Testing 


(NIST), formerly the National Bureau 


` of Standards. The NIST decides what 


the volt and other basic units should be 
and Coordinates those units with other 


` countries. For a modest fee, NIST will 
compare its volt against a submitted 
sample and report the accuracy of the. 


sample. In fact, special batteries arrive 


there each day to be certified and re- . 


turned so laboratories and industry can 
verify that their test equipment really 


doés meam 1.527 V when it says so. ` 


- Test Procedures апа Projects 


d Projects 


s 


Basic Units: Frequency and Time : 


Frequency and time are the most basic 
units for many purposes and the ones 
known to the best accuracy. The formula 
for converting one to the other is to divide 


"the known value into 1. Thus the time to 


complete a single: cycle at 1. MHz = 
0.000001 s. 

The history of the accuracy ^ of time. 
keeping, of course, begins with the clock. 


Wooden clocks, water clocks and me- 


chanical clocks were ancestors to our cur- 
rent standard: the electronic clock based 
on frequency. In the 1920s, quartz crystal 


‘controlled clocks were developed in the 


laboratory and used as a standard. With 
the advent of radio communication time 
intervals could be transmitted by radio, 
and a very fundamental standard of time 


- and frequency could be used locally with © 


little effort. Today transmitters in several 
countries broadcast time signals on stan- 


; dard calibrated frequencies. Table 26.1 


contains the locations and frequencies of 


Е ' some of these stations. 
tegrity of the standards of measurement : 


In the 1960s, Hewlett-Packard began 
selling self-contained time and frequency 
standards called cesium clocks. In a ce- 
sium clock a crystal frequency is gener- 
ated and multiplied to microwave frequen- 
cies. That energy is passed through a 
chamber filled with cesium gas. The gas 


- acts as a very narrow band-pass filter. The. 
' output signal is detected and the crystal 


oscillator frequency is adjusted automati- 
cally so that a maximum of energy is de- 
tected. The output of the crystal is thus 
linked to the stability of the cesium gas 
andi is usually accurate to several parts in . 
10. '?. This is much superior to a crystal 
oscillator alone; but at close to $40,000 
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Table 26.1 
Standard Frequency Stations 


Call Sign Location 
BSF Taiwan 

CHU Ottawa, Canada 
FFH France 
IAM/IBF Italy 

JJY Japan 

LOL1 Argentina 
MSF England 
RID/RKM Irkutsk 

RTA Novossibirsk 
RWM Moscow 
VNG Australia 
WWV/WWVH USA 

ZUO South Africa 


each, cesium frequency standards are a bit 
extravagant for amateur use. 

A rubidium frequency standard is an 
alternative to the cesium clock. They are 
not quite as accurate as the cesium, but 
they are much less expensive, relatively 
quick to warm up and can be quite small. 
Older models occasionally appear surplus. 
As with any precision instrument, it should 
be checked over and calibrated before use. 

Most hams do not have access to cesium 
or rubidium standards—or need them. In- 
stead we use crystal oscillators. Crystal 
oscillators provide three levels of stabil- 
ity. The least accurate is a single crystal 
mounted on a circuit board. The crystal 
frequency is affected by the temperature 
environment of the equipment, to the ex- 
tent of a few parts per million (ppm) per 
degree Celsius. For example, the fre- 
quency of a 10-MHz crystal with tempera- 
ture stability rated at 3 ppm might vary 
60 Hz when temperature of the crystal 
changes by 2?C. If the crystal oscillator is 
followed by a frequency multiplier, any 
variation in the crystal frequency is also 
multiplied. Even so, the accuracy of a 
simple crystal oscillator is sufficient for 
most of our needs and most amateur equip- 
ment relies on this technique. For a dis- 
cussion of crystal oscillators and tempera- 
ture compensation, look in the Oscillators 
chapter of this book. 

The second level of accuracy is 
achieved when the temperature around the 
crystal is stabilized, either by an “oven” or 
other nearby components. Crystals are 
usually designed to stabilize at tempera- 
tures far above any reached in normal op- 
erating environments. These oscillators 
are commonly good to 0.1 ppm per day 
and are widely used in the commercial 
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Frequency 
(MHz) 


3.330, 7.335, 14.670 
2.500 

5.000 

2.5, 5, 10, 15 

5, 10 

2.5, 5, 10 

5.004, 10.004, 15.004 
4.996, 9.996, 14.996 
10, 15 

4.5, 7.5, 12.0 

2.5, 5, 10, 15, 20 
2.5, 5, 10 


two-way radio industry. 

The third accuracy level uses a double 
oven with proportional heating. The two 
ovens compensate for each other auto- 
matically and provide excellent tempera- 
ture stability. The ovens must be left on 
continuously, however, and warm-up re- 
quires several days to two weeks. 

Crystal aging also affects frequency sta- 
bility. Some crystals change frequency 
over time (age) so the circuit containing 
the crystal must contain components to 
compensate for this change. Other crys- 
tals become more stable over time and 
become excellent frequency standards. 
Many commercial laboratories go to the 
expense of buying and testing several ex- 
amples of the same oscillator and select 
the best one for use. As a result, many 
surplus oscillators are surplus for a rea- 
son. Nevertheless, a good stable crystal 
oscillator can be accurate to 1 x 107? per 
day and very appropriate for amateur ap- 
plications. 


Time and Frequency Calibration 


Many hams have digital frequency 
counters, which range from surplus lab 
equipment to new highly integrated instru- 
ments with nearly everything on one chip. 
Almost all of these are very precise and 
display nine or more digits. Many are even 
quite stable. Nonetheless, a 10-MHz os- 
cillator accurate to | ppm per month can 
vary +10 Hz in one month. This drift rate 
may be acceptable for many applications, 
but the question remains: How accurate is 
it? 

This question can be answered by cali- 
brating the oscillator. There are several 
waysto perform this calibration. The most 
accurate method compares the unit in 


question by leaving the oscillator operat- 
ing, transporting it to an oscillator of 
known frequency and then making a com- 
parison. A commonly used comparison 
method connects the output of the cali- 
brated oscillator into the horizontal input 
of a high frequency oscilloscope, and the 
oscillator to be measured to the vertical 
input. It helps, but they need not be on the 
same frequency. By noting how long it 
takes the sine wave to travel one division 
at a given sweep speed, one can calculate 
the resulting drift in parts per million per 
minute (ppm/min). 

Another technique of oscillator cali- 
bration uses a VLF phase comparator. 
This is a special direct-conversion re- 
ceiver that picks up the signal from 
WWVB on 60 kHz. Phase comparison is 
used to compare WWVB with the divided 
frequency of the oscillator being tested. 
Many commercial units have a small strip 
chart printer attached and switches to 
determine the receiver frequency. Since 
these 60-kHz VLF Comparator receivers 
have been largely replaced by units that 
use Loran signals or rubidium standards, 
they can be found at very reasonable 
prices. A very effective 60-kHz antenna 
can be made by attaching an audio 
transformer with the low-impedance 
winding connected to the receiver antenna 
terminals by way of a series dc blocking 
capacitor. The high-impedance winding is 
then connected between ground and a 
random length of wire. A typical VLF 
Comparator can track an oscillator well 
into a few parts in 10-19, This technique 
directly compares the oscillator with an 
NIST standard and can even characterize 
oscillator drift characteristics in ppm per 
day or week. 

Another fairly direct method compares 
an oscillator with one of the WWV HF 
signals. The received signal is not im- 
mensely accurate, but if the oscillator of a 
modern HF transceiver is carefully com- 
pared, it will be accurate enough for all 
but the most demanding work. 

The last and least accurate way to cali- 
brate an oscillator is to compare it with 
another oscillator or counter owned by you 
or another local ham. Unless the calibra- 
tion of the other oscillator or counter is 
known, this comparison could be very 
misleading. True accuracy is not deter- 
mined by the label of a famous company 
or impressive looks. Metrologists (people 
who calibrate and measure equipment) 
spend more time calibrating oscillators 
than any other piece of equipment. 


DC Instruments and Circuits 


This section discusses the basics of ana- 
log and digital dc meters. It covers the 
design of range extenders for current, volt- 
age and resistance; construction of a 
simple meter; functions of a digital volt- 
meter (DVM) and procedures for accurate 
measurements. 


Basic Meters 


In measuring instruments and test 
equipment suitable for amateur purposes, 
the ultimate readout is generally based on 
a measurement of direct current. There are 
two basic styles of meters: analog meters 
that use a moving needle display, and digi- 
tal meters that display the measured val- 
ues in digital form. The analog meter for 
measuring dc current and voltage uses a 
magnet and a coil to move a pointer over 
a calibrated scale in proportion to the cur- 
rent flowing through the meter. 

The most common dc analog meter is 
the D' Arsonval type, consisting of a coil 
of wire to which the pointer is attached so 
that the coil moves (rotates) between the 
poles of a permanent magnet. When cur- 
rent flows through the coil, it sets up a 
magnetic field that interacts with the field 
of the magnet to cause the coil to turn. The 
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Input Section 


Reference 


design of the instrument normally makes 
the pointer move in direct proportion to 
the current. 


Digital Multimeters 


In recent years there has been a flood of 
inexpensive digital multimeters (DMMs) 
ranging from those built into probes to 
others housed in large enclosures. They 
are more commonly referred to as digital 
voltmeters (DVMs) even though they are 
multimeters; they usually measure volt- 
age, current and resistance. After some 
years of refining circuits such as the “suc- 
cessive approximation" and “dual slope" 
methods, most meters now use the dual- 
slope method to convert analog voltages 
to a digital reading. DVMs have basically 
three main sections as shown in Fig 26.1. 

The first section scales the voltage or 
current to be measured. It has four main 
circuits: 


* a chain of multiplier resistors that re- 
duce the input voltage to 0-1 V, 

* a converter that changes 0-1 V ac to dc, 

* an amplifier that raises signals in the 
0-100 mV range to 0-1 V and 

• a current driver that provides a constant 
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Integrator Section 


current to the multiplier chain for resis- 
tance measurements. 


The second section is an integrator. It is 
usually based on an operational amplifier 
that is switched by a timing signal. The 
timing signal initially shorts the input of 
the integrator to provide a zero reference. 
Next a reference voltage is connected to 
charge the capacitor for a determined 
amount of time. Finally the last part of the 
timing cycle allows the capacitor to dis- 
charge. The time it takes the capacitor to 
discharge is proportional to either the in- 
put voltage (Vin, after it was scaled into 
the range of 0 to 1 V) or 1 minus Vin, de- 
pending on the meter design. This dis- 
charge time is measured by the next sec- 
tion of the DVM, which is actually a 
frequency counter. Finally, the output of 
the frequency counter is scaled to the se- 
lected range of voltage or current and sent 
to the final section of the DVM — the digi- 
tal display. 

Since the timing is quite fast and the 
capacitor is not used long enough to drift 
much in value, the components that most 
determine accuracy are the reference volt- 
age source and the range multiplier resis- 


Comporator 


Counter Section 


Fig 26.1 — A typical digital voltmeter consists of three parts: the input section for scaling, an integrator to convert voltage 
to pulse count, and a counter to display the pulse count representing the measured quantity. 
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Fig 26.2 — This test setup allows safe 
measurement of a meter’s internal 
resistance. See text for the procedure 
and part values. 


tors. With the availability of integrated 
resistor networks that are deposited or 
diffused onto the same substrate, drift is 
automatically compensated because all 
branches of a divider drift in the same 
direction simultaneously. The voltage 
sources are generally Zener diodes on 
substrates with accompanying series re- 
sistors. Often the resistor and Zener 
have opposite temperature characteris- 
tics that cancel each other. In more com- 
plex DVMs, extensive digital circuitry 
can insert values to compensate for 
changes in the circuit and can even be 
automatically calibrated remotely in a 
few moments. 

Liquid crystal displays (LCD) are 
commonly used for commercial DVMs. 
As a practical matter they draw little 
current and are best for portable and 
battery-operated use. The usual alterna- 
tive, light emitting diode (LED) dis- 
plays, draw much more current but are 
better in low-light environments. Some 
older surplus units use gas plasma dis- 
plays (orange-colored digits). You may 
have seen plasma displays on gas-sta- 
tion pumps. They are not as bright as 
LEDs, but are easier to read. On the 
down side, plasma displays require 
high-voltage power supplies, draw con- 
siderable current and often fail after 10 
years or so. 

The advantages of DVMs are high in- 
put resistance (10 MQ on most ranges), 
accurate and precise readings, portabil- 
ity, a wide variety of ranges and low 
price. There is one disadvantage, how- 
ever: Digital displays update rather 
slowly, often only one to two times per 
second. This makes it very difficult to 
adjust a circuit for a peak (maximum) or 
null (minimum) response using only a 
digital display. The changing digits do 
not give any clue of the measurement 
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trend and it is easy to tune through the 
peak or null between display updates. In 
answer, many new DVMsare built with 
an auxiliary bar-graph display that is 
updated constantly, thus providing in- 
stantaneous readings of relative value 
and direction of changes. 


Current Ranges 


The sensitivity of an analog meter is 
usually expressed in terms of the cur- 
rent required for full-scale deflection of 
the pointer. Although a very wide vari- 
ety of ranges is available, the meters of 
interest in amateur work give maximum 
deflection with currents measured in 
microamperes or milliamperes. They 
are called microammeters and 
milliammeters, respectively. 

Thanks to the relationships between 
current, voltage and resistance ex- 
pressed by Ohm's Law, it is possible to 
use a single low-range instrument (for 
example, 1 mA or less for full-scale 
pointer deflection) for a variety of di- 
rect-current measurements. Through its 
ability to measure current, the instru- 
ment can also be used indirectly to mea- 
sure voltage. In the same way, a mea- 
surement of both current and voltage 
will obviously yield a value of resis- 
tance. These measurement functions are 
often combined in a single instrument: 
the volt-ohm-milliammeter or VOM, a 
multirange meter that is one of the most 
useful pieces of test equipment an ama- 
teur can possess. 


Accuracy 


The accuracy of a D' Arsonval-move- 
ment dc meter is specified by the manu- 
facturer. A common specification is 
+2% of full scale, meaning that a 0-100 
uA meter, for example, will be correct 
to within 2 НА at any part of the scale. 
There are very few cases in amateur 
work where accuracy greater than this 
is needed. When the instrument is part 
of a more complex measuring circuit, 
however, the design and components 
can each cause error that accumulates to 
reduce the overall accuracy. 


Extending Current Range 


Because of the way current divides 
between two resistances in parallel, it is 
possible to increase the range (more 
specifically to decrease the sensitivity) 
of a dc current meter. The meter itself 
has an inherent resistance (its internal 
resistance) which determines the full- 
scale current passing through it when its 
rated voltage is applied. (This rated 
voltage is on the order of a few milli- 
volts.) When an external resistance is 


connected in parallel with the meter, the 
current will divide between the two and 
the meter will respond only to that part 
of the current that flows through its 
movement. Thus, it reads only part of 
the total current; the effect makes more 
total current necessary for a full-scale 
meter reading. The added resistance is 
called a "shunt." 

We must know the meter's internal re- 
sistance before we can calculate the 
value for a shunt resistor. Internal resis- 
tance may vary from a fraction of an 
ohm to a few thousand ohms, with 
greater resistance values associated 
with greater sensitivity. When this re- 
sistance is known, it can be used in the 
formula below to determine the required 
shunt for a given multiplication: 


R=— (1) 


where 
R = shunt resistance, ohms 
R,, = meter internal resistance, ohms 
n = the factor by which the original 
meter scale is to be multiplied. 


Often the internal resistance of a par- 
ticular meter is unknown (when the 
meter is purchased at a flea market or is 
taken from a commercial piece of equip- 
ment, for example). Unfortunately, the 
internal resistance of a meter cannot be 
measured directly with an ohmmeter 
without risk of damage to the meter 
movement. 

Fig 26.2 shows a method to safely 
measure the internal resistance of a 
meter. It requires a calibrated meter that 
can measure the same current as the 
unknown meter. The system works as 
follows: S1 is switched off and R2 is set 
for maximum resistance. A supply of 
constant voltage is connected to the sup- 
ply terminals (a battery will work fine) 
and R2 is adjusted so that the unknown 
meter reads exactly full scale. Note the 
current shown on M2. Close S1 and al- 
ternately adjust R1 and R2 so that the 
unknown meter (M1) reads exactly half 
scale and the known meter (M2) reads 
the same value as in the step above. At 
this point, half of the current in the cir- 
cuit flows through M1 and half through 
R1. To determine the internal resistance 
of the meter, simply open S1 and read 
the resistance of R1 with an ohm- 
meter. 

The values of R1and R2 will depend on 
the meter sensitivity and the supply volt- 
age. The maximum resistance value for R1 
should be approximately twice the ex- 
pected internal resistance of the meter. For 
highly sensitive meters (10 pA and less), 


1 KQ should be adequate. For less-sensi- 
tive meters, 100 Q should suffice. Use no 
more supply voltage than necessary. 

The value for minimum resistance at 
R2 can be calculated using Ohm’s Law. 
For example, if the meter reads 0 to 1 
mA and the supply is a 1.5-V battery, 


the minimum resistance required at R2. 


will be: 


R2 = а 
0.001 · 


R2(min) = 1500Q 


In practice a 2- or 2.5-kQ potentiom- 
eter would be used. 


Making Shunts 


Homemade shunts can be constructed . 


from several kinds of resistance wire or 
from ordinary copper wire if no resis- 
tance wire is available. The copper wire 


table in the Component Data chapter 


of this Handbook gives the resistance 
per 1000 ft for various sizes of copper 
wire. After computing the resistance 
required, determine the smallest wire 
size that will carry the full-scale cur- 
rent, again from the wire table. Measure 
off enough wire to give the required 


resistance. A high-resistance 1- or 2-W^ 


carbon-composition resistor makes an 
excellent form on which to wind the 
wire, as the high'resistance does not 
affect the value of the shunt. If the shunt 
gets too hot, goto a larger diameter wire 
of a greater length. . 


VOLTMETERS. 


If a large resistance is connected in se- 
ries with a meter that measures current, as 
shown in Fig 26.3, the current multiplied 
by the resistance will be the voltage drop 
across the resistance. This is known as a 
multiplier. An instrument used in this way 
is calibrated in terms of the voltage drop 
across the multiplier resistor and is called 
a voltmeter. 


| Sensitivity 
Voltmeter sensitivity is usually ex- 


pressed in ohms per volt (Q/V), meaning. 


that the meter full-scale reading multiplied 
by the sensitivity will give the total resis- 
tance of the voltmeter. For example, the 
resistance of a 1 КО/У voltmeter is 1000 
times the full-scale calibration voltage. 
Then by Ohm’s Law the current required 
for full-scale deflection is 1 milliampere. 
A sensitivity of 20 kQ/V, a „commonly 
used value, means that the instrument is a 
50-LLA meter.” 

As voltmeter sensitivity (resistance) 
increases, so does accuracy. Greater meter 


З : Ax or s : 
resistance means that less current is drawn 
from the circuit and thus the circuit under 
test is less affected by connection of the 


meter. Although a 1000-O/V metercanbe : 


used for some applications, most good 


meters are 20 kQ/V or more. Vacuum-tube- 


voltmeters (VTVMs) and their modern 
equivalent FET voltmeters (FETVOMs) 
are usually 10-100 MQ/V and DVMs can 


go even higher. 


Multipliers 


‚ The required multiplier resistance is 
found by dividing the desired full-scale 
voltage by the current, in amperes, re- 


‚ quired for full-scale deflection of the 
_ meter alone. To be mathematically cor- 


rect, the internal resistance of the meter 
should be subtracted from the calculated 
value. This is seldom necessary (except 


perhaps for very low ranges) because 


the meter resistance is usually very low 
compared with the multiplier resistance. 
When the instrument is already a volt- 
meter with an internal multiplier, how- 


ever, the meter resistance is significant. 


The resistance required to extend the 
range is then: І 


К = К, (п – 1) 


"where | 


Rm = total resistance of the instrument 
п = factor by which the scale is to be 
multiplied 


For example, if a l-kQ/V voltmeter 


having a calibrated range of 0 to 10 V is to ` 


be extended to 1000 V, Rm is 1000. х10 = 
10 КО, nis 1000/10 = 100 and R = 10, 000 
x (100 — 1) = 990 KQ. 

"When extending the range of a volt- 
meter or converting a low-range meter into 


'a voltmeter, the rated accuracy of the in- 


strument is retained only when the multi- 
plier resistance is precise. High-precision, 
hand-made and aged wire-wound resistors 
are used as multipliers of high-quality in- 
struments. These are relatively expensive, 
but the home constructor can do well with 
1% tolerance metal-film resistors. They 
should be derated when used for this 


‘purpose. That is, the actual power dissi- 


pated in the resistor should not be more 
than '/io to !/4 the rated dissipation. Also, 


‘use care to avoid overheating the resistor 


body when soldering. These precautions 


will help.prevent permanent change in the . 


resistance of the unit. 
Many DVMs use special resistor groups 
that have been etched on quartz or sap- 


. phire and laser trimmed to value. These * 


resistors are very stable and often quite 
accurate. They can be bought new from 


various suppliers. It is also possible to : 


"rescue" the divider/multiplier resistors 


Test Procedures and Projects 


E 


MULTIPLIER 


Fig 26.3 — A voltmeter is constructed 
by placing a current-indicating 
instrument in series with a high 
resistance, the “multiplier.” 


"from an older DVM that no longer func- 
tions and use them as multipliers. Look for 


a series of four or five resistors that add up 
to 10 MQ: .9,9,90,900,9,000,90,000 and 
900,000 Q. There is usually another 1-MQ 
resistor in series to isolate the meter from 
the circuit under test. A few of these high- 


. accuracy resistors in “odd” values can help 


calibrate less-expensive instruments. 


DC Voltage Standards 


For a long time NIST has statistically 
compared a bank of special Weston Cell 
or cadmium sulfate batteries to arrive at 
the standard volt. By using a special 


tapped resistor, а 1.08-V battery can be: 
compared to other voltages and instru- 


ments compared. However, these are very 
high-impedance batteries that deliver al- 
most nó current and are relatively tem- 
perature sensitive. They are made up of a 
solution of cadmium and mercury in op- 


-posite legs of an “Н” shaped glass con- 


tainer. You can read much more about 
them in Calibration—Philosophy and 
Practice, published by the John Fluke Co 
of Mount Lake Terrace, Washington. 
Hams often use an ordinary flashlight 
battery às a convenient voltage reference. 
A fresh D cell usually provides 1.56 V 
under no load, as would be measured by a 
DVM. The Heath Company, which sup- 
plied thousands of kits to the ham commu- 
nity for many years, used such batteries as 


: thecalibration references for many of their 


kits. 

Recently, NIST has been able to use a 
microwave to voltage converter called a 
“Josephson Junction" to determine the 
value of the volt. The converter transfers 
the accuracy of a frequency standard to 
the accuracy of the voltage that comes out 
of it. The converter generates only 5 mV, 
however, which then must be scaled to the 
stahdard 1-V level. One problem with - 


high-accuracy measurements is stray 


noise (low-level voltages) that creates a 
floor below which. measurements are 
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Fig 26.4 — A voltmeter can be used to 
measure current as shown. For 
reasonable accuracy, the shunt should 
be 5% of the circuit impedance or less, 
and the meter resistance should be 20 
times the circuit impedance or more. 


R 
(Unknown) 


R 
(Unknown) 


Fig 26.5 — Power or resistance can be 
calculated from voltage and current 
measurements. At A, error introduced 
by the ammeter is dominant. At B, error 
introduced by the voltmeter is 
dominant. The text gives an example. 


meaningless. For that reason, meters with 
five or more digits must be very quiet and 
any comparisons must be made at a volt- 
age high enough to be above the noise. 


DC MEASUREMENT CIRCUITS 


Current Measurement with a 
Voltmeter 


A current-measuring instrument should 
have very low resistance compared with 
the resistance of the circuit being mea- 
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sured; otherwise, inserting the instrument 
will alter the current from its value when 
the instrument is removed. The resistance 
of many circuits in radio equipment is high 
and the circuit operation is affected little, 
if at all, by adding as much as a few hun- 
dred ohms in series. [Even better, use a 
resistor that is part of the working circuit 
if one exists. Unsolder one end of the re- 
sistor, measure its resistance, reinstall it 
and then make the measurement.—Ed. ] In 
such cases the voltmeter method of mea- 
suring current in place of an ammeter, 
shown in Fig 26.4, is frequently conve- 
nient. A voltmeter (or low-range 
milliammeter provided with a multiplier 
and operating as a voltmeter) having a full- 
scale voltage range of a few volts is used 
to measure the voltage drop across a suit- 
able value of resistance acting as a shunt. 

The value of shunt resistance must be 
calculated from the known or estimated 
maximum current expected in the circuit 
(allowing a safe margin) and the voltage 
required for full-scale movement of the 
meter with its multiplier. For example, to 
measure a current estimated at 15 A on the 
2-V range of a DVM, we need to solve 
Ohm’s Law for the value of R: 


This resistor would dissipate 15? x 
0.133 = 29.92 W. For a short-duration 
measurement, 30 1.0-Q, 1-W resistors 
could be parallel connected in two groups 
of 15 (0.067 Q per group) that are series 
connected to yield 0.133 Q. For long-du- 
ration measurements, 2- to 5-W resistors 
would be better. 


Power 


Power in direct-current circuits is usu- 
ally determined by measuring the current 
and voltage. When these are known, the 
power can be calculated by multiplying 
voltage, in volts, by the current, in am- 
peres. If the current is measured with a 
milliammeter, the reading of the instru- 
ment must be divided by 1000 to convert 
it to amperes. 

The setup for measuring power is shown 
in Fig 26.5A, where R is any dc load, not 
necessarily an actual resistor. In this mea- 
surement it is always best to use the lowest 
voltmeter or ammeter scale that allows 
reading the measured quantity. This re- 
sults in the percentage error being less than 
if the meter was reading in the very lowest 
part of the selected scale. 


Resistance 


If both voltage and current are measured 
in a circuit such as that in Fig 26.5, the 
value of resistance R (in case it is un- 


known) can be calculated from Ohm’s 
Law. For reasonable results, two condi- 
tions should be met: 

1. The internal resistance of the current 
meter should be less than 5% of the circuit 
resistance. 

2. The input impedance of the voltme- 
ter should be greater than 20 times the cir- 
cuit resistance. 

These conditions are important because 
both meters tend to load the circuit under 
test. The current meter resistance adds to 
the unknown resistance, while the voltme- 
ter resistance decreases the unknown re- 
sistance as a result of their parallel con- 
nection. 


Ohmmeters 


Although Fig 26.5B suffices for oc- 
casional resistance measurements, it is 
inconvenient when we need to make fre- 
quent measurements over a wide range 
of resistance. The device generally used 
for this purpose is the ohmmeter. Its 
simplest form is a voltmeter (or 
milliammeter, depending on the circuit 
used) and a small battery. The meter is 
calibrated so that the value of an un- 
known resistance can be read directly 
from the scale. Fig 26.6 shows some 
typical ohmmeter circuits. In the sim- 
plest circuit, Fig 26.6A, the meter and 
battery are connected in series with the 
unknown resistance. If a given move- 
ment of the meter’s needle is obtained 
with terminals A-B shorted, inserting 
the resistance to be measured will cause 
the meter reading to decrease. When the 
resistance of the voltmeter is known, the 
following formula can be applied. 


R=—*- Ra (3) 


where 
R = unknown resistance, ohms 
e = voltage applied (A-B shorted) 
Е = voltmeter reading with R connected 
Rm = resistance of the voltmeter. 


The circuit of Fig 26.6A is not suited to 
measuring low values of resistance (less 
than 100 Q or so) with a high-resistance 
voltmeter. For such measurements the cir- 
cuit of Fig 26.6B is better. The unknown 
resistance is 

LR m 
1-1, (4) 


where 
R = unknown resistance, ohms 
Rm = the internal resistance of the 
milliammeter, ohms 
I, = current with R disconnected from 
terminals A-B, amps 
I, = current with R connected, amps. 
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Fig 26.6 — Here are several kinds of 
ohmmeters. Each is s expiainedg in the 
text. 


This formula is based on the assump- 
tion that the current in the complete circuit 
will be essentially constant whether or not 
the unknown terminals are short circuited. 
This requires that R1 be much greater than 
Rp. For example, 3000 Q for a 1-mA meter 
with an internal resistance of perhaps 
50 О. In this case, a 3-V battery would be 
necessary in order to obtain a full-scale 
deflection with the unknown terminals 
open. R1 can be an adjustable resistor, to 
permit setting the open-terminal current 
to exact full scale. 

- A third circuit for measuring resistance 


is shown in Fig 26.6C. In this case a high- 


resistance voltmeter is used to measure the 
voltage drop across a reference resistor, 


R2, when the unknown resistor is con-. 
nected so that current flows through it, R2 . 
. and the battery in series. With suitable R2s 


(low values for low-resistance, high val- 


„ues for high-resistance unknowns), this - 
circuit gives equally good results for re- ` 


sistance values in the range from one ohm 


` to several megohms. The voltmeter resis- 


tance, Rm, must be much greater (50 times 


‘or more) than that of R2. A 20-kQ/V in- 


strument (50-A movement) is generally 
used. If the current through the voltmeter 


‚ is negligible compared with the current 


through R2, the formula for the unknown 
is p 
TEN 
E: 


- where 


R and R2 are in ohms’ 

ez voltmeter reading with R removed 
‚ and A shorted to B: 

E= = voltmeter reading: withR Т 


R1 sets the voltu reading exactly to 


‚ full scale when the meter is calibrated in 
ohms. A 10-kQ pot is suitable with a 


20-kQ/V meter. The battery voltage is 
usually 3 V for ranges to 100 КО and 6V 
for higher ranges. . 


Four-Wire Resistance : 
Measurements 


In situations where a very 09 resis- 
tance, like а 50-O dummy load, is to-be 
measured, the resistance of the test leads 


can be significant. The average lead resis- Е 


tance is about 0.9 Q through both leads, 
which would make a 50.5-Q dummy load 
appear to be 51.4 Q. To compensate for 
lead resistance, some meters allow for 
four-wire measurements. 
wires from the current source and two 
wires from the measuring circuit exit the 
meter case separately and connect directly 
to theunknown resistance (see Fig 26.6D). 


` This eliminates the voltage drop in the 


current-source leads from the measure- 
ment. In practice, four-wire systems use 


special test clips that are similar to alliga- .. 
. tor clips, except that the jaws are insulated 


from each other and a meter lead is at- 
tached to each jaw. In some meters, an 
additional control allows the operator to 


short the test leads together and adjust thé ' 


meter for a zero reading before making 
low-resistance measurements. 


Bridge Circuits 

Bridges are an important class of mea- 
surement circuits. They perform measure- 
ment by comparison with some known 
component or quantity, rather than by di- 


rect reading. VOMs, DVMs and other: 
meters are convenient, but their accuracy: 
‘is limited. The accuracy of manufactured 


analog meters is determined at the factory, 


while digital meters are accurate only to 


(5. 


Briefly, two `` 


some percentage tl in the least-signifi- 
cant digit. The accuracy of comparison 
measurements, however, is determined 
-only by the comparison standard and 
bridge sensitivity. 

Bridge circuits are useful across most 
of the frequency spectrum. Most amateur - 
applications are at RF, as shown later in 
this chapter. The principles of bridge op- | 
eration are easier to understand at dc, how- 
ever, where bridge operation is simple. 


The Wheatstone Bridge 


A simple resistance bridge, known as 
the Wheatstone bridge, is shown in 
Fig 26.7. All other bridge circuits are 
based on this design. The four resistors, 
КІ, А2, R3 and R4 in Fig 26.7A, are known 

` as the bridge arms. For the voltmeter read- 
ing to be zero (null) the voltage dividers 
consisting of the pairs R1-R3 and R2- R4 
must be equal. This means 


RI _ R2 


R3. R4 © 

When this occurs the bridge is said to be 
balanced. 

The circuit is usually drain as shown at 
Fig 26.7B when used for resistance mea- 
surement. Equation 6 can be rewritten 
RX = RS (=) (7) 

ВЈ" 

RX is the unknown resistor. R1 and R2 
‘are usually made equal; then the-calibrated 
adjustable resistance (the standard), RS, 
will have the same value as RX when RS 
is set to show a null on the voltmeter. 

Note that the resistance ratios, rather 
` than the actual resistance values, deter- 

mine the voltage balance. The values do 

have important practical effects on the 
sensitivity and power consumption, how- 
ever. Bridge sensitivity is the ability of the 

meter to respond to slight unbalance near . 
-the null point; a sharper null means a more 
accurate setting of RS at balance. 

The Wheatstone bridge is rarely used 
by amateurs for resistance measurement, 
since it is easier to measure resistances 

with VOMs and DVMs. Nonetheless, it is 

worthwhile to understand its operation as | 
the basis of more complex bridges. 


‘ELECTRONIC VOLTMETERS 


We have seen that the resistance of a 
simple voltmeter (as in Fig 26.3) must be 
` extremely high in order to avoid “loading” 
errors caused by the current that necessar- ` 
ily flows through the meter. The use of 
high-resistance meters tends to cause diffi- 
-culty in measuring relatively low voltages 
because multiplier resistance progressively 
lessens as the voltage range is lowered. 
Voltmeter resistance can be made inde- . 
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DC 
Source 


Fig 26.7 — A Wheatstone bridge circuit. 
A bridge circuit is actually a pair of 
voltage dividers (A). B shows how 
bridges are normally drawn. 


pendent of voltage range by using vacuum 
tubes, FETs or op amps as dc amplifiers 
between the circuit under test (CUT) and 
the indicator, which may be a conventional 
meter movement or a digital display. Be- 
cause the input resistance of the electronic 
devices mentioned is extremely high (hun- 
dreds of megohms) they have negligible 
loading effect on the CUT. They do, how- 
ever, require a closed dc path in their input 
circuits (although this path can have very 
high resistance). They are also limited in 
the voltage level that their input circuits 
can handle. Because of this, the device 


AC Instruments and Circuits 


Most ac measurements differ from dc 
measurements in that the accuracy of the 
measurement depends on the purity of the 
sine wave. It is fairly easy to measure an 
ac voltage to between 1% and 5%, but 
getting down to 0.0146 is difficult. Mea- 
surements to less than 0.01% must be left 
to precision laboratories. In general, ama- 
teurs measure ac voltages in household 
circuits, audio stages and RF power mea- 
surements, and 1% to 5% accuracy is usu- 
ally close enough. 

This section covers basic measure- 
ments, the nature of sine waves and 
meters. There are four common ways to 
measure ac voltage: 


* Use a rectifier to change the ac to dc and 
then measure the dc. 

* Heat a resistor in a Wheatstone bridge 
with the ac and measure the bridge un- 
balance. 

* Heat a resistor surrounded by oil and 
measure the temperature rise. 

* Use electronic circuits (such as multipli- 
ers and logarithmic amplifiers) with 
mathematical ac-to-dc conversion for- 
mulas. This method is not common, but 
it's interesting. 


Calorimetric Meters 
In a calorimetric meter, power is ap- 
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plied to a resistor that is immersed in 
the flow path of a special oil. This oil 
transfers the heat to another resistor that 
is part of a bridge. As the resistor heats, 
its resistance changes and the bridge 
becomes unbalanced. An attached meter 
registers the unbalance of the bridge as 
ac power. This type of meter is accurate 
for both dc and ac. They frequently op- 
erate from dc well into the GHz range. 
For calibration, an accurate dc voltage 
is applied and the reading is noted; a 
similar ac voltage is applied and the 
readings are compared. Some 
calorimetric meters are complicated, 
but others are simple. 


Thermocouple Meters and RF 
Ammeters 


In a thermocouple meter, alternating 
current flows through a low-resistance 
heating element. The power lost in the 
resistance generates heat that warms a 
thermocouple, which consists of a pair 
of junctions of two different metals. 
When one junction is heated a small dc 
voltage is generated in response to the 
difference in temperature of the two 
junctions. This voltage is applied to adc 
milliammeter that is calibrated in suit- 
able ac units. The heater-thermocouple/ 
dc-meter combination is usually housed 


actually measures a small voltage across a 
portion of a high-resistance voltage di- 
vider connected to the CUT. Various volt- 
age ranges are obtained from appropriate 
taps on the voltage divider. 

In the design of electronic voltmeters it 
has become standard practice to use a volt- 
age divider with a total resistance of 
10 MQ, tapped as required, in series with 
a 1-MQ resistor incorporated in the meter. 
The total voltmeter resistance, including 
probe, is therefore 11 MQ. The 1-MQ re- 
sistor serves to isolate the voltmeter cir- 
cuit from the CUT. 


in a regular meter case. 

Thermocouple meters are available in 
ranges from about 100 mA to many am- 
peres. Their useful upper frequency 
limit is in the neighborhood of 100 
MHz. Amateurs use these meters mostly 
to measure current through a known 
load resistance and calculate the RF 
power delivered to the load. 


RECTIFIER INSTRUMENTS 


The response of a rectifier RF amme- 
ter is proportional (depending on the 
design) to either the peak or average 
value of the rectified ac wave, but never 
directly to the RMS value. These meters 
cannot be calibrated in RMS without 
knowing the relationship that exists be- 
tween the real reading and the RMS 
value. This relationship may not be 
known for the circuit under test. 

Average-reading ac meters work best 
with pure sine waves and RMS meters 
work best with complicated wave forms. 
Since many practical measurements in- 
volve nonsinusoidal forms, it is neces- 
sary to know what your instrument is 
actually reading, in order to make mea- 
surements intelligently. Most VOMs 
and VTVMs use averaging techniques, 
while DVMs may use either one. In all 
cases, check the meter instruction 


" UM & 
manual to be sure what it reads. 


Peak and Average with Sine-Wave 
Rectification 


Peak, average and RMS values of ac 
waveforms are discussed in the AC 
Theory chapter. Because the positive and 
negative half cycles of the sine wave have 
the same shape, half-wave rectification of 
either the positive half or the negative half 
gives exactly the same result. With full- 
wave rectification , the peak reading is the 
same, but the average reading is doubled, 
because there are twice as many half 
cycles per unit of time. 


Asymmetrical Wave Forms 


A nonsinusoidal waveform is shown in 
Fig 26.8A. When the positive half cycles 
of this wave are rectified, the peak and 
average values are shown at B. If the po- 
larity is reversed and the negative half 
cycles are rectified, the result is shown in 
Fig 26.8C. Full-wave rectification of such 
a lopsided wave changes the average 
value, but the peak reading is always the 
same as that of the half cycle that produces 


the highest peak in half-wave rectification. . 


Effective-Value Calibration 


The actual scale calibration of commer- - 


cially made rectifier voltmeters is very 
often (almost always, in fact) in terms of 
RMS values. For sine waves, this is satis- 
factory and useful because RMS is the 
standard measurement at power-line fre- 
quencies. It is also useful for many RF 
applications when the waveform is close 


to sinusoidal. In other cases, particularly ` 


in the AF range, the error may be consid- 
erable when the waveform is not pure. 
: Turn-Over 


From Fig 26.8 it is Apparent that the 
calibration of an average-reading meter 


will be the same whether the positive or . 


negative sides are rectified. A half-wave 
peak-reading instrument, however, will 


indicate different values when its connec- _. 


tions to the circuit are reversed (turn-over 
effect). Very often readings are taken boih 
ways, in which case the sum of the two is 
the peak-to-peak (P-P) value, a useful fig- 
ure in much audio and video work. 


Average- vs Peak-Reading Circuits 


For traditional analog displays, the ba- 
sic difference between average- and peak- 
reading rectifier circuits is that the output 
is not filtered for averaged readings, while 
a filter capacitor is charged to the peak 
. value of the output voltage in order to 

measure peaks. Fig 26.9A and B show 
typical average-reading circuits, one half- 
wave and. the other full-wave. In the ab- 


sence of dc filtering, the meter responds to 


. wave forms such as those shown at B, С: 
` and D in Fig 26.8; and since the inertia of. ; 
the pointer system makes it unable to fol-. - 


low the rapid variations in current, it aver- 
ages them out mechanically. 


In Fig 26.9A, D1 actuates the meter; D2 ` 


provides a low-resistance ас return in the 
meter circuit on the negative half cycles. 
R1 is the voltmeter multiplier resistance. 
R2 forms a voltage divider with R1 
(through D1) that prevents more than a few 
ac volts from appearing across the recti- 
fier-meter combination. A corresponding 


. resistor can be used across the full-wave™ 


bridge circuit. , 
In these two circuits there i is no provi- 
sion to isolate the meter from апу dc volt- 


age in the circuit under test. The resulting. 


errors can be avoided by connecting à 
large nonpolarized capacitor in series with 
the hot lead. The reactance must be low 
compared with the meter impedance (at 
the lowest frequency of interest, more on 
this later) in order for the full ac voltage to 
be applied to the meter circuit. Some 
meters may require as much as 1 uF at line 
(60 Hz) frequencies. Such capacitors are 
usually not included in VOMs. 

Voltage doubler and shunt peak-read- 
ing circuits are shown in Fig 26.9C and D. 


` In both circuits, СІ isolates the rectifier 
from dc voltage іп the circuit under test. In .. 


the voltage-doubler circuit, the time con- 
stant of the C2-R1-R2 combination must 
be very large compared with the period of 
the lowest ac frequency to be measured; 
similarly with C1-R1-R2 in the shunt cir- 


Half— Wave 


(A) 


_ Full-Wave Bridge 
(B) 


cuit. This is so because the capacitor is 
charged to the peak value (Vp.p in C, Vp in 
D) when the ac wave reaches its maximum 
and then must hold the charge (so it can 


' register оп a dc meter) until the next maxi- 


mum of the same polarity. If the time con- 
stant is 20 times the ac period, the charge 
will have decreased by about 5% when the 
next charge occurs. The average voltage ' 


Fig 26:8— Peak vs average ac values 


.for an asymmetrical wave form. Note 


that the peak values are different with 


. positive or negative half-cycle : 


rectification. 


Voltage Doubler 


(c) 


Fig 26.9 — Half (A) and full-wave (B) bridge rectifiers for average-reading, analog- 
display meters. Peak-reading circuits: a voltage doubler (C) and a shunt circuit 


(D). All circuits are discussed in the text. 


. Test Procedures and Projects 
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drop will be smaller, so the error is appre- 
ciably less. The error will decrease rap- 
idly with increasing frequency (if there is 
no change in the circuit values), but it will 
increase at lower frequencies. 

In Fig 26.9C and D, R1 and R2 form a 
voltage divider that reduces the voltage to 
some desired value. For example, if R1 is 
0 Q in the voltage doubler, the voltage 
across R2 is approximately Vp-p; if R1 = 
R2, the output is approximately Vp (as 
long as the waveform is symmetrical). 

The most common application of the 
shunt circuit is an RF probe to read Vgys. 
In that case, R2 is the input impedance of 
aVTVMorDVM: 11 MQ. R1 is chosen so 
that 71% of the peak value appears across 


Sources for R= Ammeters 


RF Ammeter Substitutes 


transmission line wire.tt 


with some batteries thrown in free. 
—John Stanley, KAERO 
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When it comes to getting your own RF ammeter, there's good news and 
bad news. First, the bad news. New RF ammeters are expensive: about $70 
to $200 (in 1994). AM radio stations are the main users of these today. The 
FCC defines the output power of AM stations based on the RF current in the 
antenna, so new RF ammeters are made mainly for that market. They are 
quite accurate, and their prices reflect that. 

The good news is that used RF ammeters are often available. For ex- 
ample, Fair Radio Sales (see the Address List in the References chapter) 
has been a consistent RF-ammeter source. Ham flea markets are also worth 
trying. Some grubbing around in your nearest surplus store or some otder 
ham's junk box may provide just the RF ammeter you need. 


Don't despair if you can't find a used RF ammeter. It's possible to con- 
struct your own. Both hot-wire and thermocouple units can be homemade. 

Pilot lamps in series with antenna wires, or coupled to them in various 
ways, can indicate antenna current" or even forward and reflected power.t 

Another approach is to use a small low-voltage lamp as the heat/light 
element and use a photo detector driving a meter as an indicator. (Your 
eyes and judgment can serve as the indicating part of the instrument.) A 
feed-line balance checker could be as simple as a couple of lamps with the 
right current rating and the lowest voltage rating available. You should be 
able to tell fairly well by eye which bulb is brighter or if they are about equal. 
You can calibrate a lamp-based RF ammeter with 60-Hz or dc power. 

As another alternative, you can build an RF ammeter that uses a dc meter 
to indicate rectified RF from a current transformer that you clamp over a 


Copper-Top Battery Testers as RF Ammeters 


Finally, there are the free RF ammeters that come as the testers with 
Duracell batteries! These are actually З to 5-Q resistors with built-in liquid- 
crystal displays. The resistor heats the liquid-crystal strip; the length of the 
"lighted" portion (heat turns the strip clear, exposing the fluorescent ink 
beneath) indicates the magnitude of the current. 

Despite their “+” and "—" markings, these indicators are not polarized. 
Their resistance is low enough to have relatively little effect on a 50-Q 
system. (For example, putting one in series with a 50-Q dummy load would 
increase the system SWR from 1 to 1.1:1. These testers can measure about 
200 to 400 mA. (You can achieve higher ranges by means of a shunt.) Best 
of all, if you burn out one of these "meters" during your tests, you can 
replace it at any drugstore, hardware store or supermarket for a few dollars, 


* F. Sutter, "What, No Meters?" QST, Oct 1938, p 49. 
t C. Wright, "The Twin-Lamp," QST, Oct 1947, pp 22-23, 110 and 112. 
tt Z. Lau, "A Relative RF Ammeter for Open-Wire Lines," QST, Oct 1988, pp 15-17. 


R2. This converts the peak reading to RMS 
for sine-wave ac. R1 is therefore approxi- 
mately 4.7 МО, making the total resis- 
tance nearly 16 MQ. A capacitance of 0.05 
HF is sufficient for low audio frequencies 
under these conditions. Much smaller val- 
ues of capacitance may be used at RF. 


Voltmeter Impedance 


The impedance of a voltmeter at the fre- 
quency being measured may have an ef- 
fect on the accuracy similar to that caused 
by the resistance of a dc voltmeter, as dis- 
cussed earlier. The ac meter is a resistance 
in parallel with a capacitance. Since the 
capacitive reactance decreases with in- 
creasing frequency, the impedance also 


decreases with frequency. The resistance 
does change with voltage level, particu- 
larly at very low voltages (10 V or less) 
depending on the sensitivity of the meter 
and the kind of rectifier used. 

The ac load resistance represented by a 
diode rectifier is about one-half of its dc- 
load resistance. In Fig 26.9A the dc load is 
essentially the meter resistance, which is 
generally quite low compared with the 
multiplier resistance R1. Hence, the total 
resistance will be about the same as the 
multiplier resistance. The capacitance de- 
pends on the components and construc- 
tion, test-lead length and location, and 
other such factors. In general, the capaci- 
tance has little or no effect at lower line 
and audio frequencies, but ordinary VOMs 
lose accuracy at high audio frequencies 
and are of little use at RF. Rectifiers with 
very low inherent capacitance are used at 
RF and they are usually located at the 
probe tip to reduce losses. 

Similar limitations apply to peak-read- 
ing circuits. In the shunt circuit, the resis- 
tive part of the impedance is smaller than 
in the voltage-doubler circuit because the 
dc load resistance, R1/R2, is directly 
across the circuit under test and in parallel 
with the diode ac load resistance. In both 
peak-reading circuits the effective capaci- 
tance may range from 1 or 2 to a few hun- 
dred pF, with 100 pF typical in most 
instruments. 


Scale Linearity 


Fig 26.10 shows a typical current/volt- 
age chart for a small semiconductor diode, 
which shows that the forward dynamic re- 
sistance of the diode is not constant, but 
rapidly decreases as the forward voltage 
increases from zero. The change from high 
to low resistance happens at much less 
than 1 V, but is in the range of voltage 
needed for a dc meter. With an average- 
reading circuit the current tends to be pro- 
portional to the square of the applied volt- 
age. This makes the readings at the low 
end of the meter scale very crowded. For 
most measurement purposes, however, it 
is far more desirable for the output to be 
linear (that is, for the reading to be directly 
proportional to the applied voltage), which 
means that the markings on the meter are 
more evenly spaced. 

To obtain that kind of linearity it is nec- 
essary to use a relatively large load resis- 
tance for the diode: Large enough that this 
resistance, rather than the diode resis- 
tance, will determine how much current 
flows. With this technique you can have a 
linear reading meter, but at the expense of 
sensitivity. The resistance needed depends 
on the type of diode; 5 kQ to 50 kQ is 
usually enough for a germanium rectifier, 


depending on the dc meter sensitivity, but 
several times as much may be needed for 
silicon diodes. Higher resistances require 
greater meter sensitivity; that is, the basic 
meter must be a microammeter rather than 
а low-range milliammeter. 


Reverse Current 


When semiconductor diodes are re- 
verse biased, a small leakage current 
flows. This reverse current flows during 
the half cycle when the diode should ap- 
pear open, and the current causes an error 
in the dc meter reading. The quantity of 
reverse current is indicated by a diode’s 
back resistance specification. This back 
resistance is so high that reversé current is 
negligible with silicon diodes, but back 
resistance may be less than 100 kQ for 
` germanium diodes. 

The practical effect of semiconductor 
back resistance is to limit the amount of 
resistance that can be used in the dc load. 
This in turn affects the linearity of the 
meter scale. For practical purposes, the 
back resistance of vacuum-tube diodes is 
infinite. 


RF Voltage 


Special precautions must be taken to 
minimize the capacitive component of 
the voltmeter impedance at RF. If pos- 
sible, the rectifier circuit should be in- 
stalled permanently at the point where 
the RF voltage is to be measured, using 
the shortest possible RF connections. 
The dc meter can be remotely located, 
however. 

For general RF measurements an RF 
probe is used in conjunction with an 
11 MQ electronic voltmeter. The circuit 
of Fig 26.11, which is basically the shunt 
peak-reading circuit of Fig 26.9D, is gen- 


Forward mA | 


-&—— Reverse Volts 


Forward Volts ——3» 


Breakdown 


| Reverse pA 


Fig 26.10 — Voltage vs current 
characteristics for a typical 
semiconductor diode. Actual values 
vary with different part numbers, but 
the forward current will always be 
increasing steeply with 1 V applied. 
Note that the forward current scale 
(mA) is 1000 times larger than that for 
reverse leakage current (uA). 
Breakdown voltage varies from 15 V to 
several hundred volts. 


erally used. The series resistor, which is 
installed in the probe close to the rectifier, 
prevents RF from being fed through the 
probe cable to the electronic voltmeter. (In 
addition, the capacitance of the coaxial 
cable serves as a bypass for any RF on the 
lead.) This resistor, in conjunction with 
the 10-MQ divider resistance of the elec- 
tronic voltmeter, reduces the peak recti- 
fied voltage to a dc value equivalent to the 
RMS of the RF signal. Therefore, the RF 
readings are consistent with the regular dc 
calibration. 

Of the diodes readily available to ama- 
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Fig 26.11 — At A is the schematic, at B 
a photo, of an RF probe for electronic 
voltmeters. The case of this probe is a 
seven-pin ceramic tube socket and a 
2'/-inch tube shield. A grommet 
protects the cable where it leaves the 
tube shield, and an alligator clip on the 
cable braid connects the probe to the 
ground of the circuit under test. 


teurs, the germanium point-contact or 
Schottky diode is preferred for RF-probe 
applications. It has low capacitance (on 
the order of 1 pF) and in high-back-resis- 
tance Schottky diodes, the reverse current 
is not serious. The principal limitation is 
that its safe reverse voltage is only about 
50 to 75 V, which limits the applied volt- 
age to 15 or 20 V RMS. Diodes can be 
series connected to raise the overall rat- 
ing. At RF, however, itis more common to 
use capacitors or resistors as voltage di- 
viders and apply the divider output to a 
single diode. 
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AN RF PROBE FOR ELECTRONIC VOLTMETERS 


The circuit of Fig 26.11 can be built into 
a practical RF probe as shown in Figs 
26.12 and 26.13. This vintage Handbook 
project requires a seven-pin miniature 
tube socket and a matching tube shield. 
Both of these items are likely to be found 
at a hamfest or flea market. Alternatively, 
the probe could be built dead-bug style on 
a small strip of PC board for insertion in a 
section of copper or brass tubing. If you 
like close work, build it into a PL-259 
connector! 

The isolation capacitor, C1, diode and 
filter/divider resistor are mounted on a 
bakelite five-lug terminal strip, as shown 
in Fig 26.13. Turn one end lug 90? so it 


Fig 26.12 — A view inside the RF 
probe. The cable is RG-58 coax. 


RF POWER 


RF power can be measured by means of 
an accurately calibrated RF voltmeter con- 
nected across a dummy load in which the 
power is dissipated. If the load is a known 
pure resistance, the power, by Ohm's Law, 
is equal to E2/R, where E is the RMS volt- 
age. 


The Hewlett-Packard 410B/C VTVM 


The Hewlett-Packard 410B and 410C 
VTVMs have been standards of bench mea- 
surement for industry, and they are now 
available as industrial surplus. These units 
are not only excellent VTVMSs, but they are 
also good wide-range RF power meters. 
Both models use a vacuum-tube detector 
mounted in a low-loss probe for ac measure- 
ments. With an adapter that allows the probe 
to contact the center conductor of a trans- 
mission line, it will give very good RF volt- 
age measurements from 1 mV to 300 V and 
from 20 Hz to beyond 500 MHz. Very few 
other measuring instruments provide this 
range in a single sensor/meter. In addition to 
the 410B or C, you will also need a probe 
adapter HP model #11042A. 
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points off the end of the strip. Cut all other 
lugs off flush with the edge of the strip. 
Mount the small components close to the 
terminal strip, to keep lead lengths as short 
as possible and minimize stray capaci- 
tance. Use spaghetti tubing over all wires 
to prevent accidental shorts. 

Where the inner conductor connects to 
the terminal lug, unravel the shield three- 
quarters of an inch, slip a piece of spa- 
ghetti tubing over it and then solder the 


Tip 
Connects 
Here 


Cover With 


yer Spaghetti 


1N34A 


UUVUU 
з Tube Shield 


Spring 


Fig 26.13 — Construction details of the 
RF probe tie strip. Leads are shown 
long here for clarity; keep them as 
short as possible when building. 


Do not take the probe apart for inspec- 
tion because that can change the calibra- 
tion. You can quickly check the probe by 
feeling it after it has been warmed up for 
about 15 minutes. If the body of it feels 
warm it is probably working. Inside, the 
410B is quite different from the C model, 
with the B being simpler. The meter scales 
are also different; the 410C offers better 
resolution and perhaps better accuracy. 

To make RF power measurements, re- 
move the ac probe tip and twist lock the 
probe into the 11042A probe adapter. At- 
tach the output of the adapter to a dummy 
load and use the formula 


pc 
- (8) 
where 
P = power, in watts 
E = value given by the meter, in volts 
R - resistance of the dummy load, in 
ohms. 


The resistance of the dummy load 
should be accurately known to at least 
+0.1 Q, preferably measured with a four- 


braid to the ground lug on the terminal 
strip. Remove the spring from the tube 
shield, slide it over the cable and crimp it 
to the remaining exposed shield braid. 
Solder both the spring and a 12-inch length 
of flexible braid to the shield. 

Next, cut off the pins of a seven-pin 
miniature shield-base tube socket. Use a 
socket with a cylindrical center post. 


‘Crimp the terminal lug that was bent out at 


the end of the strip and insert it into the 
center post of the tube socket from the top. 
Insert a pointed piece of heavy wire into 
the bottom of the tube socket center post 
and solder the lug and tip to the center post. 
Insert a half-inch grommet at the top of the 
tube shield and slide the shield over the 
cable and flexible braid down onto the tube 
socket. The spring should make good con- 
tact with the tube shield to assure that the 
probe case is grounded. Solder an alliga- 
tor clip to the other end of the flexible braid 
and mount a suitable connector on the free 
end of the probe cable. 

The accuracy of the probe is +10% from 
50 kHz to 250 MHz. The approximate in- 
put impedance is 6 КО shunted by 1.75 pF 
(at 200 MHz). 


wire arrangement as described in the sec- 
tion on ohmmeters. For frequent measure- 
ments, make a chart of voltage vs power at 
your most often used wattages. 


The Bird Calorimetric Power Meter 


The Bird Electronic Corporation pro- 
duces a line of laboratory-grade calorimet- 
ric RF power meters. They contain a water 
and glycol mixture in a closed circuit pip- 
ing arrangement not unlike that in an air 
conditioner or refrigerator. A pump forces 
the coolant through a heat exchanger and 
then to a chamber containing a load resis- 
tor. This resistor is heated by the power 
source under measurement. 

Temperature sensors at the input and the 
output of the chamber measure the heat 
rise, which is proportional to the power 
delivered to the resistor. This heat rise is 
displayed by either analog or digital dis- 
plays. 

Occasionally available as industrial sur- 
plus, the HP434 is a long standing indus- 
try standard calorimetric meter. It is cali- 
brated by a very accurate internal dc 
voltage. The input load has a flat fre- 


quency response from dc to 12.5 GHz and 
it can measure power from below 1 mW to 
10 W. It also uses-a resistor in the flow of 
a special oil as a load. The oil transfers 
heat from the dummy load to another re- 
sistor that is one arm of a bridge circuit. As 
the value of this sensing resistor changes 
from the heat, it forces the bridge out of 
‘balance. The bridge meter is calibrated to 
represent power at the input dummy load. 

In practice, the plumbing and metal 
work needed to accomplish this is very 
complicated. Don’t attempt repairs. Even 
so “the box,” as it is called, can be sent 
back to the factory for repair. The oil is 
Dow Corning 200, which is only slightly 
thicker than alcohol and evaporates 
quickly. If you get an instrument of this 
caliber in working condition, however, it 
can be a powerful tool to measure RF 
power accurately over a wide range of fre- 
quency and power. 


DIRECTIONAL WATTMETERS 


Directional wattmeters of varying qual- 

ity are commonly used by the amateur 
community. The high quality standard is 
made by the Bird Electronic Corporation, 
.who call their proprietary line 
. THRULINE. The units are based on a sam- 


pling system built into a short piece of 50- 


Q transmission line with plug-in elements 
.for-various power and frequency ranges: 


| АС BRIDGES 


In its simplest form, the ac bridge is 
exactly the same as the Wheatstone bridge 
discussed earlier in the dc measurement 
section of this chapter. However, complex 


impedances can be substituted for resis- 
tances, as suggested by Fig 26.14A. The 
same bridge equation holds if Z (complex 
impedance) is substituted for R in each 
arm. For the equation to be true, however, 
both phase angles and magnitudes of the 
impedances must balance; otherwise, a 
true null voltage is impossible to obtain. 
This means that a bridge with all “pure” 
arms (pure resistance or reactance) cannot 
measure complex impedances; a combi- 
nation of R and X must be present in at 
least one arm aside from the unknown. 

The actual circuits of ac bridges take 
many forms, depending on the intended 
measurement and the frequency range to 
be covered. As the frequency increases, 
stray effects (unwanted capacitances and 
inductances) become more pronounced. 
At RF, it takes special attention to mini- 
mize them. 

Most amateur built bridges are used for 
RF measurements, especially SWR mea- 


" surements on transmission lines. The cir- 


cuits at Fig 26.14B and С аге favorites for 
this purpose. 


Fig 26.14B is useful for measuring both 
transmission lines and lumped constant. 


components. Combinations of resistance 
and capacitance are often used in one or 
more arms; this may be required for elimi- 
nating the effects of stray capacitance. The 
bridge shown in Fig 26.14C is used only 
on transmission lines and only on those 
lines having the characteristic impedance 
for which the bridge is designed. 


SWR Measurement 
The theory behind SWR measurement 


Frequency Measurement 


The FCC Rules for Amateur Radio re- 
quire that transmitted signals stay inside 
the frequency limits of bands consistent 
with the operator’s license privileges. The 
exact frequency need not be known, as 
long as it is within the limits. On these 
limits there are no tolerances: Individual 
amateurs must be sure that their signal 

- stays safely inside. The current limits for 


each license class can be found in the Ref- : 


erences chapter and in the current edition 
of The FCC Rule Book, published by the 
ARRL. 

Staying within these limits is not diffi- 
cult; many modern transceivers do so au- 
tomatically, within limits. If your radio 
uses a PLL synthesized frequency source, 


just tune.in WWV or another frequency 
standard accasionally. 


Checks on older equipment require 


some simple equipment and careful ad- 
justing. The equipment commonly used is 
the frequency marker generator and the 
method involves use of the station re- 
ceiver, as shown in Fig 26.15. 


FREQUENCY MARKER 
GENERATORS 


A marker generator, in its simplest 
form, is a high-stability oscillator that 
generates a series of harmonic signals. 
When an appropriate fundamental is cho- 
sen, harmonics fall near the edges of the 
amateur frequency allocations. 
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AC 
Source 


AC 
Source 


Fig 26.14 — A shows a bridge circuit 
generalized for ac or dc use. B is a 
form of ac bridge for RF applications. C 
is an SWR bridge for use in 
transmission lines. 


. is covered in the Transmission Lines 


chapter and more fully in The ARRL 
Antenna Book. Projects to measure SWR 
appear in the Station Accessories chapter 
of this Handbook. 


Freq 
Standard 


Receiver pa 
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INPUT ^l. 


—— 
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Fig 26.15 — A setup for checking 
transmitter frequency. Use care to 
ensure that the transmitter does not 
overload the receiver. False signals 
would result; see text. 
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Most US amateur band and subband 
limits are exact multiples of 25 kHz. A 25- 
kHz fundamental frequency will therefore 
produce the right marker signals if its har- 
monics are strong enough. But since har- 
monics appear at 25-kHz intervals 
throughout the spectrum, there is still a 
problem of identifying particular markers. 
This is easily solved if the receiver has 
reasonably good calibration. If not, most 
marker circuits provide a choice of funda- 
mental outputs, say 100 and 50 kHz as well 
as 25 kHz. Then the receiver can be first 
set to a 100-kHz interval. From there, the 
desired 25-kHz (or 50-kHz) points can be 
counted. Greater frequency intervals are 
rarely required. Instead, tune in a signal 
from a station of known frequency and 
count off the 100-kHz points from there. 


Transmitter Checking 


To check transmitter frequency, tune in 
the transmitter signal on a calibrated re- 
ceiver and note the dial setting at which it 
is heard. To start, reduce the transmitter to 
its lowest possible level to avoid receiver 
overload. Also, place a direct short across 
the receiver antenna terminals, reduce the 
RF gain to minimum and switch in any 
available receiver attenuators to help pre- 
vent receiver IMD, overload and possible 
false readings. 

Place the transmitter on standby (not 
transmitting) and use the marker genera- 
tor as a signal source. Tune in and identify 
the nearest marker frequencies above and 
below the transmitter signal. The transmit- 
ter frequency is between these two known 
frequencies. If the marker frequencies are 
accurate, this is all you need to know, ex- 
cept that the transmitter frequency must 
not be so close to a band (or subband) edge 
that sidebands extend past the edge. 

If the transmitter signal is inside a 


marker at the edge of an assignment, to the 
extent that there is an audible beat note 
with the receiver BFO turned off, normal 
CW sidebands are safely inside the edge. 
(So long as there are no abnormal side- 
bands such as those caused by clicks and 
chirps.) For phone the safety allowance is 
usually taken to be about 3 kHz, the usual 
width of one sideband. A frequency dif- 
ference of this much can be estimated by 
noting the receiver dial settings for the two 
25-kHz markers that are either side of the 
signal and dividing 25 by the number of 
dial divisions between them. This will give 
the number of kilohertz per dial division. 
It is a prudent practice to allow an extra 
kHz margin when setting the transmitter 
close to a band or subband edge (5-kHz.is 
a safe HF margin for most modes on mod- 
ern transmitters). 


Transceivers 


The method described above is good 
when the receiver and transmitter are sepa- 
rate pieces of equipment. When a trans- 
ceiver is used and the transmitting fre- 
quency is automatically the same as that to 
which the receiver is tuned, setting the 
tuning dial to a spot between two known 
marker frequencies is all that is required. 
The receiver incremental tuning control 
(RIT) must be turned off. 

The proper dial settings for the markers 
are those at which, with the BFO on, the 
signal is tuned to zero beat (the spot where 
the beat note disappears as tuning makes 
its pitch progressively lower). Exact zero 
beat can be determined by a very slow rise 
and fall of background noise, caused by a 
beat of a cycle or less per second. In re- 
ceivers with high selectivity it may not be 
possible to detect an exact zero beat, be- 
cause low audio frequencies from beat 
notes may be prevented from reaching the 


speaker or headphones. 

Most commercial equipment has some 
way to match either the equipment's inter- 
nal oscillator or marker generator with the 
signal received from WWV on one of its 
short-wave frequencies. It is a good idea 
to do this check on a new piece of gear. A 
recheck about a month later will show if 
anything has changed. Normal commer- 
cial equipment drifts less than 1 kHz after 
warm up. 

Also check the dial linearity of equip- 
ment that has an analog dial or subdial. 
Often analog dials do not track frequency 
accurately across an entire band. Such ra- 
dios usually provide for pointer adjust- 
ment so that dial error can be minimized at 
the most often used part of a band. 


Frequency-Marker Circuits 


The frequency in most amateur fre- 
quency markers is determined by a 100- 
kHz or 1-MHz crystal. Although the 
marker generator should produce harmon- 
ics every 25-kHz and 50-kHz, crystals (or 
other high-stability resonators) for fre- 
quencies lower than 100 kHz are expen- 
sive and rare. There is really no need for 
them, however, since it is easy to divide 
the basic frequency down to the desired 
frequency; 50- and 25-kHz steps require 
only two successive divisions by two 
(from 100 kHz). In the division process, 
the harmonics of the generator are 
strengthened so they are useful up to the 
VHF range. Even so, as frequency in- 
creases the harmonics weaken. 

Current marker generators are based on 
readily available crystals. A 1 MHz basic 
oscillator would first be divided by 10 to 
produce 100 kHz and then followed by two 
successive divide-by-two stages to pro- 
duce 50 kHz and 25 kHz. 


A MARKER GENERATOR WITH SELECTABLE OUTPUT 


Fig 26.16 shows a marker generator 
with selectable output for 100, 50 or 25- 
kHz intervals. It provides marker sig- 
nals well up into the 2-m band. The 
project was first built by Bruce Hale, 
KB1MW, in the ARRL Lab. A more 
detailed presentation appeared in the 
Station Accessories chapter of Hand- 
books from 1987 through 1994. An etch- 
ing pattern and parts-placement dia- 
gram are available for this project. 
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Write, phone or e-mail the Technical 
Department Secretary at ARRL HQ and 
request the '95 Handbook Marker Gen- 
erator package. 

А 1,2 or 4-MHz computer-surplus crys- 
tal is suitable for Y1. Several prototypes 
were built with such crystals and all could 
be tuned within 50 Hz at 100 kHz. The 
marker division ratio must be chosen once 
the crystal frequency is selected. This is 
accomplished by means of several jump- 


ers that disable part or all of U2A, the dual 
flip-flop IC. When Y1 is a 1-MHz crystal, 
U2 may be omitted entirely. Table 26.2 
gives the jumper placement for each crys- 
tal frequency. 

The prototypes were built with TTL 
logic ICs. Unused TTL gate inputs should 
always be connected either to ground or to 
Vcc through a pull-up resistor. If low- 
power Schottky (they have “LS” as part of 
their numerical designator) parts are avail- 


able for U1 through U4, use them. They 
draw much less current than plain TTL, 
and will greatly extend battery life. 


Table 26.2 
Marker Generator Jumper 
Placement 
Crystal Frequency Jumper Placement 
1 MHz A to F (U2 not used) 
2 MHz AtoB 

CtoF 

D to +5 V, 

via 1-kQ resistor 

4 MHz i Ato B 

CtoD 

EtoF 


to Point "D" in 
2 MHz Version Only 


12 Т Jumper 9 Jumper 
p [uc p—s d 6 © 
13 


A B D E F 
| 6l 


Frequency 
Trim 


to All 
+5-V 
Points 


Except as indicated, decimal values of 

capacitance are in microfarads ( uF); C2 100 kHz 
others are in picofarads ( pF ); S 
resistances are in ohms; k=1,000, M=1,000,000. OW _50 kHz 


(A) 


О 
51А 25 kHz 


Fig 26.16 — Schematic diagram and photo of the marker generator. 


C1 — 5-60 pF miniature trimmer U2, U4 — 7474 or 74LS74 dual D flip- U5 — 78L05, 7805 or LM340-T5 5-V 
capacitor. flop. voltage regulator. 

C2 — 20-pF disc ceramic. U3 — 7490 or 74LS90 decade counter. Y1 — 1, 2 or 4-MHz crystal in HC-25, 

U1 — 7400 ог 741.500 quad nann gate. HC-33 or HC-6 holder. 
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DIP METERS 


This device is often called a transistor 
dip meter or a grid-dip oscillator (from 
vacuum-tube days). Most dip meters can 
also serve as absorption frequency meters 
(in this mode measurements are read at the 
current peak, rather than the dip). Further, 
some dip meters have a connection for 
headphones. The operator can usually hear 
signals that do not register on the meter. 
Because the dip meter is an oscillator, it 
can be used as a signal generator in certain 
cases where high accuracy or stability are 
not required. 

A dip meter may be coupled to a circuit 


CURRENT 
————- 


MAXIMUM INDUCTIVE COUPLING 


(А) 


280 


MAXIMUM CAPACITIVE COUPLING 


(B) 


Fig 26.17 — Dip meter coupling. (A) 
uses inductive coupling and (B) uses 
capacitive coupling. 


either inductively or capacitively. Induc- 
tive coupling results from the magnetic 
field generated by current flow. Therefore, 
inductive coupling should be used when a 
conductor with relatively high current is 
convenient. Maximum inductive coupling 
results when the axis of the pick-up coil is 
placed perpendicular to a nearby current 
path (see Fig 26.17). 

Capacitive coupling is required when 
current paths are magnetically confined or 
shielded. (Toroidal inductors and coaxial 
cables are common examples of magnetic 
self shielding.) Capacitive coupling de- 
pends on the electric field produced by 
voltage. Use capacitive coupling when a 
point of relatively high voltage is conve- 
nient. (An example might be the output of 
a 12-V powered RF amplifier. Do not at- 
tempt dip-meter measurements on true 
high-voltage equipment such as vacuum- 
tube amplifiers or switching power sup- 
plies while they are energized.) Capacitive 
coupling is maximum when the end of the 
pick-up coil is near a point of high voltage 
(see Fig 26.17). In either case, the circuit 
under test is affected by the presence of the 
dip meter. Always use the minimum cou- 
pling that yields a noticeable indication. 

Use the following procedure to make 
reliable measurements. First, bring the dip 
meter gradually closer to the circuit while 
slowly varying the dip-meter frequency. 
When a current dip occurs, hold the meter 
steady and tune for minimum current. 
Once the dip is found, move the meter 
away from the circuit and confirm that the 
dip comes from the circuit under test (the 
current reading should increase with dis- 
tance from the circuit until the dip is gone). 
Finally, move the meter back toward the 
circuit until the dip is just noticed. Retune 
the meter for minimum current and read 


A DIP METER WITH DIGITAL DISPLAY 


An up to date dip meter was described by 
Larry Cicchinelli in the October 1993 issue 
of QEX. It consists of a dip meter with a 
three-digit frequency display. The analog 
portion of the circuit consists of an FET 
oscillator, voltage-doubler detector, dc-off- 
set circuit and amplifier. The digital portion 
of the circuit consists of a high-impedance 
buffer, prescaler, counter, display driver, 
LED display and control circuit. 


Circuit Description 


The dip meter shown in Fig 26.18 has 
four distinct functional blocks. The RF os- 
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cillator is a standard Colpitts using a com- 
mon junction FET, Q1, as the active ele- 
ment. Its range is about 1.7 to 45 MHz. The 
200-pF tuning capacitor gives a 2:1 tuning 
range. A 2:1 frequency range requires a 
capacitor with a 4:1 range. The sum of the 
minimum capacitance of the variable, the 
capacitors across the inductor and the 
strays must therefore be in the order of 70 
pF. The values of L1 were determined ex- 
perimentally by winding the coils and ob- 
serving the lower and upper frequency 
values. [Table 26.3 shows winding data cal- 
culated from the author's schematic.—Ed. ] 


the dip-meter frequency with a calibrated 
receiver or frequency meter. 

The current dip of a good measurement 
is smooth and symmetrical. A asymmetri- 
cal dip indicates that the dip-meter oscil- 
lator frequency is being significantly in- 
fluenced by the test circuit. Such 
conditions do not yield usable readings. 

A measurement of effective unloaded 
inductor Q can be made with a dip meter 
and an RF voltmeter (or a dc voltmeter 
with an RF probe). Make a parallel reso- 
nant circuit using the inductor and a ca- 
pacitance equal to that of the application 
circuit. Connect the RF voltmeter across 
this parallel combination and measure the 
resonant frequency. Adjust the dip-meter/ 
circuit coupling for a convenient reading 
on the voltmeter, then maintain this dip- 
meter/circuit relationship for the remain- 
der of the test. Vary the dip meter fre- 
quency until the voltmeter reading drops 
to 0.707 times that at resonance. Note the 
frequency of the dip meter and repeat the 
process, this time varying the frequency 
on the opposite side of resonance. The 
difference between the two dip meter read- 
ings is the test-circuit bandwidth. This can 
be used to calculate the circuit Q: 


Q= ow (9) 


where 
fy = operating frequency, 
BW = measured bandwidth in the same 
units as the operating frequency. 


When purchasing a dip meter, look for 
one that is mechanically and electrically 
stable. The coils should be in good condi- 
tion. A headphone connection is helpful. 
Battery-operated models are convenient 
for antenna measurements. 


Fig 26.18 — A schematic diagram of the 

dip meter. All diodes are 1N914 or 

similar. All resistors are 1/4 W, 5%. 

Q1, Q2 — MPF102 JFET transistor. 

Q3, Q6, Q7, Q8 — 2N3906 PNP 
transistor. 

Q4, Q5, Q9, Q10 — 2N3563 (or any 
general purpose NPN). 


U1 — LM324. 

U2, U3 — 74HC4017. 

U4 — MC14553. — 
U5 — 4543. 

U6 — 4017. 

U7 — 78L05. 


sjoefoJd pue ѕәлпрәооза 1S9] 
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R3 
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7 1000 


+9 V 


Except as indicated, decimal vatues of 
capacitance are in microfarads ( ШЕ); 

others are in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 
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Table 26.3 
Calculated Coil Data for the Dip 
Meter 


Frequency 

(MHz) L uH Turns 
1.7 to 3.1 48.6 52 
2.8 to 5.9 16.3 23 
5.6 to 11.9 4.0 9 
9.7 to 20.7 1.3 5 
19.0 to 45.0 0.3 2 


The coil sizes were experimentally deter- 
mined, and the coils are constructed on 1'/4- 
inch-diameter plug-in coil forms with #20 
enameled wire. They are close wound. The 
number of turns shown are only a starting 
point; you may need to change them slightly 
in order to cover the desired frequency range. 

The tapped capacitors are mounted inside 
the coil forms so that their values could be 
different for each band if required. The fre- 
quency spread of the lowest band is less than 
2:1 because the tapped capacitor values are 
larger than those for the other bands. The fre- 
quency spread of the highest band is greater 
than 2:1 because its capacitors are smaller. 

The analog display circuit begins with a 
voltage-doubler detector in order to get 
higher sensitivity. It drives a dc-offset cir- 
cuit, ША. КІ inserts a variable offset that is 
subtracted from the detector voltage. This 
allows the variable gain stage, U1B, to be 
more sensitive to variations in the detector 
output voltage. Q9 follows UIC to get an 
output gating voltage closer to ground. The 
resistor in series with the meter is chosen to 
limit the meter current to a safe value. For 
example, ifa 1-mA meter is used, the resistor 
should be 8.2 КО, 

The prescaler begins with a high-imped- 
ance buffer and amplifier, Q2 and Q3. If you 
are going to use the meter for the entire fre- 
quency range described, take care in the lay- 
out of both the oscillator and buffer/ampli- 
fier circuits. The digital portion of the 


FREQUENCY COUNTERS 


One of the most accurate means of mea- 
suring frequency is a frequency counter. 
This instrument is capable of numerically 
displaying the frequency of the signal sup- 
plied to its input. For example, if an oscilla- 
tor operating at 8.244 MHz is connected to 
a counter input, 8.244 would be displayed. 
At present, counters are usable well up into 
the gigahertz range. Most counters that are 
used at high frequencies make use of a 
prescaler ahead of a basic low-frequency 
counter. À prescaler divides the high-fre- 
quency signal by 10, 100, 1000 or some 
other fixed amount so that a low-frequency 
counter can display the operating frequency. 

The accuracy of the counter depends on its 
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prescaler is a divide-by- 100 circuit consist- 
ing of two divide-by- 10 devices, U2 and U3. 
The devices used were selected because they 
were available. Any similar devices may be 
used as long as the reset circuit is compat- 
ible. О5 is a level translator that shifts the 5- 
V signal to 9 V. 

The first part of the digital display block is 
the oscillator circuit of UIC, which creates 
the gate time for the frequency counter. R3 
adjusts the oscillator to a frequency of 500 
Hz, yielding a 1-ms gate. The best way to set 
this frequency is to listen for the dip-meter 
output on a communications receiver and 
adjust R3 until the display agrees with the 
receiver. Once this calibration has been made 
for one of the bands, all the bands are cali- 
brated. U1D gives a low-impedance voltage 
reference for U1C. Q9 was added to the out- 
put of the oscillator to remove a small glitch, 
which can cause the counter to trigger incor- 
rectly. This type of oscillator has the advan- 
tage of simplicity. This círcuit is fairly stable, 
easy to adjust and has a low parts count. 

The digital system controller, U6, is a di- 
vide-by-10 counter. It has 10 decoded out- 
puts, each of which goes high for one period 
of the input clock. The QO output is used to 
reset the frequency counter, U4. The Q1 
output is used to enable the prescaler and 
disable the display and the Q2 output latches 
the count value into the frequency counter. 
Since the prescaler can only count while Q1 
is high, it will be enabled for only 1 ms. 
Normally a 1-ms gate will yield 1-kHz reso- 
lution. Since the circuit uses a divide-by-100 
prescaler, the resolution becomes 100 kHz. 

The frequency counter, U4, is a three-digit 
counter with multiplexed BCD outputs. The 
clock input is driven from the prescaler, 
hence it is the RF oscillator frequency di- 
vided by 100. This signal is present for only 
1 ms out of every 10 ms. The digit scanning 
iscontrolled by the 500- Hz oscillator ofU1C. 

US is a BCD-to-seven-segment decoder/ 
driver. Its outputs are connected to each of 
the three common-anode, seven-segment 


internal crystal reference. A more accurate 
crystal reference yields more accurate read- 
ings. Crystals for frequency counters are 
manufactured to close tolerances. Most 
counters have a trimmer capacitor so that the 
crystal can be set exactly on frequency. Crys- 
tal frequencies of 1 MHz, 5 MHz or 10 MHz 
have become more or less standard. For cali- 
bration, harmonics of the crystal can be com- 
pared to a known reference station, such as 
those shown in Table 26.1, or other frequency 
standard and adjusted for zero beat. 

Many frequency counters offer options 
to increase the accuracy of the counter 
timebase; this directly increases the 
counter accuracy. These options usually 


displays in parallel. Only the currently active 
digit will be turned on by the digit strobe 
outputs of U5, via Q6, Q7 and Q8. The diode 
connected to the blanking input of U5 dis- 
ables the display while U4 is counting. U7 is 
a5-V regulator that allows the use of a single 
9-V battery for both the circuit and the LEDs. 
S2 turns on the displays once the unit has 
been adjusted for a dip. 

The circuit draws about 20 mA with the 
LEDs off and up to 35 mA with the LEDs on. 

Many ofthe resistor values are not critical, 
andthose used were chosen based upon avail- 
ability; the op-amp circuits depend primarily 
onresistance ratios. The resistor at the collec- 
tor of Q3 is critical and should not be varied. 
Use 0.27-рЕ monolithic capacitors. They 
have the required good high-frequency char- 
acteristics over the range of the meter. 

Most of the parts can be purchased from 
Digi-Key. They did not have the '4543 IC, 
which was purchased from Hosfelt Electron- 
ics. (See Address List in the References 
chapter). The 74HC4017 may be substituted 
with a 74HCT4017. The circuit is built on a 
4-inch-square perf board (with places for up 
to 12 ICs) and is housed in a 7x5x3-inch 
minibox. 


Operation 


To use the unit, set the gain, R2, fully 
clockwise for maximum sensitivity. With 
this setting, the output of the offset circuit 
(Q10 emitter) is at ground. As R1 is rotated, 
the voltage on the arm approaches and then 
becomes less than, the detector output. At 
this point the meter will start to deflect up- 
ward. Adjust R1 so that the meter reads about 
center scale. (Manual adjustment allows for 
variations in the output level of the RF oscil- 
lator.) As L1 is brought closer to the circuit 
under test, the meter will deflect downward 
as energy is absorbed by the circuit. For best 
results use the minimum possible coupling 
to the circuit being tested. If the dip meter is 
overcoupled to the test circuit, the oscillator 
frequency will be pulled. 


employ temperature-compensated crystal 
oscillators (TCXOs) or crystals mounted 
in constant temperature ovens that keep the 
crystal from being affected by changes in 
ambient (room) temperature. Counters 
with these options may be accurate to 0.1 
ppm (part per million) or better. For ex- 
ample, a counter with a timebase accuracy 
of 5.0 ppm and a second counter with a 
TCXO accurate to 0.1 ppm are available to 
check a 436-MHz CW transmitter for sat- 
ellite use. The counter with the 5-ppm 
timebase could have a frequency error of 
as much as 2.18 kHz, while the possible 
error of the counter with the 0.1 ppm 
timebase is only 0.0436 kHz. 


Other Instruments and Measurements 


This section covers a variety of test 
equipment that is useful in receiver and 
transmitter testing. It includes RF and au- 
dio generators, an inductance meter, os- 
cilloscopes, spectrum analyzers, a cali- 
brated noise source, a noise bridge, an 
advanced resonance indicator, combiners, 
attenuators and dummy loads. A number 
of applications of this equipment to basic 
transmitter and receiver testing is also 
included. 


RF OSCILLATORS FOR CIRCUIT 
ALIGNMENT 


Receiver testing and alignment uses 
equipment common to ordinary radio 
service work. Inexpensive RF signal 
generators are available, both complete 
and in kit form. However, any source of 
signal that is weak enough to avoid 
overloading the receiver usually will 
serve for alignment work. The fre- 
quency marker generator is a satisfac- 
tory signal source. In addition, its fre- 
quencies, although not continuously 
adjustable, are known far more pre- 
cisely, since the usual signal-generator 
calibration is not highly accurate. An 
attenuator described later in this chapter 
can be added for relative dB measure- 
ments. When buying a used or inexpen- 
sive signal generator, look for these at- 
tributes: output level is calibrated, the 
output doesn’t “ring” too badly when 
tapped, and doesn’t drift too badly when 
warmed up. Many military surplus units 
are available that can work quite well. 
Commercial units such as the HP608 are 


big and stable, and they may be inex- 
pensive. 


AUDIO-FREQUENCY 
OSCILLATORS 


An audio signal generator should pro- 
vide areasonably pure sine wave. The best 
oscillator circuits for this use are RC 
coupled, operating as close to a class-A 
amplifier as possible. Variable frequen- 
cies covering the entire audio range are 
needed for determining frequency re- 
sponse of audio amplifiers. 

An oscillator generating one or two fre- 
quencies with good waveform is sufficient 
for most phone-transmitter testing and 
simple troubleshooting in AF amplifiers. 
A two-tone (dual) oscillator is very useful 
for testing and adjusting sideband trans- 
mitters. 

A circuit of a simple RC oscillator that 
is useful for general testing is given in 
Fig 26.19. This Twin-T arrangement gives 
a waveform that is satisfactory for most 
purposes. The oscillator can be operated 
at any frequency in the audio range by 
varying the component values. R1, R2 and 
СІ forma low-pass network, while C2, СЗ 
and R3 form a high-pass network. As the 
phase shifts are opposite, there is only one 
frequency at which the total phase shift 
from collector to base is 180°: Oscillation 
will occur at this frequency. When C1 is 
about twice the capacitance of C2 or C3 
the best operation results. R3 should have 
aresistance about 0.1 that of R1 or R2 (C2 
= СЗ and R1 = R2). Output is taken across 
C1, where the harmonic distortion is least. 


Test Procedures and Projects 


Use a relatively high impedance load — 
100 kQ or more. 

Most small-signal AF transistors can be 
used for Q1. Either NPN or PNP types are 
satisfactory if the supply polarity is set 
correctly. R4, the collector load resistor 
may be changed a little to adjust the oscil- 
lator for best output waveform. 


Fig 26.19 — Values for the twin-T audio 
oscillator circuit range from 18 kO for 
R1-R2 and 0.05 uF for C1 (750 Hz) to 

15 КО and 0.02 uF for 1800 Hz. For the 
same frequency range, R3 and C2-C3 
vary from 1800 Q and 0.02 uF to 1500 2 
and 0.01 uF. R4 is 3300 О and C4, the 
output coupling capacitor, can be 

0.05 uF for high-impedance loads. 
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A WIDE-RANGE AUDIO 
OSCILLATOR 


A wide-range audio oscillator that 
will provide a moderate output level can 
be built from a single 741 operational 
amplifier (Fig 26.20). Power is supplied 
by two 9-V batteries from which the 
circuit draws 4 mA. The frequency 
range is selectable from 8 Hz to 150 
kHz. Distortion is approximately 1%. 
The output level under a light load (10 
kQ)is 4to 5 V. This can be increased by 
using higher battery voltages, up to a 
maximum of plus and minus 18 V, with 
a corresponding adjustment of Rp. 

Pin connections shown are for the 
TO-5 case and the eight-pin DIP pack- 
age. Variable resistor Rp is trimmed for 
an output level of about 5% below clip- 
ping as seen on an oscilloscope. This 
should be done for the temperature at 
which the oscillator will normally oper- 
ate, as the lamp is sensitive to ambient 
temperature. This unit was originally 
described by Shultz in November 1974 
QST; it was later modified by Neben as 
reported in June 1983 QST. 


DUMMY ANTENNAS 

A dummy antenna is simply a resistor 
that can be substituted for an antenna or 
transmission line for test purposes. The 
dummy must have the same resistance as 
the antenna or line it replaces. A 50-Q 
antenna should be replaced with a 50-Q 
dummy load. A dummy antenna permits 
leisurely transmitter testing without radi- 
ating a signal. (Amateur regulations 
strictly limit the amount of on-the-air test- 
ing that may be done.) A dummy antenna 
is useful in testing receivers because it 
does not pick up external noise and 
signals. 

For transmitter tests, a dummy antenna 
must be able to dissipate all of the trans- 
mitter output power. For most testing it is 
important that the dummy act like a per- 
fectly matched transmission line; it should 
be a pure resistance. This is difficult in 
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Fig 26.20 — A single IC (741 op amp) based audio oscillator. The frequency 


range is set by switch S1. 


home construction, because nonreactive 
resistors rated at more than a few watts of 
safe dissipation are not common. Tubular 
carborundum nonreactive resistors can 
often be found in military surplus trans- 
mitters and antenna tuners. Such resistors 
are usually rated from 50 to 100 W. 
Dummy antennas or dummy loads are 
available as surplus, and new from manu- 
facturers. 

Dummy loads are rated according to 
power dissipation, duty cycle, and maxi- 
mum frequency. The traditional "resistor 
in a paint can" (as sold by the Heath Com- 
pany for many years) works very well, but 
some may contain old fashioned trans- 
former oil. Transformer oil may have toxic 
PCBs in it, whereas mineral oil is not a 
problem for use around a shack. Check 
surplus catalogs for surplus loads by Bird, 


Micro-match, Sierra, Narda, Weinschel, 
Hewlett-Packard and others. All are suit- 
able for ham use. 

Lab-quality loads are often rated at 1 W 
or less. In use, large finned power attenu- 
ators reduce the test signal to a level ap- 
propriate for the load. For example at 
30-dB power attenuator (the ARRL Lab's 
is about 6x12x20 inches) reduces 1500 W 
to 1.5 W. 

Before buying a used dummy load, 
measure its resistance. Resistances be- 
tween 50 and 55 Q mean it has probably 
not been overheated, but values such as 45 
or 68 Q indicate a bad resistor. Most loads 
are simple to work on. If the parts are avail- 
able from the manufacturer, a damaged 
one may be a good choice. A surplus Bird 
694 “Termaline” is an excellent 1-kW HF 
wattmeter and wide-range dummy load. 


Stay away from test loads that are not well 
shielded or that have long leads connect- 
ing to other circuits as well as ones with 
resistors that are obviously too small for 
the claimed power rating. 

An excellent dummy antenna can be 
made for receiver and low power transmit- 
ter testing by installing a 51- or 75-Q com- 
position resistor in a PL-259 fitting, as 
shown in Fig 26.21. Sizes from 0.5 to 
2 W are satisfactory. The disc at the end 
helps reduce lead inductance and com- 
pletes the shield. Dummy antennas made in 
this way have good characteristics from dc 
through the VHF bands. The same tech- 
nique can be used with BNC and SMA con- 
nectors for use up through the UHF bands. 


Increasing Power Ratings 


More power can be handled by using a 
number of 2-W resistors in parallel or se- 
ries-parallel, but the practice adds some 
reactance. If the load is for use only on the 
HF bands this is a practical method for 
getting increased dissipation in a dummy 
antenna. Stray inductance is the main 
problem; it can be minimized by mounting 
the resistors on flat copper strips or sheets, 
as shown in Fig 26.22. 

Resistors are usually rated for continu- 
ous dissipation in free air. In practice, the 
maximum power dissipated can be in- 


SOLDER 


` BRASS OR COPPER DISC 


Fig 26.21 — Dummy antenna built into 
a coax plug. A composition resistor is 
soldered as shown; the outside cap 
screws on after soldering. 


creased for short time periods. Thus with 
keying that has a duty cycle (the ratio of 
the on time to the period of a complete on- 
off cycle) of 50%, the rating can be 
doubled. The duty cycle for SSB is usually 
taken as 30% or less. The best way of judg- 
ing is to feel the resistors occasionally 
(with the power off); if too hot to touch, 
they may be dissipating too much power. 
At extreme power levels, however, it 
doesn’t matter how short the time is— 
small resistors will be damaged. 

Years ago, ordinary incandescent light 
bulbs were used as dummy loads for 
vacuum tube transmitters. Operators 
would tune the transmitter for maximum 
light output. While this is visually satisfy- 
ing, it’s not a good idea: Light bulbs are 


A SIMPLE INDUCTANCE METER 


The inductance meter shown in Fig 
26.23 measures the relative Q of a coil as 
well as its inductance. The Q/L meter is 
based on a design by Doug DeMaw, 
WIFB; this version was built by Zachary 
Lau, KH6CP, in the ARRL Lab. Simple 
LC Hartley oscillators replace the crystal 
oscillators used in the original design, 
eliminating the need for low-pass filters 
and reducing circuit complexity and cost. 
The accuracy of the meter is approxi- 
mately +10% using the dial layout shown. 
Greater accuracy can be achieved by cali- 
brating the meter against known high- 
accuracy standards. 


Circuit Details 


The schematic of the Q/L meter is 
shown in Fig 26.24. A low-level RF signal 
is generated using an oscillator and an 
amplifier (Q1 through Q5). This signal is 
then applied to a tuned circuit consist- 
ing of the inductor under test and a cali- 


brated capacitor. The voltage across the 
tuned circuit is measured using Q6 and 
displayed on МІ, a 200 uA meter. When 
the capacitor is adjusted for resonance 
at the frequency of the RF signal, the 
voltage across the tuned circuit is maxi- 
mized, resulting in a peak indication on 
the meter. 

The crystal oscillators used in the origi- 
nal versions were replaced with Hartley 
LC oscillators as a cost-cutting measure. 
While the Hartley oscillators do not have 
the great stability of crystal oscillators, 
they are adequate for this application. The 
output of the LC oscillators is relatively 
clean and no additional filtering is needed. 
The potentiometers from source to ground 
allow control of the power to the buffer 
amplifier. 

The buffer amplifier is a broadband 
class-A amplifier with shunt and emitter 
feedback. T1 is used to match the 0.33-Q 
load to the amplifier, as the load tends 
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Fig 26.22 — Resistors wired in series- 
parallel and mounted in the open air 
increase the power rating of a small 
dummy antenna. A flat copper bus is 
used to reduce inductance to a 
minimum. Eight 100-O, 2-W 
composition resistors in two groups, 
each four resistors in parallel, can be 
connected in series to form a 50-O 
dummy load. 


not usually 50 Q; they can have large reac- 
tances, so they are not matched to most 
transmitters. In cases where ahigher SWR 
load is acceptable, however, they may 
prove useful. 


to swamp out the frequency dependence 
of the circuit. 

A voltage-to-current amplifier (Q6) is 
used to show the amount of RF present at J1. 


Fig 26.23 — The inductance meter is 
calibrated to provide direct readings of 
0.12 uH to 1.8 mH. 
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22.13 MHz 


Fig 26.24 — Inductance meter schematic diagram. All capacitors are disc ceramic unless otherwise noted. All fixed resistors 


are 1/ ог '/2-W units. 


C1, C2, C4, C5, C7, C8, C10 and C11 — 
NPO disc, silver mica or polystyrene. 

C17 — 365 pF air variable, RADIOKIT 
BC-01 with Jackson Brothers 
4511/DAF vernier or equiv. 

D1-D4 — High-speed silicon diode; 
1N914 or 1N4148. 

L1 — 17t #26 enameled wire on a T-30-6 
core. Tap 5 turns from ground. 


For best sensitivity, a small amount of cur- 
rent should always flow through the meter. 
Two meter shunts are used to select different 
Q ranges and the 78L05 voltage regulator 
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L2 — 28t 428 enameled wire on a T-30-2 
core. Tap 7 turns from ground. 

L3 — 47t #28 enameled wire on a T-50-2 
core. Tap 12 turns from ground. 

L4 — 58t 428 enameled wire on a T-50-1 
core. Tap 14 turns from ground. 

M1 — 200-нА meter. 

Q1-Q4, Q6 — 2N5486 or 2N5484 JFET. 

Q5 — 2N3866 or 2N5109 NPN 
transistor. 


supplies Q6 with a constant voltage. 


Construction 
Construction of the Q/L meter is not 


R16 — Three 1-Q '/ or ‘/2-W resistors in 
parallel. 

R22 — Optional resistor (100 to 
1000 О); install if meter moves too 
quickly. 

S1 — 2-pole, 4-position rotary switch. 

S2 — SPDT center-off toggle switch. 

T1 — 23t #26 enameled wire on an 
FT-50-43 core with a 1-turn 422 
hookup-wire secondary. 


tricky. An etching pattern is available 
from the Technical Department Secre- 
tary at ARRL HQ; ask for the '95 Hand- 
book LC meter. The toroids must be 


wound carefully; the total number of 
turns on the coils is measured by count- 
ing the number of times the wire passes 
through the hole in the toroid. 

The most critical construction detail is 
the mounting of the capacitor and the ter- 
minals for the test inductor. See Fig 26.25. 
The ungrounded capacitor lead is con- 
nected to J1 with a piece of #14 wire. The 
distance from the capacitor to J1 in the 
version shown here is 2'/s inches. The dial 
layout shown in Fig 26.26 may be used if 
this terminal spacing is duplicated. It may 
be possible to position the capacitor and 
test inductor closer together and use the 
given dial layout if a series compensation 
inductor is used. The accuracy of the dial 
shown here may be different because of 
minor differences in construction and 
components. 

The capacitor is mounted three inches 
from the terminals on an L-shaped mount- 
ing bracket below a vernier drive. The 6- 
to-1 vernier drive is used to prevent the 
tuning rate from being too fast for high-Q 
inductors. A piece of plastic scored with a 
sharp knife is used as a dial pointer. The 
cabinet used is a Ten-Tec SE-7. 


Testing 


An RF probe or oscilloscope should be 
used to check that the oscillators are work- 
ing. The peak-to-peak voltage at the input 
of the buffer amplifier should not exceed 
0.40 V to allow the buffer amplifier to 
operate linearly. The potentiometers in the 
oscillator circuit, (R3, R5, R7 and R9), are 
used to adjust the oscillator output levels. 
They can be adjusted while measuring the 
oscillator output or simply adjusted for an 
adequate meter movement while measur- 
ing an inductor. If multiple peak readings 
are noted, the potentiometer is set too high 
and should be adjusted for less meter de- 
flection. The oscillator output voltage de- 
pends somewhat on the FETs used; it may 
beaslow as 0.20 V. R19, the high-Q shunt, 
should be set for a much lower meter read- 
ing than the low-Q shunt, R20. 


Operation 
After connecting the unknown inductor 


to the test jacks, the sensitivity control is 
adjusted for a small meter indication of 
current between 5 and 25 pA. If this is not 
done, it may be impossible to find a peak, 
as the detector may be essentially turned 
off! The low-Q setting is most useful in 
finding the value of an unknown inductor. 
The capacitor is then adjusted for a peak 
meter reading. If no peak can be found, try 
a different range. 


Limitations 


The meter will not be very accurate for 
inductances below 0.3 uH; at inductances 
this low, the measurements are greatly 
affected by lead length and parts layout. It 
may be possible to calibrate the unit in 
terms of Q; the meter is most useful as a 
measure of relative Q, however. The unit 
shown here was not calibrated for Q, as 
the meter reading is affected by the setting 
of the quiescent point. In addition, Q 
should always be measured at the fre- 
quency of interest, as it has a large change 
with frequency. The inductance measure- 
ments are not absolute; it is not unusual 
for the inductance of a ferrite-core induc- 
tor to vary with frequency. Despite these 
limitations, this Q/L meter is quite useful 
in finding approximate inductance values. 


Fig 26.25 — Parts placement within the 
case of the inductance meter. An L- 
shaped bracket supports the variable 
capacitor. 


mH uH uH JH 


Fig 26.26 — Dial template for the inductance meter (full size). 
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OSCILLOSCOPES 


Most engineers and technicians will tell 
you that the most useful single piece of 
test and design equipment is the modern 
triggered sweep oscilloscope (commonly 
called just a “scope”). Oscilloscopes can 
measure and display voltage relative to 
time, showing the waveform pictures usu- 
ally seen in electronics textbooks. The 
advances in semiconductor technology 
have brought the price of a good high-fre- 
quency scope within the affordable price 
range for most hams. The same change in 
technology has put a large number of 
older, very good, vacuum-tube oscillo- 
scopes on the surplus market. 

Many “boat anchor” (large and heavy) 
oscilloscopes of lab quality are now avail- 
able at bargain prices. If one of these used 
scopes has a good CRT and the built in 
calibrator shows it to be in relatively good 
calibration it may give years of further 
service. Few older scopes have difficult to 
find and expensive parts. Older scopes are 
easier to work on than newer ones, but all 
have extremely lethal voltages that can 
“reach out and greet you” if you are not 
extremely careful. The Tektronics 500 
series and 422 portable scopes are tradi- 
tionally good buys. Some have problems 
working in high humidity without arcing, 
however. 

Most amateur measurements are at au- 
dio or HF, so a 30-MHz dual-trace oscillo- 
scope may be all that is needed. With the 
wind down of military spending in the 
1990s, there have been large numbers of 
newer scopes available as surplus, such as 
the Tek 7600 series and USM245 
(HP181). These are solid-state models that 
can be excellent. The NLS (Non-Linear 
Systems) Miniscope MS-215 portable 
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scope is quite accurate and very rugged 
for its size. 

Fig 26.27 shows a simplified diagram 
of a triggered sweep oscilloscope. At the 
heart of nearly all scopes is a cathode-ray 
tube (CRT) display. The CRT allows the 
visual display of an electronic signal by 
taking two electric signals and using them 
to move (deflect) a beam of electrons that 
strikes the screen. Wherever the beam 
strikes the phosphorescent screen of the 
CRT it causes a small spot to glow. The 
particular location of the spot is a result of 
the voltage applied to the vertical and hori- 
zontal inputs. 

All of the other circuits in the scope are 
used to take the real world signal and con- 
vert it to a form usable by the CRT. To 
trace how a signal travels through the os- 
cilloscope circuitry start by assuming that 
the trigger select switch is in the INTERNAL 
position. 

The input signal is connected to the in- 
put COUPLING switch. The switch allows 
selection of either the ac part of an ac/dc 
signal or the total signal. In the ac posi- 
tion, dc is blocked from reaching the ver- 
tical amplifier chain (and saturating it; this 
would cause distortion that would make 
the displayed ac signals meaningless). It 
is important to note that it is not advisable 
to use ac coupling at frequencies below 
30 Hz, because the value of the blocking 
capacitor represents a considerable series 
impedance to very low-frequency signals. 

After the coupling switch, the signal is 
connected to a calibrated attenuator. This 
unit is used to reduce the signal to a level 
that can be tolerated by the scope’s verti- 
cal amplifier. The vertical amplifier boosts 
the signal to a level that can drive the CRT 


SWEEP 
CIRCUIT 


Fig 26.27 — Typical block diagram of a simple triggered-sweep oscilloscope. 
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and also adds a bias component to locate 
the waveform on the screen. 

A small sample of the signal from the 
vertical amplifier is sent to the trigger cir- 
cuitry. The trigger circuit feeds a start 
pulse to the sweep generator when the in- 
put signal reaches a certain level. The 
sweep generator gives a precisely timed 
signal that looks like a triangle (see Fig 
26.28). This triangular signal causes the 
scope trace to sweep from left to right, 
with the zero-voitage point representing 
the left side of the screen and the maxi- 
mum voltage representing the right side of 
the screen. 

The sweep circuit feeds the horizontal 
amplifier that, in turn, drives the CRT. It is 
also possible to trigger the sweep system 
from an external source (such as the sys- 
tem clock in a digital system). This is done 
by using an external input jack with the 
trigger select switch in the EXTERNAL 
position. 

The trigger system controls the horizon- 
tal sweep. It looks at the trigger source 
(internal or external) to find out if it is 
positive- or negative-going and to see if 
the signal has passed a particular level. 
Fig 26.29A shows a typical signal and the 
dotted line on the figure represents the 
trigger level. It is important to note that 
once a trigger circuit is “fired” it cannot 
fire again until the sweep has moved all 
the way across the screen from left to right. 
In normal operation. the TRIGGER LEVEL 
control is manually adjusted until a stable 
display is seen. Some scopes have an 
AUTOMATIC position that chooses a level to 
lock the display in place without manual 
adjustment. 

Fig 26.29B shows what happens when 
the level has not been properly selected. 
Because there are two points during a 
single cycle of the waveform that meet the 
triggering requirements, the trigger circuit 
will have a tendency to jump from one trig- 
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Fig 26.28 — The sweep trigger starts 
the ramp waveform that sweeps the 
CRT electron beam from side to side. 


ger point to another. This will make the 
waveform jitter from left to right. Adjust- 
ment of the TRIGGER control will fix this 
problem. 

The horizontal travel of the trace is cali- 
brated in units of time. If the time of one 
cycle is known, we can calculate the fre- 
quency of the waveform. In Fig 26.30, for 
example, if the SWEEP speed selector is set at 
10 [ts/division and we count the number of 
divisions (vertical bars) between peaks of 
the waveform (or any similar well defined 
points that occur once per cycle) we can find 
the period of one cycle. In this case it is 80 
Hs. This means that the frequency of the 
waveform is 12,500 Hz (1/80 us). The accu- 
racy of the measured frequency depends on 
the accuracy of the scope's sweep oscillator 
(usually approximately 596) and the linear- 
ity oftheramp generator. This accuracy can- 
not compete with even the least-expensive 
frequency counter, but the scope can still be 


used to determine whether a circuit is func- ` 


tioning properly. 

Dual-trace oscilloscopes can display 
two waveforms at once. This type of scope 
has two vertical input channels which can 
be displayed either alone, together or one 
after the other. 


Fig 26.31 shows a simplified block dia- 


gram of a dual-trace triggered sweep os- 
cilloscope. The only differences between 
this scope and the previous example are 
the additional vertical amplifier and the 
"channel switching circuit." This block 
selects whether we display channel A, 
channel B or both (simultaneously). The 
dual display is not a true dual display 
(there is only one electron gun in the CRT) 
but the dual traces are synthesized in the 
scope. True dual-trace dual-beam коре 
are rare and very expensive. 

' There are two methods of РИ 
а dual-trace display from а single-beam 
scope. These two methods are referred to 
as “chopped mode” and “alternate mode.” 
In the chopped mode a small portion of the 
channel A waveform is written to the CRT, 
then a corresponding portion of the chan- 
nel B waveform is written to the CRT. This 
procedure is continued until both wave- 
_ forms are completely written on the CRT. 

The chopped mode is especially useful 
where an actual measure of the time dif- 
ference between the two waveforms is re- 
quired. The chopped mode is usually most 
useful on slow sweep speeds (times greater 
than a few microseconds per division). 

In the alternate mode, the complete 
channel A waveform is written to the CRT 
followed immediately by the complete 
channel B waveform. This happens so 
quickly that it appears that the waveforms 
are displayed at the same time. This mode 
of operation is used to measure the-abso- 


lute phase difference between two signals. 
by triggering both sweeps from the same 


vertical input signal. Unfortunately, this 
mode of operation is not useful at very 


slow sweep speeds, but is good at most 
other sweep speeds. 

Most dual-trace oscilloscopes also have 

a feature called *X-Y" operation. This 

- feature allows one channel to drive the 

horizontal amplifier of the scope (called 

: the X channel) while the other channel 

(called Y in this mode of operation) drives 

the vertical amplifier. Some oscilloscopes 


10 us / DIV 


Fig 26.29 — In order to produce a 
stable display the selection of the 
trigger point is very important. 
Selecting the trigger point in A 
produces a stable display, but the 
trigger shown at B will produce a 
display that “jitters” from side to side. 


Fig 26.30 — Oscilloscopes with a 
calibrated sweep rate can be used to 

‚ measure frequency. Here the waveform 
shown has a period of 80 
microseconds (8 divisions x 10 us per 
division) and therefore a period of 1/ 80 
us or 12.5 kHz. 
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Fig 26.31 — Dual-trace oscilloscope block diagram. Note the two identical input 
channels and amplifiers. 
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also have an external Y input. X-Y op- 
eration allows the scope to display 
Lissajous patterns for frequency and 
phase comparison and to use specialized 
test adapters such as curve tracers or 


10v 
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Fig 26.32 — The bandwidth of the 
oscilloscope vertical channel limits the 
rise time of the signals displayed on 
the scope. 
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spectrum analyzer front ends. Because 
of frequency limitations of most scope 
horizontal amplifiers the X channel is 
usually limited to a 5- or 10-MHz band- 
width. 

Oscilloscopes have limits, primarily in 
frequency of operation and range of input 
voltages. For most purposes the voltage 
range of a scope can be expanded by the 
use of appropriate probes. The frequency 
response (also called the bandwidth) of 
a scope is usually the most important 
limiting factor. At the specified maximum 
response frequency, the response will be 
down 3 dB (0.707 voltage). For example 
a 100-MHz 1-V sine wave fed into a 
100-MHz bandwidth scope will read 
approximately 0.707 V on the scope dis- 
play. The same scope at frequencies be- 
low 30 MHz (down to dc) should be ac- 
curate to about 5%. 

A parameter called rise time is di- 
rectly related to bandwidth. This term 
describes a scope’s ability to accurately 
display voltages that rise very quickly. 
For example, a very sharp and square 
waveform may appear to take some time 
in order to reach a specified fraction of 
the input voltage level. The rise time is 
usually defined as the time required for 
the display to show a change from the 
10% to 90% points of the input wave- 
form, as shown in Fig 26.32. The math- 
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Fig 26.33 — Uncompensated probes such as the one at A are sufficient for low- 
frequency and slow-rise-time measurements. However, for accurate display of 
fast rise times with high-frequency components the compensated probe at B must 
be used. The variable capacitor is adjusted for proper compensation (see text for 


details). 
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ematical definition of rise time is given by: 


_ 0.35 
г BW 
where 
t; = rise time, us 
BW z bandwidth, MHz. 


(10) 


It is also important to note that all but the 
most modern (and expensive) scopes are not 
designed for precise measurement of either 
time or frequency. At best, they will not have 
better than 5% accuracy in these applica- 
tions. This does not change the usefulness of 
evena moderately priced oscilloscope, how- 
ever. The most important value of an oscil- 
loscope is that it presents an image of what 
is going on in a circuit and quickly shows 
which component or stage is at fault. It can 
show modulation levels, relative gain be- 
tween stages and oscillator output. 


Oscilloscope Probes 


Oscilloscopes are usually connected to a 
circuit under test with a short length of 
shielded cable and a probe. At low frequen- 
cies, a piece of small-diameter coax cable 
and some sort of insulated test probe might 
do. Unfortunately, at higher frequencies the 
capacitance of the cable would produce a 
capacitive reactance much less than the one- 
megohm input impedance of the oscillo- 
scope. In addition each scope has a certain 
built-in capacitance at its input terminals 
(usually between 5 and 35 pF). These two 
capacitances cause problems when probing 
an RF circuit with a relatively high imped- 
ance. 

The simplest method of connecting a 
signal to a scope is to use a specially de- 
signed probe. The most common scope 
probe is a x/0 probe (called a "times ten 
probe”). This probe forms a 10:1 voltage 
divider using the built-in resistance of the 
probe and the input resistance of the scope. 
When using a x10 probe, all voltage read- 
ings must be multiplied by 10. For ex- 
ample, if the scope is on the 1 V/division 
range and a x10 probe was in use, the 
signals would be displayed on the scope 
face at 10 V/division. 
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Fig 26.34 — Displays of a square-wave 
input illustrating undercompensated, 
properly compensated and 
overcompensated probes. 


E 


Unfortunately a resistor alone in series 
with the scope input seriously degrades the 
scope’ srise-time performance and therefore 
its bandwidth. Since the scope input looks 
like a parallel, RC circuit the series resistor 


feeding it causes a significant reduction in . 


available charging current from the source. 


This may be corrected by using a compen- _ 


sating capacitor in parallel with the series 
resistor. Thus two dividers are formed: one 


resistive voltage divider and one capacitive ~ 


voltage divider. With these two dividers 
connected in parallel and the RC relation- 
ships shown in Fig 26.34, the probe and 
scope should have a flat response curvé 
through the whole bandwidth of the scope. 


To account for manufacturing tolerances . 


in the scope and probe the compensating 
capacitor is made variable. It is used to 


"tweak" the probe/scope combination for , 


proper response when they are connected 


together. Most scopes provide a “calibrator” . 


output that produces a known-frequency 
square wave for the purpose of adjusting the 
compensating capacitor in a probe. Fig 
26.55 shows possible responses when the 
probe is connected to the oscilloscope’ s cali- 
brator jack. The leading edges of the top and 


bottom traces illustrate an incorrect compen- ` 


sation adjustment. If you get these pictures 
from the calibrator jack, adjust the compen- 
sating capacitor until you get a perfectly 
square display as is shown in the middle 
trace. | 


If a probe cableis too short, do not attempt | 
to extend the length of the cable by adding a ` 


piece of common coaxial cable. The cable 
usually used for probes is much different 
than common 50 or 75-Q coax. In addition 
the compensating capacitor in the probe is 
chosen to compensate for the provided 
length of cable. It usually will not have 
enough range to compensate for extra 
lengths. 

The shortest ground lead possible should 
be used from the probe to the circuit ground. 


Long ground leads are inductors at high fre- ' 


quencies. In these circuits they cause ring- 
ing and other undesirable effects. 


Digital Oscilloscopes 


The classic oscilloscope just discussed 
has existed for over 50 years. However, the 
costofthe oscilloscope has dropped with the 
widespread use of semiconductor technol- 
ogy and with this technology has come the 
digital oscilloscope. This type of oscillo- 
scope has quickly gone from a laboratory 
oddity to an affordable tool in reach of the 
active experimenter. The design of a digital 
oscilloscope uses microcomputer technol- 
ogy. х | | 
Regular or “analog” scopes present ге1а- 
tive changes on the screen, such as needed in 
RF work. Digital oscilloscopes can store, 


—— : 


(B) 


Fig 26.35 — Comparison of an analog 
storage scope waveform (A) and that 
produced by a digital storage 
oscilloscope (B). Notice that the digital 
samples in B are not continuous, which 
may leave the actual shape of the 
waveform in doubt for the fastest rise. 
time displays the scope is capable of 
producing. Technology is continually 
improving the performance of digital 
scopes. © — : 3 

P ' 


change and compare waveforms. They can . 
‘present words and values on the screen and 
even permit computer control of the scope. - 


For many applications digital scopes are far 
better than analog scopes; they can give 
much more information. 

Some digital oscilloscopes that are in the 
price range of the experimenter do not have 
a CRT; they use a personal computer to dis- 
play theresult. Measurement parameters are 
adjusted via the computer keyboard, rather 


than with front-panel knobs and switches. 


Contemporary digital scopes may be no 
more than a plug-in card for a PC. 
Unfortunately, if the sample rate is not 
high enough, very fast signal changes be- 
tween sampling points do not appear on the 
display. For example Fig 26.35 shows one 
signal measured on both analog and digital 
scopes. The large spikes in the analog scope 
display are not visible on the digital scope. 
The sampling frequency of the digital scope 
is not fast enough to store the higher fre- 
quency components of the waveform. 


Storage Oscilloscopes . 

Storage scopes are now showing up on 
the surplus markets at prices attractive to 
many amateurs. The CRTs, however, are 


fragile, extremely expensive and often. 
the first. component to wear out; they. 
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Fig 26.36 — Lissajous figures may be 
used to compare two different 
frequencies (see text). 


are not available used. 

Storage scopes consist of an analog 
scope with special long-persistence (15 to 
120 s) CRTs that allow them to capture 
single-shot events. Included in the scope 
design are circuits that allow the screen to 
hold whatever has been displayed for a 
preset period of time. For example, sup- 


'. pose it was necessary to determine the 


switching time of a switch contact that 
closes every 10 seconds. If seen on a regu- 
lar oscilloscope the trace of the switch : 


- voltage will fade long before it is possible 
_to measure the switch time visually. 


A newer version of the storage scope is 
the digital storage oscilloscope (DSO). 
The DSO uses a high-speed semiconduc- 


‘tor memory which is continually read back 


tó the display so that the waveform can be 
viewed for as long.as necessary. The DSO 
function is often included in digital 
scopes. | 


Lissajous Figures 


When ac voltages are applied to both 
sets of deflecting plates in the oscilloscope 
CRT, the pattern on the screen depends on 


: the relative amplitudes, frequencies and 


phases of the two input voltages. If the 
ratio between the two frequencies is con- 
stant and can be expressed in integers, a 
stationary pattern will be produced. 

The stationary patterns obtained in this 
way are called Lissajous figures. Ex- 
amples of some of the simpler Lissajous 
figures are given in Fig 26.36. The ratio of 
the two frequencies can be found by count- 


- ing the loops on one vertical and horizon- 


tal sides. In C there are three loops along 
a horizontal edge and only one along the 
vertical, so the ratio of the vertical fre- 
quency to the horizontal frequency is 3:1. 
Similarly, in E there are four loops along 
the horizontal edge and three along the 
vertical edge, giving a ratio of 4:3. If the 
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known frequency is applied to the hori- 
zontal plates, the unknown frequency is: 


n2 
nl 


where 
Ї1 = known frequency applied to 
horizontal plates 
f2 = unknown frequency applied to 
vertical plates 


nl = number of loops along a vertical 
edge 

n2 = number of loops along a horizontal 
edge. 


An important application of Lissajous 
figures is in the calibration of audio-fre- 
quency signal generators. For very low 
frequencies the 60-Hz power-line fre- 


quency is held accurately enough to be 
used as a standard in most locations. The 
medium audio-frequency range can be 
covered by comparison with the 440- and 
600-Hz modulation on WWV transmis- 
sions. It is possible to calibrate over a 10:1 
range, both upward and downward from 
these frequencies and thus cover the audio 
range useful for voice communication. 


AN HF ADAPTER FOR NARROW-BANDWIDTH OSCILLOSCOPES 


Fig 26.37 shows the circuit of a simple 
piece of test equipment that will allow you 
to display signals that are beyond the nor- 
mal bandwidth of an inexpensive oscillo- 
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RESISTANCES ARE IN OHMS; 

к. 1000, M1000 ООО, 


TO XMTR 


scope. This circuit was built to monitor 
modulation of a 10-m signal on a scope 
that has a 5-MHz upper-frequency limit. 
This design features a Mini-Circuits Labo- 
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Fig 26.37 — This adapter displays HF signals on a narrow-bandwidth 
oscilloscope. It uses a 10-dBm 25-MHz LO, -30-dB coupler, 20-dB attenuator and 
diode-ring mixer. See text for further information. 
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ratory SRA-1 mixer. (See the Address List 
in the References chapter for contact in- 
formation.) Any stable oscillator or VFO 
with an output of 10 dBm can be used for 
the local oscillator (LO), which mixes with 
the HF signal to produce an IF in the band- 
width of the oscilloscope. 

The mixer can handle RF signal levels 
up to -3 dBm without clipping, so this was 
set as an upper limit for the RF input. A 
toroidal transformer coupler is con- 
structed by winding a 31-turn secondary 
of #28-AWG wire on a 3E2A core, which 
has a 0.038-inch diameter. An FT-37-75 is 
suitable. The primary is a piece of coaxial 
cable passed through the core center. The 
coupler gives 30 dB of attenuation and has 
a flat response from 0.5 to 100 MHz. An 
additional 20-dB of attenuation was added 
for a total of 50 dB before the mixer. One- 
watt resistors will do fine for the attenua- 
tor. The completed adapter should be built 
into a shielded box. 

This circuit, with a 25-MHz LO fre- 
quency, is useful on frequencies in the 20 
to 30-MHz range with transmitters of up 
to 50-W power output. By changing the 
frequency of the LO, any frequency in the 
range of the coupler can be displayed on a 
5-MHz-bandwidth oscilloscope. More at- 
tenuation will be required for higher- 
power transmitters. This circuit was de- 
scribed by Kenneth Stringham Jr., AE1X, 
inthe Hints and Kinks column of February 
1982 QST. 


A CALIBRATED NOISE SOURCE 


| NOISE FIGURE MEASUREMENT 


One of the most important. measure- 
ments in communications is the noise fig- 
ure of a receiving set up. Relative mea- 


surements are often easy, while accurate? 
‘ones are more difficult and expensive. One’ 


ЕМЕ (moon bounce) station checks noise 
‘and system performance by_measuring the 
noise of the sun reflected off the moon. 
While the measurement source (use of the 
sun and moon) is not expensive, the mea- 
“suring equipment on 2 m consists of 48 


antennas (each over 30 ft long). This mea- . 


surement equipment is not for everyone! 
` The rest of us use more conventional 
noise sources and measuring techniques. 
Coverage of noise figure and its measure- 


ment appear in the Transceivers chapter 


of this Handbook. 


Most calibrated and stable noise sources’ 


are expensive, but not this unit developed 
by Bill Sabin, WØIYH. It first appeared in 
_ May 1994 QST. When hams use a noise 
source, it is usually included in an RF 


bridge used to measure impedances апа. 


adjust antenna tuners. A somewhat differ- 
ent device (an accurately calibrated and 
stable noise source) is also useful. Com- 
bining a broadband RF noise source of 
known power output and a known output 
impedance with a true-RMS voltmeter, 
results in an excellent instrument for mak- 
ing interesting and revealing measure- 
ments on a variety of circuits hams com- 
monly use. (Later on, some examples will 
be described.) The true-RMS: voltmeter 
can be an RF voltmeter, a spectrum ana- 
lyzer or an AF voltmeter at the output of a 
linear recéiver.! 
Calibrated noise generators and noise- 


figure meters are available at medium to 


astronomical prices. Here is a low-cost 


approach which can be used with reason-: 


able confidence for many amateur appli- 
cations where accuracy to tenths of a deci- 
bel is not needed, but where precision 
(repeatability) and comparative measure- 


ments are much more important. PC: 


. boards are available for this project.? 


1W. Sabin, "Measuring SSB/CW Receiver 
` Sensitivity," QST, Oct 1992, pp 30-34. See 
` also Technical Correspondence, QST, Apr 
1993, pp 73-75. 
2PC boards are available from FAR Circuits, 
. See References chapter Address List; 


- price, $3.75 plus $1.50 shipping: А PC-. 


board template package is available free 
from the ARRL. Address your request for 

the SABIN NOISE SOURCE TEMPLATE 
: to: Technical Department Secretary, 
; ARRL, 225 Main St, Newington, CT 06111. 
. Please enclose a business-size SASE. 


Semiconductor Noise Diodes 


Any Zener diode can be used as a source 
of noise. If, however, the source is to be 


-calibrated and used for reliable measure- 


ments, avalanche diodes specially de- 
signed for this purpose are preferable by 
far.) A good noise diode generates its 
noise through a carefully controlled bulk 
avalanche mechanism which exists 
throughout the PN junction, not merely at 
the junction surfaces where unstable and 
unreliable surface effects predominate due 
to local breakdown and impurity.^ A true 
noise diode has a very low flicker noise 
(1/f) effect and tends to create a uniform 
level of truly Gaussian noise over a wide 
band of frequencies. In order to maximize 
its bandwidth, the diode also has very low 
junction capacitance and lead inductance: 

This project uses the NOISE/COM 
NC302L diode. It consists of a glass, 


` axial-lead DO-35 package and is rated for 


use from 10 Hz to 3 GHz, if appropriate 
construction methods are followed. Prior 
to sale, the diodes are factory aged for 
168 hours and are well stabilized. 
NOISE/COM has kindly agreed to make 
these diodes available to amateur experi- 


menters for the special price of $10 each; . 


the usual low-quantity ргісегіѕ about $25.6 


Noise Source Design 


The noise source presents two kinds of 
available output power. Oné is the thermal 
noise (-174 dBm/Hz at room temperature) 
when the diode is turned off. This is called 


‘Norr. The other is the sum of this same 


thermal noise and an "excess" noise, Ng, 
which is created by the diode when turned 
on, called Non (equivalent to Nopp + Ng). 
For accurate measurements, the output im- 
pedance of the test apparatus must be the 
same (on or off) so that the device under 


The term Zener diode is commonly used to 
denote a diode that takes advantage of 
avalanche effect, even though the Zener 
effect and the avalanche effect are not 

"exactly the same thing. at the device- 
physics level. : 

4The term bulk avalanche refers to the ava- 


lanche multiplication effect in a PN junc- . 


tion. A carrier (electron or hole) with suffi- 
cient energy collides with atoms and 


causes more carriers to be knocked loose. - 
This effect “avalanches” and it occurs : 
throughout the volume of the PN junction. : 


This mechanism is responsible for the 


high- quality noise generation in a true- 


noise diode. 


.5 Gaussian noise refers to the instantaneous 


values of a noise voltage. These values 


conform to the Gaussian probability den- : 


sity function of statistics. 


SNOISE/COM Co, forcontactinformationsee . 


` the References chapter Address List. 


Test Procedures and Projects 


test (DUT) always sees the same genera- 


` tor impedance: In Amateur Radio work, 
' this impedance is usually 50 Q, resistive. 


The circuit design must guarantee this 
condition. | 

‚ For maximum frequency coverage, а 
PC-board layout and coax connector suit- 
able for use at microwaves are needed. For 
lower frequency usage, a less stringent 
approach can be employed. Two noise . 


‘sources are presented here. One is for the 


0.5 to 500-MHz region and uses conven- 
tional components that many amateurs 
already have. The other is for the 1-MHz 


‘to 2.5-GHz range; it uses chip components 


and an SMA connector.. 


Circuit Diagram and Construction | 
Figs 26.38 and 26.39 show the simple 
schematics of the two noise sources. In 
series with the diode is a 46.4-Q resistor 
that combines with the dynamic resistance 
of the diode in the avalanche, noise gen- 


“erator mode (about 4 Q) to total about 


50 О. When the applied voltage polarity is 
reversed, the diode is forward conducting 
and its dynamic resistance is still about 
4 О, but the avalanche noise is now turned 
off. As a result, the noise source output ` 
impedance is always about 50 Q. The 
5-dB pad reduces the effect of any. small 
impedance differences, so that the output 
impedance is nearly constant from the on 
to the off condition, and the SWR is less 
than 2:1. | 

Consider the noise situation of the noise. -` 
diode when it is forward conducting. The 
resistance of the forward biased PN junc- 
tion is a dynamic resistance. This dynamic 
resistance is not a source of thermal noise, ` 
since it is not an actual physical resistance 
such as in a resistor or lossy network. 
However, the 0.6-V forward drop across 
the PN junction does produce a shot noise 


. effect. The mathematics of this shot noise 
Shows that the noise power associated with 


this effect is only about 5096 of the ther- 
mal noise power that would be available 
from a physical resistor having the same 


` value as the dynamic resistance. There- 


fore, the forward biased junction does not 
add excess noise to the system.? There is 
an 1/f noise effect associated with this shot 
noise in the diode, but its corner frequency 
is at about 100 kHz and of no importance 
at higher frequencies. Also, the small 
amount of bulk resistance contributes a 
Blue thermal noise. 

. In order to maximize the unit's flatness 


7Motchenbacher and Fitchen, Low Noise 
Electronic Design (New York: Wiley & 
: Sons, 1973), p 22. 
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Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 
others are in picofarads ( pF ); 


resistances are in ohms; k=1,000, M=1,000,000. 


100 uH 


NOISE—COM 
NC302L 


5 dB ATTEN 


Fig 26.38 — Schematic of the 0.5 to 500-MHz calibrated noise source. Resistors are '/s- W, 1%-tolerance metal-film units. 
1% resistors are available from Digi-Key. See the References chapter for the address. 


Except as indicated, decimal values of 
capacitance аге in microfarads ( СЕ); 
others are in picofarads ( pF ); 


resistances are in ohms; k=1,000, M=1,000,000. 


100 дн 


NOISE- COM 


NC302L 


5 dB ATTEN 


Fig 26.39 — The 1-MHz to 2.5-GHz calibrated noise source uses 1%-tolerance, 0.1-W chip resistors and chip capacitors. 
1% resistors are available from Digi-Key. See the References chapter for the address. 


Fig 26.40 — An inside view of the 0.5 to 
500-MHz noise source. 
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Fig 26.41 — Sample calibration chart 
for the 0.5 to 500-MHz noise source. 
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Fig 26.42 — A view inside of the 1-MHz 
to 2.5-GHz noise source. 


and frequency response bandwidth, 
noise-source construction methods 
should aim for RF circuit lead lengths 
as close to zero as possible as well as 
minimum inductance in the ground path 


and the coupling capacitors. The power- 
supply voltage must be clean, well by- 
passed and set accurately. Fig 25.40 
shows a 0.5 to 500-MHz unit. This con- 
struction method satisfies quite well the 
electrical requirements wanted for this 
model. At 500 MHz, the return loss with 
respect to 50 Q at the output jack de- 
creased to 10 dB. A calibration chart 
(Fig 26.41) is attached to the unit's top 
for easy reference. Fig 26.42 shows the 
inside of the 1-MHz to 2.5-GHz noise 
source. 


Calibrating the Noise Source 


If the construction is solid, the cali- 
bration should last for a long time. 
There are two ways to calibrate the noise 
source. If the unit has been carefully 
constructed and its correct operation 
verified, NOISE/COM will calibrate 
home-built units over the desired fre- 
quency range for $25 plus return ship- 
ping charges. Note that one factory cali- 
brated unit can be used as a reference 
for many home calibrated units. Fig 
26.43 shows the NOISE/COM calibra- 


tion data for both models of prototype 
noise sources, including SWR data. The 
noise data is strictly valid only at room 
temperature, so it’s necessary to avoid 
extreme temperature environments. 
The second calibration method re- 
quires a signal generator with known 
output levels at the various desired cali- 
bration frequencies. One approach is to 
build a tunable weak-signal oscillator 
that can be compared to some accessible 
high-quality signal generator, using a 
sensitive receiver as a detector.’ The 
level of the signal source in dBm is 
needed. : Е 
Access to а multistage attenuator is 
also desirable. Build the attenuator us- 


ing the nearest 1% values of metal-film . 


resistors, so that systematic errors are 
minimized. A total attenuation of 25 dB 
in 0.1-dB steps is desirable. Attenuator 
construction must be appropriate for use 
at the intended frequency range. In some 
cases, a high-frequency correction chart 
may be needed. 

With the calibrated signal source and 
the attenuator feeding the receiver in an 
SSB or CW mode the techniques dis- 
cussed in the reference of Note 1 should 
- be used to determine the excess noise 
(Ng) of the noise source and the noise 
bandwidth (By) of the receiver. 


Excess Noise Ratio id 


A few words about excess noise ratio 
(ENR) are needed. It is defined as the ratio 
of excess noise to thermal noise. That is, 


Ng 


Nope Norr 

When the noise.source is turned on, its 

output is Norr + Ng. The ratio of Non to 
Nore is then 


ENR = Non = Norr _ 


(12) 


Non _ Norr + Ng 
Мор Nor 

N : 13 

= 1+ Е = 1 4 ENR аз) 
Norr 


' Therefore, ENR is a measure of how 
much the noise increases and the noise 
generator can be calibrated in terms of its 
ENR. 

Normalizing ENR to a 1-Hz bandwidth 
and converting to decibels, this is 


ENR (dB) = 174 (dBm / Hz) + 
By (Hz) 

(14) 

Prepare a calibration chart and attach it 
‘to the top of the unit (see Fig 26.41). If the 


8W. Hayward and D. DeMaw, Solid State 
Design for the Radio Amateur (Newington: 
ARRL, 1986). 


№ (dBm) 


í 


Frequency 


0.5 to 500 MHz 
(MHz) 


Unit 
ENR (dB) 
0.5 22.33 
Е ©, 22.38 
10 22.45 
20 22.35 
30 22.32 
40 22.32 
50 22.30 
60 `22.29 
70 22.25 
80 ‚ 22.22 
. 90° 22.20 
100. 22.15 
200 21.65 
` 800 20.96 
400 20.25 
500 19.60 
1000 ; 
1500 
2000 
2500 


SWR 
1.03 
1.03 
1.04 
1.06 
1.06 
1.09 
1.11 
1.12 
1.15 
1.17 
1.20 
1.23 
1.42 
-1.62 
1.70 
1.90 


1.0 to 2500 MHz 
Unit 
NR (dB) SWR 


21.38 1.03 
21.46 1.03 


Fig 26.43 — NOISE/COM calibration data for both prototype noise sources. The 
data is not universal; it varies from unit to unit. 
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Fig 26.44 — Setup for measuring noise figure of a device under test (DUT). 


unit is to be factory calibrated, first per- 


‚ form the calibration procedure to ensure 
everything is working properly. Remem- ` 
ber, a factory calibrated unit can be used . 


as a reference for other home calibrated 
units, once the calibration-transfer proce- 
dures have been worked out. This requires 
some careful thinking and proper tech- 
niques. Generally speaking, a NOISE/ 
COM calibration is the best choice. 


Noise-Figure Measurement 


The thermal noise power available from 
the attenuator remains constant for any 


value of attenuator setting. But the excess. ` 


noise and therefore the ENR (in dB) due to 
the noise diode is equal to the calibration 
point of the source minus the setting (in 
dB) of the attenuator. | 

The noise-figure measurement of а de- 
vice under test (DUT) uses the Y method 
and the setup in Fig 26.44. If the DUT has 
a noise-generator input and a true-RMS' 
noise-measuring instrument at the output, 


then the total output noise (including the 
contribution of the measuring instrument) 
with the noise generator turned off is 


Norr(ror) = KTBy Fror Өрүү Сммі 
(15) 

where . 

kTBy = thermal noise, 

Gpur = gain of the DUT, 

Gyo = gain of the noise-measuring 

^ instrument, and 

Етот = noise factor of the combination 
of the DUT and the noise-measuring 
instrument. 


When the noise generator is turned on, 
the output noise is 


Nonctor) = KTBy Fror брут Gumi + 


(ENR) KTBy Суут Сммі 
(16) 
Where the last term is the contribution of 
excess noise by the noise generator. Note 
that none of these values is in dB or dBm. 
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If we divide equation 16 by equation 15 
and say that the ratio 


NON(TOT) _ y (17) 
NOFF(TOT) 
then, 
Fror + ENR , , ENR 
Етот Fror 


Note that KTBN, Gput and Сумі disap- 
pear, so that these quantities need not be 
known to measure noise factor. If we solve 
equation 17 for Fror, we get the noise fac- 
tor 


Em (18) 


If (ће noise output doubles (increases 
by 3 dB) when we turn on the noise source, 
then Y = 2 and the noise factor is numeri- 
cally equalto the excess noise ratio (ENR). 
If the attenuator steps are not fine enough 
or if the attenuator is not reliable over the 
entire frequency range, use equation 18 to 
get a better answer. (It’s much simpler to 
use a good fine-step attenuator.) The value 
of Етот is that of the DUT in cascade with 
the noise-measuring instrument. To find 
Four, we must know the noise factor Fur 
of the noise-measuring instrument and 
Gpur1 and then use the Friis formula, un- 
less Gpur is very large (as it would be if 
the DUT were a high-gain receiver (see 
footnote 1). 

F -1 
Four = Fror - E (19) 
DUT 

The validity of equation 19 (if we need 
to use it) requires that the noise bandwidth 
of the noise-measuring instrument be less 
than the noise bandwidth of the DUT (see 
the referent of Note 1). Verify this before 
proceeding. 

There's another advantage to using the 
power-doubling method. If the 3-dB at- 
tenuator of Fig 26.44 is used to maintain a 
constant noise level into the following 
stages and the RMS meter, this means that 
the noise factor, using the calibration scale 
and the input attenuator (without using 
equation 18), is 


1 


Fpur = ENR + (20) 
DUT 


If Gpur is large, then the last term can be 
neglected. If Gpyr is small, we need to 
know its value. However, we do not need 
to know the noise factor Ем of the cir- 
cuitry after the DUT, as we did in the pre- 
vious discussion. 

The 3-dB attenuator method also re- 
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moves all restrictions regarding the type 
of noise measuring instrument, since the 
meter reading is now used only as a refer- 
ence point. This last statement applies 
only when two noise (or two signal gen- 
erator) inputs are being compared. 


Frequency Response Measurements 


The noise generator, in conjunction 
with a spectrum analyzer, is an excellent 
tool for measuring the frequency response 
of a DUT, if the noise source is much stron- 
ger than the internal noise of the DUT and 
that of the spectrum analyzer. Many spec- 
trum analyzers are not equipped with 
tracking generators, which can be quite 
expensive for an amateur’s budget. 

The spectrum analyzer needs to be cali- 
brated for a noise input, if accurate ampli- 
tude measurements are needed, because it 
responds differently to noise signals than 
to sine-wave signals. The envelope detec- 
tion of noise, combined with the logarith- 
mic amplification of the spectrum ana- 
lyzer, creates an error of about 2.5 dB for 
a noise signal (the noise is that much 
greater than the instrument indicates). 
Also, the noise bandwidth of the IF filter 
is different from its resolution bandwidth. 
Some modern spectrum analyzers have 
internal DSP algorithms that make the 
corrections so that external noise sources 
and also carrier-to-noise ratios, normal- 
ized to some noise bandwidth like 1.0 Hz, 
can be measured with fair accuracy if the 
input noise is a few decibels above ther- 
mal. One example is the Tektronix Model 
2712. If only relative response readings 
are needed, then these corrections are not 
needed. 

Also, the noise source itself can be used 
to establish an accurate reference level (in 
dBm) on the screen. An accurate, absolute 
measurement with the DUT in place will 
then be this reference level (in dBm), plus 
the increment in decibels produced by the 
DUT. 

The noise-generator output can be 
viewed as a collection of sine waves sepa- 
rated by, say, 1 Hz. Each separated fre- 
quency “bin” has its own Gaussian ampli- 
tude and random phase with respect to all 
the others. So the DUT is simultaneously 
looking at a collection or “ensemble,” of 
input signals. As the spectrum analyzer 
frequency sweeps, it looks simultaneously 
at all of the DUT frequencies that fall 
within the spectrum analyzer’s IF noise 
bandwidth. The spectrum display is thus 
the “convolution” of the IF filter fre- 
quency response and the DUT frequency 


response. If the DUT is a narrow filter, a 
very narrow resolution and a slow sweep 
are needed in the spectrum analyzer. In 
addition, the analyzer’s video, or post- 
detection, filter has a narrow bandwidth 
and also requires some settling time to get 
an accurate reading. So, some experience 
and judgment are required to use a spec- 
trum analyzer this way. 


Using Your Station Receiver 


Your station receiver can also be used 
as a spectrum analyzer. Place a variable 
attenuator between the DUT and the re- 
ceiver. As you tune your receiver, in a 
narrow CW mode, adjust the attenuator for 
a constant reference level receiver output. 
The attenuator values are inversely related 
to the frequency response. 

A calibrated noise source with an ad- 
justable attenuator that can be easily 
switched into a receiver antenna jack is an 
excellent tool for measuring antenna noise 
level or incoming weak signal level (in 
dBm) or for establishing correct receiver 
operation. 

The noise source can also be combined 
with a locally generated data-mode wave- 
form of a known dBm value to get an ap- 
proximate check on modem performance 
or to make adjustments that might assure 
correct operation of the system. The rigor- 
ous evaluation of system performance re- 
quires special equipment and techniques 
that may be unavailable at most amateur 
stations. Or, you could evaluate the intel- 
ligibility improvement of your SSB 
transmitter’s speech processor in a noise 
background. 


Summary 


The calibrated, flat-spectrum noise gen- 
erator described in this article is quite a 
useful instrument for amateur experiment- 
ers. Its simplicity and low cost make it 
especially attractive. Getting a good cali- 
bration is the main challenge, but once itis 
achieved, the calibration lasts a long time, 
if the right diode is used. The ENR of the 
units described here is in the range of 
20 dB. Use of a high-quality, external, 10- 
dB attenuator barrel will get into the range 
of 10-dB ENR. Ifthe unitis sentto NOISE/ 
COM the attenuator should also be sent, 
with the request that it be included in the 
calibration. That attenuator then "be- 
longs" to the noise source and should be so 
tagged. If the attenuator is of high quality, 
the output SWR will also be improved. 
NOISE/COM suggests periodic recali- 
bration, at your discretion. 


A NOISE BRIDGE FOR 1.8 THROUGH 30 MHz 


The noise bridge, sometimes referred to 
as an antenna noise bridge or RX noise 
bridge, is an instrument that measures the 
impedances of antennas or other electrical 
circuits. The unit shown in Fig 26.45 pro- 
vides adequate accuracy for most measure- 
ments in the 1.8- through 30-MHz range. 
Battery operation and small physical size 
make this unit ideal for remote-location 
use. This classic bridge circuit was updated 
by Mark Shelhamer, WA3YNO. Addi- 
tional information about using the noise 
bridge for transmission-line measurements 
appears in that article and in the Trans- 
mission Line and Antenna Measure- 
ments chapter of The ARRL Antenna Book. 
A detector, such as the station receiver, is 
required for operation. 

The noise bridge consists of two parts: 
the noise generator and the bridge cir- 
cuitry. See Fig 26.46. A 6.8-V Zener 
diode serves as the noise source. The 
broadband noise signal is amplified by U1 
and associated components to produce an 
approximate S9 signal in the receiver. 

The bridge portion of the circuit consists 
of T1, C1 and R1. Т1 is a ferrite core wound 
as shown in the schematic detail. This de- 
sign eliminates phase shift and the ferrite 


Fig 26.45 — Noise bridge construction 
details. Press-on lettering is used for 
the calibration marks. Note that the 
potentiometer must be isolated from 
ground. 


core has sufficient permeability to eliminate 
low-frequency resistance shift. One wind- 
ing of T1 couples noise energy into the 
bridge circuit. The remaining two windings 
are each in one arm of the bridge. C1 and R1 
complete the known arm; the UNKNOWN cir- 
cuit with C3 comprises the remainder of the 
bridge. The terminal labeled RCVR is for 
connection to the detector. 

The reactance range of a noise bridge 
depends on several factors, including op- 
erating frequency, value of the series ca- 
pacitor (C3 in the figure) and the range of 
the variable capacitor (C1 in the figure). 
The zero-reactance point occurs when C1 
is either nearly fully meshed or fully 
unmeshed. 


Construction 


The noise bridge can be put in a home- 
made aluminum enclosure that measures 
5x23/sx37/4 inches. Many of the circuit 
components are mounted on a circuit board 
that is fastened to the rear wall of the cabi- 
net. Thecircuit-board layout keeps the lead 
lengths to the board from the bridge and 
coaxial connectors to a minimum. 

Potentiometer R1 must be mounted 
carefully. For accurate readings it must be 


50-100 N 
PC-mount 
Potentiometer 


Fig 26.47 — Loads used to check and 
calibrate a noise bridge are built into a 
PL-259 shell. Leads should be kept as 
short as possible to minimize parasitic 
inductance. The connector shell is 
screwed in place after construction and 
is not shown in the figure. (A) is a 
short circuit; (B) depicts a 50-O load; 
(C) is a 180-Q load; (D) shows a 
variable-resistance load used to 
determine the loss in a coaxial cable. 
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very well insulated from ground. In the 
prototype the control is mounted on a piece 
of Plexiglas, which was fastened to the 
chassis with a piece of aluminum angle 
stock. Additionally, a '/s-inch control- 
shaft coupling and alength of phenolic rod 
were used to keep the control away from 
the front panel. Use a high-quality poten- 
tiometer to ensure good measurement 
results. 

The variable capacitor is easier to mount 
because the rotor is grounded. It should be 
a high-quality unit. Two female RF fittings 
on the rear panel are connected to a detec- 
tor (receiver) and to the UNKNOWN circuit. 
Plastic insulated phono connectors should 
not be used because they might influence 
bridge accuracy at higher frequencies. 
Miniature coaxial cable (RG-174) is used 
for the connection between the RCVR con- 
nector and circuit board. Attach one end of 
C3 to the circuit board and the other di- 
rectly to the UNKNOWN circuit connector. 


Bridge Compensation 


Stray capacitance and inductance in the 
bridge circuit can affect impedance read- 
ings. If a very accurate bridge is required, 
use the next steps to make readings more 
accurate. 

Good calibration loads are necessary 
to check the accuracy of the noise 
bridge. Four are needed here: a 0-Q 
(short circuit) load, a 50-Q load, a 
180-Q load and a variable-resistance 
load. The short-circuit and fixed-resis- 
tance loads are used to check the accu- 
racy of the noise bridge; the variable- 
resistance load is used when measuring 
coaxial-cable loss. 

Construction details of the loads are 
shown in Fig 26.47. Each load is con- ^ 
structed inside a connector. The leads 
should be kept as short as possible. The 
resistors must be noninductive (not wire 
wound). Carbon-composition (!/4-W) 
resistors should work fine. The potenti- 
ometer in the variable-resistance load is 
a miniature PC-mount unit with a maxi- 
mum resistance of 100 Q, or less. The 
potentiometer wiper and one of the end 
leads are connected to the center pin of 
the connector; the other lead is con- 
nected to ground. 


Stray Capacitance 


Stray capacitance on the variable-resis- 
tor side of the bridge tends to be higher 
than that on the unknown side. This is 
because of parasitic capacitance in the 
variable resistor, R1. 

The effect of parasitic capacitance is most 
easily detected using the 180-Q load. Mea- 
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sure and record the actual resistance of the 
load, Кү. Connect the load to the UNKNOWN 
connector, place S2 in the X, position, tune 
the receiver to 1.8 MHz and null the bridge. 
(See “Finding the Null” below for tips.) Use 
an ohmmeter across R1 to measure its dc 
resistance. The magnitude of the stray ca- 
pacitance can be calculated by: 


(21) 


where 
R; = load resistance (as measured), 
ohms 
КІ = resistance of the variable resistor, 
ohms 
Cs = series capacitance (either СЗ or C4, 
whichever is selected), pF. 


We can compensate for C, by placing a 
variable capacitor, Co, in the side of the 
bridge with lesser stray capacitance. If R1 
is greater than Кү, stray capacitance is 
greater on the variable resistor side of the 
bridge: Place C, between point U (on the 
circuit board) and ground. If R1 is less than 
К, stray capacitance is greater on the 
unknown side: Place C, between point B 
and ground. 

If the needed compensating capacitance 
is only a few pF, you can use a gimmick 
capacitor (made by twisting two short 
pieces of insulated, solid wire together) 
for C.. A gimmick capacitor is adjusted by 
trimming its length. 

Compensate the bridge by setting the dc 
resistance of КІ equal to Ry. With the 
bridge at 1.8 MHz. alternately adjust C, 


Л 


and C1 to obtain a null. 


Stray Inductance 


Parasitic inductance, if present, should be 
only a few tens of nH. This represents a few 
ohms of inductive reactance at 
30 MHz. The effect is best observed by read- 
ing the reactance of the 0-Q test load at 1.8 
MHz and 30 MHz; the indicated reactance 
should be the same at both frequencies. 

If the reactance reading decreases as fre- 
quency is increased, parasitic inductance is 
greater in the known arm and compensating 
inductance is needed between point U and 
C3. If the reactance increases with fre- 
quency, the unknown-arm inductance is 
greater and compensating inductance should 
be placed between point B and R1. 

Compensate for stray inductance by 
placing a single-turn coil, made from a 1 
to 2-inch length of solid wire, in the ap- 
propriate arm of the bridge. Adjustthe size 
of this coil until the reactance reading re- 
mains constant from 1.8 to 30 MHz. 


Calibration 


Good calibration accuracy is necessary 
for accurate noise-bridge measurements. 
Calibration ofthe resistance scale is straight- 
forward. To do this, tune the receiver to a 
frequency near 10 MHz. Attach the 0-O load 
to the UNKNOWN connector and null the 
bridge. This is the zero-resistance point; 
mark it on the front-panel resistance scale. 
The rest of the resistance range is calibrated 
by adjusting R1, measuring R1 with an ac- 
curate ohmmeter, calculating the increase 
from the zero point and marking the increase 
on the front panel. 


LM703 or Equivalent 


Amplifier 


DECOUPLING 


GND 
4(2) 


1(7) 


UNKNOWN 


Т1 : 8 trifilar turns of #26 
enameled wire on an FT—37—43 
toroidal ferrite core. 


Fig 26.46 — Noise bridge schematic. The pin numbers on U1 refer to a metal can 
LM703 or the NTE/ECG replacement. Those in parentheses are for a National 
Semiconductor mini-DIP LM703N. See the text for placement of compensation C 


or L at points B, U or R. 
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Most bridges have the reactance scale 
marked in capacitance because capacitance 
does not vary with frequency. Unfortu- 
nately, that requires calibration curves or 
complex calculations to find the load reac- 
tance. An alternative method is to mark the 
reactance scale in ohms at a reference fre- 
quency of 10 MHz. This method calibrates 


Table 26.6 


Noise Bridge Calibration with 
Coaxial Cable 

This data is for Radio Shack RG-8M cable 
(Ro = 52.5 О) cut to exactly 4/4 at 10 MHz; 
the reactances and capacitances shown 
correspond to this frequency. 


Capacitance 
C(pF) f(MHz) C(pF) f(MHz) 
10 9.798 —10 10.219 
20 9.612 -20 10.459 
30 9.440 -30 10.721 
40 9.280 —40 11.010 
50 9.130 -50 11.328 
60 8.990 —60 11.679 
70 8.859 -70 12.064 
80 8.735 -80 12.484 
90 8.618 -90 12.935 
100 8.508 —100 13.407 
110 8.403 —110 13.887 
120 8.304 —120 14.357 
130 8.209 —130 14.801 
140 8.119 -140 15.211 
Reactance 
Xi f(MHz) Xi f(MHz) 
10 3.318 -10 19.376 
20 4.484 -20 18.722 
30 5.262 -30 18.048 
40 5.838 -40 17.368 
50 6.286 —50 16.701 
60 6.647 —60 16.063 
70 6.943 -70 15.472 
80 7.191 -80 14.938 
90 7.404 -90 14.459 
100 7.586 -100 14.045 
110 7.747 —110 13.683 
120 7.884 -120 13.370 
130 8.009 -130 13.097 
140 8.119 -140 12.861 
150 8.217 -150 12.654 
160 8.306 -160 12.473 
170 8.387 —170 12.313 
180 8.460 -180 12.172 
190 8.527 —190 12.045 
200 8.588 -200 11.932 
210 8.645 -210 11.831 
220 8.697 —220 11.739 
230 8.746 —230 11.655 
240 8.791 —240 11.579 
250 8.832 —250 11.510 
260 8.872 —260 11.446 
270 8.908 —270 11.387 
280 8.942 -280 11.333 
290 8.975 -290 11.283 
300 9.005 -300 11.236 
350 9.133 -350 11.045 
400 9.232 -400 10.905 
450 9.311 —450 10.798 
500 9.375 —500 10.713 


the bridge near the center of its range and 
shows reactance directly, but it requires a 
simple calculation to scale the reactance 
reading for frequencies other than 10 MHz. 
The scaling equation is: 


10 


Хуу = Хао) T (22) 


where 
f = frequency, MHz 
Хото) = reactance of the unknown load 
at 10 MHz. 
Xy = reactance of the unknown load at 


A shorted piece of coaxial cable serves 
as a reactance source. (The reactance of a 
shorted, low-loss coaxial cable is depen- 
dent only on the cable length, the mea- 
surement frequency and the cable charac- 
teristic impedance.) Radio Shack RG-8M 
is used here because it is easy to get, has 
relatively low loss and has an almost 
purely resistive characteristic impedance. 
Prepare the calibration cable as follows: 


1. Cut a length of coaxial cable that is 
slightly longer than A/4 at 10 MHz 
(about 20 ft for RG-8M). Attach a suit- 
able connector to one end of the cable; 
leave the other end open circuited. 

2. Connect the 0-Q load to the noise bridge 
UNKNOWN connector and set the receiver 
frequency to 10 MHz. Adjust the noise 
bridge for a null. Do not adjust the reac- 
tance control after the null is found. 

3. Connect the calibration cable to the 
bridge UNKNOWN terminal. Null the 
bridge by adjusting only the variable 
resistor and the receiver frequency. The 
receiver frequency should be less than 
10 MHz; if it is above 10 MHz, the cable 
is too short and you need to prepare a 
longer one. 


4. Gradually cut short lengths from the end 
of the coaxial cable until you obtain a 
null at 10 MHz by adjusting only the 
resistance control. Then connect the 
cable center and shield conductors at 
the open end with a short length of 
braid. Verify that the bridge nulls with 
zero reactance at 20 MHz. 

5. The reactance of the coaxial cable (nor- 
malized to 10 MHz) can be calculated 
from: 


f f 
X. = Rọ — tan | 2л — 
i(10) 0 10 | г. (23) 
where 
Xiao) = cable reactance at 10 MHz 
Ro = characteristic resistance of the 
coaxial cable (52.5 Q for Radio Shack 
RG-8M) 
f = frequency in MHz. 


The results have less than 5% error for 
reactances less than 500 Q, as long as the 
test-cable loss is less than 0.2 dB. This error 
becomes significantly less at lower reac- 
tances (2% error at 300 Q for a 0.2-dB loss 
cable). The loss in 18 ftof RG-8M is 0.13 dB 
at 10 MHz. Reactance data for Radio Shack 
RG-8M is given in Table 26.6. 

With the prepared cable and calibration 
values on hand, go on to calibrate the reac- 
tance scale. Tune the receiver to the 
appropriate frequency for the desired re- 
actance (given in the table or found using 
the equation). Adjust the resistance and 
reactance controls to null the bridge. Mark 
the reactance reading on the front panel. 
Repeat this process until all desired reac- 
tance values have been marked. The resis- 
tance values needed to null the bridge 
during this calibration procedure may be 
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quite high (more than 100 О) at the higher 
reactances. 

This calibration method is much more 
accurate than using fixed capacitors across 
the UNKNOWN connector. Also, you can 
calibrate a noise bridge in less than an hour 
using this method. 


Finding the Null 


In use, a receiver is attached to the RCVR 
connector and some load of unknown value 
is connected to the UNKNOWN terminal. The 
receiver allows us to hear the noise present 
across the bridge arms at the frequency the 
receiver is tuned to. The strength of the 
noise signal depends on the strength of the 
noise-bridge battery, the receiver band- 
width/sensitivity and the impedance dif- 
ference between the known and unknown 
bridge arms. The noise is stronger and the 
null more obvious with wide receiver pass- 
bands. Set the receiver to the widest band- 
width AM mode available. 

When the impedances of the known and 
unknown bridge arms are equal, the volt- 
age across the receiver is minimized; this 
isa null. In use, the null may be difficult to 
find because it appears only when both 
bridge controls approach the values 
needed to balance the bridge. 

To find the null, set C1 to midscale, 
sweep R1 slowly through its range and lis- 
ten for a reduction in noise (it's also help- 
ful to watch the S meter). If no reduction 
is heard, set R1 to midrange and sweep 
C1. If there is still no reduction, begin at 
one end of the СІ range and sweep КІ. 
Change C1 by about 10% and sweep R1 
with each change until some noise reduc- 
tion appears. Once noise reduction begins, 
adjust C1 and R1 alternately for minimum 
signal. 
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A SIGNAL GENERATOR FOR RECEIVER TESTING 


The oscillator shown in Fig 26.48 and 
Fig 26.49 was designed for testing high- 
performance receivers. Parts cost for the 
oscillator has been kept to a minimum 
by careful design. While the stability is 
slightly less than that of a well-designed 
crystal oscillator, the stability of the 
unit should be good enough to measure 
most amateur receivers. In addition, the 
ability to shift frequency is important 
when dealing with receivers that have 
spurious responses. More importantly, 
LC oscillators with high-Q components 
often have much better phase noise per- 
formance than crystal oscillators, be- 
cause of power limitations in the crystal 
oscillators (crystals are easily damaged 
by excessive power). 

The circuit is a Hartley oscillator fol- 
lowed by a class-A buffer amplifier. A 
5-V regulator is used to keep the power 
supply output stable. The amplifier 
is cleaned up by a seven-element 


EXCEPT AS INDICATED, DECIMAL 
VALUES OF CAPACITANCE ARE 
IN MICROFARADS ( АР ); OTHERS 
ARE IN PICOFARADS ( pF ); 
RESISTANCES ARE IN OHMS; 

k = 1000, M = 1000 000. 


470 


Chebyshev low-pass filter, which is ter- 
minated by a 6-dB attenuator. The at- 
tenuator keeps the filter working prop- 
erly, even with a receiver that has an 
input impedance other than 50 Q. A re- 
ceiver designed to work with a 50-Q 
system may not have а 50-0 input im- 
pedance. The +4 dBm output is strong 
enough for most receiver measure- 
ments. It may even be too strong for 
some receivers. Note that sensitive com- 
ponents like crystal filters may require 
a step attenuator to lower the output 
level. 


Construction 


This unit is built in a box made of 
double-sided circuit board. Its inside di- 
mensions are 1х2.2х5 inches (HWD). 
The copper foil of the circuit board 
makes an excellent shield, while the fi- 
berglass helps temperature stability. 
Capacitor C2 should be soldered di- 


Q2 
AM 2N5109 


А 


470 


rectly across L1 to ensure high О. Since 
this is an RF circuit, leads should be 
kept short. While silver mica capacitors 
have slightly better Q, NPO capacitors 
may Offer better stability. Mounting the 
three inductors orthogonal (axis of the 
inductors 90° from each other) reduced 
the second-order harmonic by 2 dB 
when it was compared to the first unit 
that was made. 


Alignment and Testing 


The output of the regulator should be 
+5 V. The output of the oscillator should 
be +4 dBm (2.5 mW) into a 50-Q load. 
Increasing the value of C3 will increase 
the power output to a maximum of about 
10 mW. The frequency should be around 
3.7 MHz. Additional capacitance across 
L1 (in parallel with C2) will lower the 
frequency if desired, while the trimmer 
capacitor (C1) specified will allow ad- 
justment to a specific frequency. The drift 


c с 


6 7 
1200 1200 c8 
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Fig 26.49 — Schematic diagram of the LC oscillator operating at 3.7 MHz. All resistors аге 1/4 W, 5% units. 


C1 — 1.4 to 9.2-pF air trimmer (value 
and type not critical) 

C2 — 270-pF silver-mica or NPO 
capacitor. Value may be changed 
slightly to compensate for variations 
in L1. 

C3 — 56-pF silver mica or NPO 
capacitor. Value may be changed to 
adjust output power. 

C4 — 1000 pF solder-in feedthrough 
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capacitor. Available from Microwave 
Components of Michigan (see 
References chapter). 

C5-C8 — Silver-mica, NPO disc or 
polystyrene capacitor. 

D1 — 1N914, 1N4148. 

L1 — 31t #18 enameled wire on T-94-6 
core. Tap 8 turns from ground end 
(7.5 pH). 

L2, L4 — 21t #22 enameled wire ona 


T-50-2 core (2.5 uH, 2.43 pH ideal). 

L3 — 23t 422 enameled wire on a T-50-2 
core. (2.9 uH, 3.01 uH ideal). 

T1 — 7t 422 enameled wire bifilar 
wound on an FT-37-43 core. 

Q1 — 2N5486 JFET. MPF102 may give 
reduced output. 

Q2 — 2N5109. 

U1 — 78LO5 low-current 5-V regulator. 


of one of the first units made was 5 Hz 
over 25 minutes after a few minutes of 
warm up. If the warm-up drift is large, 
changing C2 may improve the situation 
somewhat. For most receivers, a drift of 
100 Hz while you are doing measure- 
ments is not bad. 


Fig 26.48 — A low-cost LC oscillator for receiver measurements. Toroidal cores 


are used for all of the inductances. 


HYBRID COMBINERS FOR SIGNAL GENERATORS 


Many receiver performance measure- 
ments require two signal generators to 
be attached to a receiver simulta- 
neously. This, in turn, requires a com- 
biner that isolates the two signal gen- 
erators (to keep one generator from 
being frequency or phase modulated by 
the other). Commercially made hybrid 
combiners are available from Mini-Cir- 
cuits Labs (see the Address List in the 
References chapter). 

Alternatively, a hybrid combiner is 
not difficult to construct. The combin- 
ers described here (see Fig 26.50) pro- 
vide 40 to 50 dB of isolation between 
ports (connections) while attenuating 
the desired signal paths (each input to 
output) by 6 dB. The 50-Q impedance 
of the system is kept constant (very 
important if accurate measurements are 
to be made). 

The combiners are constructed in 
small boxes made from double-sided 
circuit-board material. Each piece is 


soldered to the next one along the entire 
length of the seam. This makes a good 
RF-tight enclosure. BNC coaxial fit- 
tings are used on the units shown. How- 
ever, any type of coaxial connector can 
be used. Leads must be kept as short as 
possible and precision resistors (or 
matched units from the junk box) should 
be used. The circuit diagram for the 
combiners is shown in Fig 26.51. 


Fig 26.50 — The hybrid combiner on 
the left is designed to cover the 1 to 
50-MHz range; the one on the right 50 
to 500 MHz. 


Test Procedures and Projects 


GENERATOR "A" 
504 


GENERATOR "g" 
son 


HYBRID COMBINER 


Fig 26.51 — A single bifilar wound 
transformer is used to make a hybrid 
combiner. For the 1 to 50-MHz model, T1 
is 10 turns of #30 enameled wire bifilar 
wound on an FT-23-72 ferrite core. For 
the 50 to 500-MHz model, T1 consists of 
10 turns of #30 enameled wire bifilar 
wound on an FT-23-63 ferrite core. Keep 
all leads as short as possible when 
constructing these units. 
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Return Loss Bridges 

Return loss is a measure of how 
closely an impedance matches a 
reference impedance in phase angle 
and magnitude. If the reference 
impedance equals the measured 
impedance level with a 0° phase 
difference it has a return loss of 
infinity. Fig A shows basic return-loss 
measurement setups. Return-loss 
bridges are good for measuring filter 
response because return loss 
measurements are a more sensitive 
measure of passband response than 
insertion-loss measurements. 


A 100 Hz to 100-kHz Return-Loss 
Bridge 

Ed Wetherhold, W3NQN, has 
developed a low-frequency return- 
loss bridge (RLB)'that can be 
adapted to different impedance 
levels. (See Fig B.) This bridge is 


Signal 
Generator 


Signal 
Generator 
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used primarily for testing passive-LC 
filters that have been designed to work 
at a certain impedance level. Return- 
loss measurements require that the 
signal generator and RLB match the 
specific filter impedance level. 

The characteristic impedance of this 
RLB is set by the values of four 
resistors (R1 = R2 = R3 = R4 = 
characteristic impedance). Ed mounted 
the four resistors on a plug-in module 
and placed their interconnections on 
the socket. Additional modules may be 
built for any impedance. 

Table A provides computed values of 
return loss for several known loads and 
a 500-Q RLB. If you build this RLB, use 
the values in the table to check its 
operation. For this frequency range, use 
an ac voltmeter in place of the power 
meter shown in Fig A. Choose one with 
good ac response well above 100 kHz. 


Matched 
Load 


Fig A — A shows a setup to measure an unknown impedance with a return loss 
bridge. B is for measuring filter response. 


Ed originally described this bridge 
circuit in an article published in 1993. 
That article provides complete con- 
struction details. Reprints are available 
from Ed Wetherhold, W3NQN (for $3). 
(For contact information, see the 
References chapter Address List.) The 
RLB shown is useful from 100 Hz to 
100 kHz. 


An RF Return-Loss Bridge 


At HF and higher frequencies, 
return-loss bridges are used as shown 
in Fig A for making measurements in 
RF circuits. The schematic of a simple 
bridge is shown in Fig C. (Notice that 
the circuit is identical to that of a hybrid 
combiner.) It is built in a small box with 
short leads to the coax connectors. 
Either 49.9-Q 1% metal-film or 51-0 '/4- 
W carbon resistors may be used. The 
transformer is wound with 10 bifilar 
turns of #30 enameled wire on a high 
permeability ferrite core such as an FT- 
23-43 or similar. 

Apply the output of the signal 
generator to the RF INPUT port of the 
RLB. It may be necessary to attenuate 
the generator output to avoid overload- 
ing the amplifier under test. Connect 
the bridge DETECTOR port to a power 
meter through a step attenuator and 
leave the UNKNOWN port of the bridge 
open circuited. Set the step attenuator 
for a relatively high level of attenuation 
and note the power meter indication. 

Now connect the unknown imped- 
ance, Z, to the bridge. The power 
meter reading will decrease. Adjust 
the step attenuator to produce the 
same reading obtained when the 
UNKNOWN port was open circuited. The 
difference between the two settings of 
the attenuator is the return loss, 
measured in dB. 

The unknown impedance measured 
by this technique is not limited to 
amplifier inputs. Coax cable attached 
to an antenna, a filter, or any other 
fixed impedance device can be 
characterized by return loss. Return 


Table A 


Performance and Test Data for the 
100-Hz to 100-kHz RLB 


Bridge and signal-generator 


impedance = 500 О Unknown 
Bridge Directivity 
Frequency Return Loss 
(dB, Unknown 
= 500-0) 
100 Hz to 10 kHz > 45 
10 kHz to 80 kHz 40 


80 kHz to 100 kHz 30 


Return Loss of Known Resistive 

Loads 

Rioap = LF x ZBRIDGE Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 


others аге in picofarads (ре); 


where resistances are in ohms; k=1,000, M=1,000,000. 


Ri одр = Load resistance, ohms 
LF = Load factor 
Zpnipae = Characteristic bridge 


impedance, ohms. Fig B — An active low-frequency RLB. U1 is an LM324 quad op amp. R1, R2, R3 


and R4 are '/4- W, 1% resistors with the same value as the output impedance of 
the signal generator and the input impedance of the test circuit. 


LF Return Loss 
(dB) 
5.848 3 
3.009 6 
1.925 10 
1.222 20 REN 
1.065 30 FROM 50-2 


SOURCE 


loss is measured in dB, and it is 
related to a quantity known as the 
voltage reflection coefficient, r: 


RL = -20 log |p| 


where 
RL = return loss, dB 
p = voltage reflection coefficient. 


The relationship of return loss to 
SWR is: 


1+\p| Fig C — An RLB for RF. Keep the lead lengths short. Wind the transformer on a 
SWR = —— high-permeability ferrite core. Use either 51-Q carbon or 49.9-Q 1% metal-film 
1- |P| resistors. 
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Receiver Performance Tests 


Comparing the performance of one re- 
ceiver to another is difficult at best. The 
features of one receiver may outweigh a 
second, even though its performance un- 
der some conditions is not as good as it 
could be. Although the final decision on 
which receiver to purchase will more than 
likely be based on personal preference and 
cost, there are ways to compare receiver 
performance characteristics. Some of the 
more important parameters are sensitiv- 
ity, blocking dynamic range and two-tone 
IMD dynamic range. 

Instruments for measuring receiver per- 
formance should be of suitable quality and 
calibration. Always remember that accu- 
racy can never be better than the tools used 
to make the measurements. Common in- 
struments used for receiver testing include: 


* Signal generators 

* Hybrid combiner 

* Audio ac voltmeter 

* Distortion meter (FM measurements 
only) 

* Noise figure meter (only required for 
noise figure measurements) 

* Step attenuators (10 dB and 1 dB steps 
are useful) 


Signal generators must be calibrated 
accurately in dBm or uV. The generators 
should have extremely low leakage. That 
is, when the output of the generator is 
switched off, no signal should be detected 
at the operating frequency with a sensitive 
receiver. Ideally, at least one of the signal 
generators should be capable of amplitude 
modulation. A suitable lab-quality piece 
would be the HP-8640B. 

While most signal generators are cali- 
brated in terms of microvolts, the real con- 
cern is not with the voltage from the gen- 
erator but with the power available. The 
unit that is used for most low-level RF 
work is the milliwatt, and power is often 
specified in decibels with respect to 1 mW 
(dBm). Hence, 0 dBm would be 1 mW. 
The dBm level, in a 50-Q load, can be 
calculated with the aid of the following 
equation: 


dBm = 101080 [20 (Vans) | 


where 
dBm = power with respect to 1 mW 
V=RMS voltage available at the output 
of the signal generator. 


(24) 


The convenience of a logarithmic power 
unit such as the dBm becomes apparent 
when signals are amplified or attenuated. 
For example, a —107 dBm signal that is 
applied to an amplifier with a gain of 


26.40 Chapter 26 


20 dB will result in an output increased 
by 20 dB. Therefore in this example 
(7107 dBm + 20 dB) = 87 dBm. Similarly, 
a—107 dBm signal applied to an attenuator 
with a loss of 10 dB will result in an output 
of (-107 dBm - 10 dB) or –117 dBm. 

A hybrid combiner is a three-port de- 
vice used to combine the signals from a 
pair of generators for all dynamic range 
measurements. It has the characteristic 
that signals applied at ports 1 or 2 appear 
at port 3 and are attenuated by 3 dB. 
However, a signal from port 1 is attenu- 
ated 30 or 40 dB when sampled at port 2. 
Similarly, signals applied at port 2 are 
isolated from port 1 some 30 to 40 dB. The 
isolating properties of the box prevent one 
signal generator from being frequency or 
phase modulated by the other. A second 
feature of a hybrid combiner is that a 
50-Q impedance level is maintained 
throughout the system. 

Audio voltmeters should be calibrated 
in dB as well as volts. This facilitates easy 
measurements and eliminates the need for 
cumbersome calculations. Be sure that the 
step attenuators are in good working order 
and suitable for the frequencies involved. 
A distortion meter, such as the Hewlett- 
Packard 339A, is required for FM sensi- 
tivity measurements and a noise figure 
meter, such as the Hewlett-Packard 
8970A, is excellent for certain kinds of 
sensitivity measurements. 


Receiver Sensitivity 


Several methods are used to determine 
receiver sensitivity. The mode under con- 
sideration often determines the best 
choice. One of the most common sensitiv- 
ity measurements is minimum discernible 
signal (MDS) or noise floor. It is suitable 
for CW and SSB receivers. 

This measurement indicates the mini- 
mum discernible signal that can be de- 
tected with the receiver. This level is de- 
fined as that which will produce the same 
audio-output power as the internally gen- 
erated receiver noise. Hence, the term 
“noise floor.” 

To measure MDS, use a signal genera- 


tor tuned to the same frequency as the re- 
ceiver (see Fig 26.56). With the generator 
output at 0 or with maximum attenuation 
of its output note the voltmeter reading. 
Next increase the generator output level 
until the ac voltmeter at the receiver audio- 
output jack shows a 3-dB increase. The 
signal input at this point is the MDS. Be 
certain that the receiver is peaked on the 
generator signal. The filter bandwidth can 
affect the MDS. Always compare MDS 
readings taken with identical filter band- 
widths. (A narrow bandwidth tends to 
improve MDS performance.) MDS can be 
expressed in pV or dBm. 

In the hypothetical example of Fig 26.56, 
the output of the signal generator is -133 
dBm and the step attenuator is set to 4 dB. 
Here is the calculation: 


Noise floor = 2133 dBm – 4 dB 
= -137 dBm (25) 


where the noise floor is the power avail- 
able at the receiver antenna terminal and 
—4 dB is the loss through the attenuator. 

Receiver sensitivity is also often 
expressed as 10 dB S+N/N (a 10-dB ratio 
of signal + noise to noise) or 10 dB S/N 
(signal to noise). The procedure and 
measurement are identical to MDS, except 
that the input signal is increased until the 
receiver output increases by 10 dB for 10 
dB S+N/N and 9.5 dB for 10 dB S/N (often 
called “10 dB signal to noise ratio”). AM 
receiver sensitivity is usually expressed in 
this manner with a 30% modulated, 1-kHz 
test signal. (The modulation in this case is 
keyed on and off and the signal level is 
adjusted for the desired increase in the 
audio output.) 

SINAD is a common sensitivity mea- 
surement normally associated with FM 
receivers. Itis an acronym for “signal plus 
noise and distortion.” SINAD is a mea- 
sure of signal quality: 
signal + noise + distortion 


SINAD = 
noise + distortion 


(26) 
where SINAD is expressed in dB. In this 


Signal Step Receiver Audio 
Generator Attenuator Under Test Voltmeter 


—133 dBm —4 dBm 


Output 


—137 dBm 


at Receiver Input 


Fig 26.56 — A general test setup for measuring receiver MDS, or noise floor. 
Signal levels shown are for an example discussed in the text. 


N 


example, all quantities to the right of the 
equal sign are expressed in volts, and the 
ratio is converted to dB by multiplying the 
log of-the fraction by 20. 


SINAD(dB) 


8 Noise(V)+Distortion(V) 


Let’s look at this more closely. We can 
consider distortion to be a part of the re- 
ceiver noise because distortion, like noise, 
is an unwanted signal added to the desired 
signal by the receiving system. Then, if 
we assume that the desired signal is much 
stronger than the noise, SINAD closely 
‚ approximates the signal to noise ratio. The 
common 12-dB SINAD specification 
therefore corresponds to a 4:1 S/N ratio 
(noise + distortion = 0.25 x signal). 

The basic test setup for measuring 
SINAD is shown in Fig 26.57. The level of 
input signal is adjusted to provide 25% 
distortion (12 dB SINAD). Narrow-band 


FM signals, typical for amateur communi- | 


cations, usually have 3-kHz peak devia- 
tion when modulated at 1000 Hz. 

Noise figure is another measure of re- 
ceiver sensitivity. It provides a sensitivity 
evaluation that is independent of the sys- 
tem bandwidth. Noise figure is discussed 
further in the Transceivers chapter. 


Dynamic Range 

Dynamic range is the ability of the re- 
ceiver to tolerate strong signals outside of 
its band-pass range. Two kinds will be 
considered: 

Blocking dynamic range (blocking DR) 


is the difference, in dB, between the noise - 


floor and a signal that causes 1 dB of gain 
compression in the receiver. It indicates 
the signal level, above the noise floor, that 
begins to cause desensitization. 

IMD dynamic range (IMD DR) mea- 
sures the impact of two-tone IMD on a 
receiver. IMD is the production of spuri- 


ous responses that results when two or. 


more signals mix. IMD occurs in any 
receiver when signals of sufficient mag- 
nitude are present. IMD DR is the dif- 
ference, in dB, between the noise floor 
and the strength of two equal incoming 
signals that produce a third-order product 
3 dB above the noise floor. 

What do these measurements mean? 
When the IMD DR is exceeded, false sig- 
nals begin to appear along with the desired 
signal. When the blocking DR is exceeded, 
the receiver begins losing its ability to 
amplify weak signals. Typically, the IMD 
DR is 20 dB or more below the blocking 
‚ DR, so false signals appear well before 
sensitivity is significantly decreased. IMD 
DR is one of the most significant param- 


eters that can be specified for a receiver. It 


is generally a conservative evaluation for 
other effects, such as blocking, which will 
occur only for signals well outside the 
IMD dynamic range of the receiver: 
. Both dynamic range tests require two 
signal generators and a hybrid combiner. 
When testing blocking DR (see Fig 26.58), 
one generator is set for a weak signal of 
roughly -110 dBm. The receiver is tuned 
to this frequency and peaked for maximum 
response. (ARRL Lab procedures require 
this level to be about 10 dB below the 1-dB 
compression point, if the AGC can be dis- 
abled. Otherwise, the level is set to 20 dB 
above the MDS.) "NN 
The second generator is set to a fre- 
quency 20 kHz away from the first and its 


level is increased until the receiver output : 


drops by 1 dB, as measured with the ac 
voltmeter. З 

In the example shown, the output of the 
generator is —7 dBm, the loss through the 


—122 dBm 
Output 


—4 dBm 


Fig 26.57 — FM SINAD test setup. 
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Blocking DR = Noise Floor — Blocking Level 


—117 dB = —137 dBm — (—20 dBm) 
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combiner is fixed at 3 dB and the step at- 
tenuator is set to 10 dB. The 1-dB com- 
pression level is calculated as follows: 


—-7 dBm - 3dBm - 10dB 
—20 dBm i 


Blocking level 


(27) 


To express this as a dynamic range, the 
blocking level is referenced to the receiver 
noise floor (calculated earlier). Calculate 
it as follows: 


Blocking DR = noise floor — blocking level 
—137 dBm - (-20 dBm) 


-117 dB 


pow ow 


(28) 


This value is usually expressed as an 
absolute value: 117 dB. 


Two-Tone IMD Test 


The setup for measuring IMD DR is - 


shown in Fig 26.59. Two signals of equal 
level, spaced 20-kHz apart are injected 


—126 dBm 


Receiver 
Under Test 


Audio 
Voltmeter 


—10 dB = —20 dBm Blocking Level 


at Receiver Input 


Fig 26.58 — Receiver Blocking DR is measured with this equipment and 
arrangement. Measurements shown are for the example discussed in the text. 
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Fig 26.59 — Receiver IMD DR test setup. Signal levels shown are for the example 


. discussed in the text. р : 
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into the receiver input. When we call these 
frequencies f1 and f2, the so-called third- 
order IMD products will appear at fre- 
quencies of (2f1 — f2) and (2f2 — f1). If the 
two input frequencies are 14.040 and 
14.060 MHz, the third-order products will 
be at 14.020 and 14.080 MHz. Let's talk 
through a measurement with these fre- 
quencies. 

First, set the generators for f1 and f2. 
Adjust each of them for an output of -10 
dBm. Tune the receiver to either of the 
third-order IMD products. Adjust the step 
attenuator until the IMD product produces 
an output 3 dB above the noise level as 
read on the ac voltmeter. 

For an example, say the output of the 
generator is -10 dBm, the loss through the 
combiner is 3 dB and the amount of at- 
tenuation used is 30 dB. The signal level at 
the receiver antenna terminal that just be- 
gins to cause IMD problems is calculated 
as: 


IMD level = —10dBm - 3dB - 30dB 


—43 dBm 


og 


(29) 


To express this as a dynamic range the 
IMD level is referenced to the noise floor 
as follows: 


IMD DR = noise floor - IMD level (30) 
-137 dBm - (-43 dBm) 

-94 dB 

Therefore, the IMD dynamic range of 


this receiver would be 94 dB. 


Wow 


Third-Order Intercept 


Another parameter used to quantify 
receiver performance is the third-order 
input intercept (P. This is the point 
at which the desired response and the 
third-order IMD response intersect, if ex- 
tended beyond their linear regions (see 
Fig 26.60). Greater ІР? indicates better 
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Fig 26.60 — A plot of the receiver 
characteristics that determine third- 
order input intercept, a measure of 
receiver performance. 
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Fig 26.61 — Performance plot of the receiver discussed in the text. This is a good 
way to visualize the interaction of receiver-performance measurements. 


receiver performance. Calculate IP? like 
this: 


IP? = 1.5 (IMD dynamic range in dB) 
+ (MDS in dBm) (31) 


For our example receiver: 
IP? = 1.5 (94 dB) + (-137 dBm) = +4 dBm 


The example receiver we have dis- 
cussed here is purely imaginary. Nonethe- 
less, its performance is typical of contem- 
porary communications receivers. 


Evaluating the Data 


Thus far, a fair amount of data has been 
gathered with no mention of what the num- 
bers really mean. It is somewhat easier to 
understand exactly what is happening by 
arranging the data as shown in Fig 26.61. 
The base line represents power levels with 
a very small level at the left and a higher 
level (0 dBm) at the right. 

The noise floor of our hypothetical 
receiver is at -137 dBm, the IMD level 
(the level at which signals will begin to 
create spurious responses) at—43 dBm and 
the blocking level (the level at which sig- 
nals will begin to desensitize the receiver) 
at -20 dBm. The IMD dynamic range is 
some 23 dB smaller than the blocking 
dynamic range. This means IMD products 
will be heard long before the receiver be- 
gins to desensitize, some 23 dB sooner. 


SPECTRUM ANALYZERS 


A spectrum analyzer is similar to an 
oscilloscope. Both visually present an 
electrical signal through graphic represen- 
tation. The oscilloscope is used to observe 
electrical signals in the time domain (am- 
plitude as a function of time). The time 
domain, however, gives little information 
about the frequencies that make up com- 
plex signals. Amplifiers, mixers, oscilla- 
tors, detectors, modulators and filters are 
best characterized in terms of their fre- 
quency response. This information is ob- 
tained by viewing electrical signals in the 
frequency domain (amplitude as a func- 


AMPLITUDE - 


TIME 


Fig 26.62 — A complex signal in the 
time and frequency domains. A is a 
three-dimensional display of amplitude, 
time and frequency. B is an 
oscilloscope display of time vs 
amplitude. C is spectrum analyzer 
display of the frequency domain and 
shows frequency vs amplitude. 


tion of frequency). One instrument that 
can display the frequency domain is the 
spectrum analyzer. 


Time and Frequency Domain 


To better understand the concepts of 
time and frequency domain, see Fig 26.62. 
The three-dimensional coordinates show 
time (as the line sloping toward the bot- 
tom right), frequency (as the line rising 
toward the top right) and amplitude (as the 
vertical axis). The two discrete frequen- 
cies shown are harmonically related, so 
we'll refer to them as f1 and 2f1. 

In the representation of time domain at 
B, all frequency components of a signal 
are summed together. In fact, if the two 
discrete frequencies shown were applied 
to the input of an oscilloscope, we would 
see the solid line (which corresponds to f1 
+ 211) on the display. 

In the frequency domain, complex sig- 
nals (signals composed of more than one 


frequency) are separated into their indi- 
vidual frequency components. A spectrum 


analyzer measures and displays the power | 


level at each discrete frequency; this dis- 
‘play is shown at C. 

The frequency domain contains infor: 
mation not apparent in the time domain 


. and therefore the spectrum analyzer offers ` 


advantages over the oscilloscope for cer- 
tain measurements. As might be expected, 
some measurements are best made in the 
time domain. In these cases, the oscillo- 
scope is a valuable instrument. 
Spectrum Analyzer Basics 

There are several different types of 
‘spectrum analyzers, but by far the most 
common is nothing more than an electroni- 
cally tuned superheterodyne receiver. The 
receiver is tuned by means of a ramp volt- 
age. This ramp voltage performs two func- 
tions: First, it sweeps the frequency of the 
analyzer local oscillator;.second, it de- 
Песіѕ a béam across the horizontal axis of 
aCRT display, as shown in Fig 26.63. The 
vertical axis deflection of the CRT beam 
is determined by the strength of the re- 
ceived signal. In this way, the CRT dis- 


plays frequency on the horizontal axis and | 


signal strength on the vertical axis. 

Most spectrum analyzers use an up-con- 
verting technique so that a fixed tuned 
"input filter can remove the image. Only 
‘the first local oscillator need be tuned to 
tune the receiver. In the up-conversion 
design, a wide-band input is converted to 


LOW-PASS 
FILTER 


0-300 MHz 


VOLTAGE- . 
CONTROLLED 
OSCILLATOR 


an IF higher than ‘the highest input fre- 


quency. As with most up- converting com- 
‘munications receivers, it is not easy to 


achieve the desired ultimate selectivity at 
the first IF, because of the high frequency. 
For this reason, multiple conversions are 
used to generate an IF low enough so that 


the desired selectivity is practical. In the 


example shown, dual conversion is used: 
The first IF is at 400 MHz; the second at 


: 10.7 MHz. 
In the example spectrum analyzer, the’ 


first local oscillator is swept from 


400 MHz to 700. MHz; this converts the 


input (from nearly 0 MHz to 300 MHz) to 
the first IF of 400 MHz. The usual rule of 


‘thumb for varactor tuned oscillators is that 
` the maximum practical tuning ratio (the 


ratio of the highest frequency to the lowest 


frequency) is an octave, a 2:1 ratio. In our ^ 


example spectrum analyzer, the tuning 
ratio of the first local oscillator is 1.75: 1, 
which meets this specification. 

The їйаре frequency spans 800 MHzt to 


1100 MHz and is easily, eliminated using a ' 


low-pass filter with a cut-off frequency 
around 300 MHz. The 400-MHz first IF 


.is converted to 10.7 MHz where the ulti- 


mate selectivity of the analyzer is ob- 
tained. The image of the second con- 
version, (421.4 MHZ), is eliminated by 
the first IF filter. The attenuation of the 
image should be great, on the order of 
60 to 80 dB. This requires a first IF filter 
with a high Q; this is achieved by using 
helical resonators, SAW resonators or 


1ST 
IF FILTER 
400 MHz 


410.7 MHz . 


TUNING 


VOLTAGE |... 


САТ 
DISPLAY ` 


cavity filters. Another method of elimi- 
nating the image problem is to use triple 
conversion; converting first to an interme- 
diate IF such as 50 MHz and then to 10.7 
MHz. As with any receiver, an additional: 
frequency conversion requires added cir- 
cuitry and adds potential spurious re- 
sponses. 

Most of the signal: amplification takes 
place at the lowest IF; in the case of the 


' example analyzer this is 10.7 MHz. Here 


the communications receiver and the spec- 
trum analyzer differ. A communications 
receiver demodulates the incoming signal 
'so that the modulation can be heard or 
further demodulated for RTTY or pácket 
or other mode of operation. In the spec- . 


` trum analyzer, only the signal strength is 


needed. 

- In order for the spectrum analyzer to be 
most useful, it should display signals of 
widely different levels. As,an example, 
signals differing by 60 dB, which is a thou- 
sand to one difference in voltage or a mil- 
lion to one in power, would be difficult to 
display. This would mean.that if power 
were displayed, one signal would be one 
million times larger than the other (in the 
case of voltage one signal would be a thou- ` 


- sand times larger). In either case it would 


be difficult to display both signals on a 
CRT. The solution to this problem is to 
“use a logarithmic display that shows the 
relative signal levels in decibels. Using 
this technique, a 1000:1 ratio of voltage 
reduces to a 60-dB difference. 


2ND 


_ IF FILTER 


10.7 MHz 


Fig 26.63 — A block diagram of a | superheterodyne spectrum analyzer. Input frequencies of up to 300 MHz are up converted 


by the local oscillator and mixer to a fixed frequency ‹ of 400 МН2. ^. . r 
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The conversion of the signal to a loga- 
rithm is usually performed in the IF ampli- 
fier or detector, resulting in an output volt- 
age proportional to the logarithm of the 
input RF level. This output voltage is then 
used to drive the CRT display. 


Spectrum Analyzer Performance 
Specifications 

The performance parameters of a spec- 
trum analyzer are specified in terms simi- 
lar to those used for radio receivers, in 
spite of the fact that there are many differ- 
ences between a receiver and a spectrum 
analyzer. 

The sensitivity of a receiver is often 
specified as the minimum discernible sig- 
nal, which means the smallest signal that 
can be heard. In the case of the spectrum 
analyzer, it is not the smallest signal that 
can be heard, but the smallest signal that 
can be seen. The dynamic range of the 
spectrum analyzer determines the largest 
and smallest signals that can be simulta- 
neously viewed on the analyzer. As witha 
receiver, there are several factors that can 
affect dynamic range, such as IMD, sec- 
ond- and third-order distortion and block- 
ing. IMD dynamic range is the maximum 
difference in signal level between the 
minimum detectable signal and the level 
of two signals of equal strength that gen- 
erate an IMD product equal to the mini- 
mum detectable signal. 

Although the communications receiver 
is an excellent example to introduce the 
spectrum analyzer, there are several dif- 
ferences such as the previously explained 
lack of a demodulator. Unlike the commu- 
nications receiver, the spectrum analyzer 
is not a sensitive radio receiver. To pre- 
serve a wide dynamic range, the spectrum 
analyzer often uses passive mixers for the 


Transmitter 
or Amplifier 


Transmitter Power 
or Amplifier Attenuator 


first and second mixers. Therefore, refer- 
ring to Fig 26.63, the noise figure of the 
analyzer is no better than the losses of the 
input low-pass filter plus the first mixer, 
the first IF filter, the second mixer and the 
loss of the second IF filter. This often re- 
sults in a combined noise figure of more 
than 20 dB. With that kind of noise figure 
the spectrum analyzer is obviously not a 
communications receiver for extracting 
very weak signals from the noise but a 
measuring instrument for the analysis of 
frequency spectrum. 

The selectivity of the analyzer is called 
the resolution bandwidth. This term refers 
to the minimum frequency separation of 
two signals of equal level that can be re- 
solved so there is a 3-dB dip between the 
two. The IF filters used in a spectrum ana- 
lyzer differ from a communications re- 
ceiver in that the filters in a spectrum ana- 
lyzer have very gentle skirts and rounded 
passbands, rather than the flat passband 
and very steep skirts used on an IF filter in 
a high-quality communications receiver. 
This rounded passband is necessary be- 
cause the signals pass into the filter pass- 
band as the spectrum analyzer scans the 
desired frequency range. If the signals 
suddenly pop into the passband (as they 
would if the filter had steep skirts), the 
filter tends to ring; a filter with gentle 
skirts is less likely to ring. This ringing, 
called scan loss, distorts the display and 
requires that the analyzer not sweep fre- 
quency too quickly. All this means that the 
scan rate must be checked periodically to 
be certain the signal amplitude is not af- 
fected by fast tuning. 


Spectrum Analyzer Applications 


Spectrum analyzers are used in situa- 
tions where the signals to be analyzed are 
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Fig 26.64 — Alternate bench setups for viewing the output of a high power 
transmitter or oscillator on a spectrum analyzer. A uses a line sampler to pick off 
a small amount of the transmitter or amplifier power. In B, most of the transmitter 
power is dissipated in the power attenuator. 
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very complex and an oscilloscope display 
would be an indecipherable jumble. The 
spectrum analyzer is also used when the 
frequency of the signals to be analyzed is 
very high. Although high-performance 
oscilloscopes are capable of operation into 
the UHF region, moderately priced spec- 
trum analyzers can be used well into the 
gigahertz region. 

A spectrum analyzer can also be used to 
view very low-level signals. For an oscil- 
loscope to display a VHF waveform, the 
bandwidth of the oscilloscope must extend 
from zero to the frequency of the wave- 
form. If harmonic distortion and other 
higher-frequency distortions are to be seen 
the bandwidth of the oscilloscope must 
exceed the fundamental frequency of the 
waveform. This broad bandwidth can also 
admit a lot of noise power. The spectrum 
analyzer, on the other hand, analyzes the 
waveform using a narrow bandwidth; thus 
it is capable of reducing the noise power 
admitted. 

Probably the most common application 
of the spectrum analyzer is the measure- 
ment of the harmonic content and other 
spurious signals in the output of a radio 
transmitter. Fig 26.64 shows two ways to 
connect the transmitter and spectrum ana- 
lyzer. The method shown at A should not 
be used for wide-band measurements since 
most line-sampling devices do not exhibit 
a constant-amplitude output over a broad 
frequency range. Using a line sampler is 
fine for narrow-band measurements, how- 
ever. The method shown at B is used in the 
ARRL Lab. The attenuator must be capable 
of dissipating the transmitter power. It must 
also have sufficient attenuation to protect 
the spectrum analyzer input. Many spec- 
trum analyzer mixers can be damaged by 
only a few milliwatts, so most analyzers 
have an adjustable input attenuator that will 
provide a reasonable amount of attenuation 
to protect the sensitive input mixer from 
damage. The power limitation of the at- 
tenuator itself is usually on the order of a 
watt or so, however. This means that 20 dB 
of additional attenuation is required for a 
100-W transmitter, 30 dB for a 1000-W 
transmitter and so on, to limit the input to 
the spectrum analyzer to 1 W. There are 
specialized attenuators that are made for 
transmitter testing; these attenuators pro- 
vide the necessary power dissipation and 
attenuation in the 20 to 30-dB range. 

When using a spectrum analyzer it is 
very important that the maximum amount 
of attenuation be applied before a mea- 
surement is made. In addition, it is a good 
practice to start with maximum attenua- 
tion and view the entire spectrum of a sig- 
nal before the attenuator is adjusted. The 
signal being viewed could appear to be at 


a safe level, but another spectral compo- 
nent, which is not visible, could be above 
the damage limit. It is also very important 
to limit the input power to the analyzer 
when pulse power is being measured. The 
: average power may be small enough so the 


„input attenuator is not damaged, but the 


peak pulse power, which may not be 
readily visible on the analyzer display, can 
destroy a mixer, literally in microseconds. 
When using a spectrum analyzer it is 
necessary to ensure that the analyzer does 
not generate additional spurious signals 
. that are then attributed to the system under 


test. Some of the spurious signals that can - 


be generated by a spectrum analyzer are 
harmonics and IMD. If it is desired to 
measure the harmonic levels of a transmit- 
ter at a level below the spurious level of 
the analyzer itself, a notch filter can be 
inserted between the attenuator and the 
spectrum analyzer as shown in Fig 26.65. 
This reduces the level of the fundamental 
signal and prevents that signal from gen- 
erating harmonics within the analyzer, 
while still allowing the harmonics from 
the transmitter to pass through to the ana- 
lyzer without attenuation. Use caution 
with this technique; detuning the notch 
filter or inadvertently changing the trans- 
mitter frequency will allow potentially 
‘high levels of power to enter the analyzer. 
In addition, use care when choosing fil- 
ters; some filters (such as cavity filters) 
respond not only to the fundamental but 
notch out odd harmonics as well. 

It is good practice to check for the gen- 
eration of spurious signals within the spec- 
trum analyzer. When a spurious signal is 
generated by a spectrum analyzer, adding 
attenuation atthe analyzer input will cause 
the internally generated spurious signals 
to decrease by an amount greater than the 
added attenuation. If attenuation added 
ahead of the analyzer causes all of the 
visible signals to decrease by the same 
amount, this: indicates a spurious-free 
display. 


The input impedance for most RF spec- : 


trum analyzers is 50 Q; not all circuits 
. have convenient 50-Q connections that 
can be accessed for testing purposes, how- 
ever. Using a probe such as the one shown 
in Fig 26.66 allows the analyzer to be used 
as a troubleshooting tool. The probe can 
be used to track down signals within a 
transmitter or receiver, much like an os- 
‚ cilloscope is used. The probe shown of- 
fers a 100:1 voltage reduction and loads 
the circuit with 5000 О. A different type 
of probe is shown in Fig 26.67. This in- 
ductive pickup coil (sometimes called a 
"sniffer") is very handy for troubleshoot- 
ing. The coil is used to couple signals from 
the radiated magnetic field of a circuit into 


NOTCH 
FILTER 


SPECTRUM 
ANALYZER | 


RF 
- | TRANSMITTER OUT 


Fig 26.65 — A notch filter is another way to reduce the level of a transmitter's 


fundamental signal so that the fundamental does not generate harmonics within 


' the analyzer. However in order to know the amplitude relationship between the 


fundamental and the transmitter's actual harmonics and spurs the attenuation of 
the fundamental in the notch filter must be known. 


CARBON 


SPECTRUM 
ANALYZER 


CONNECTOR 50 OHMS 


Fig 26.66 — A voltage probe designed for use with a spectrum analyzer. Keep the 
probe tip (resistor and capacitor) and ground leads as short as possible. 


the analyzer. A short length of miniature 
coax is wound into a pick-up loop and 
soldered to a larger piece of coax. The use 
of the coax shields the loop from coupling 
energy from the electric field component. 
The dimensions of the loop are not criti- 
cal, but smaller loop dimensions make the 
loop more accurate in locating the source 
of radiated RF. The shield of the coax pro- 
vides a complete electrostatic shield with- 
out introducing a shorted turn. 

The sniffer allows the spectrum ana- 
lyzer to sense RF energy without contact- 
ing the circuit being analyzed. If the loop 
is brought néar an oscillator coil, the os- 
cillator can be tuned without directly con- 
tacting (and thus disturbing) the circuit. 
The oscillator can then be checked for re- 
liable starting and the generation of spuri- 
ous sidebands. With the coil brought near 
the tuned circuits of amplifiers or fre- 


quency multipliers, those stages can be: 


tuned using a similar technique. 

Even though the sniffer does not con- 
tact the. circuit being evaluated, it does 
extract some energy froni the circuit. For 
this reason, the loop should be placed as 
far from the tuned circuit as is practical. If 
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Fig 26.67 — A “sniffer” probe 
consisting of an inductive pick-up. It 
has an advantage of not loading the 
circuit under test. See text for details. 


_ the loop is placed too far from the circuit, 


the signal will be too weak or the pick-up 
loop will pick up energy from other parts 
of the circuit and not give an accurate in- 
dication of the circuit under test. 

The sniffer is very handy to locate 
sources of RF leakage. By probing the 
shields and cabinets of RF-generating 
equipment (such as transmitters) egress 
and ingress points of RF energy can be 
identified by increased indications on the 
analyzer display. 
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Fig 26.68 — Block diagram of a spectrum analyzer and signal generator being 
used to tune the band-pass and notch filters of a duplexer. All ports of the 
duplexer must be properly terminated and good quality coax with intact shielding 


used to reduce leakage. 
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Fig 26.69 — A signal generator (shown 
in the figure as the “Tracking 
Generator”) locked to the local 
oscillator of a spectrum analyzer can 
be used to determine filter response 
over a range of frequencies. 


One very powerful characteristic of the 
spectrum analyzer is the instrument’s ca- 
pability to measure very low-level signals. 
This characteristic is very advantageous 
when very high levels of attenuation are 
measured. Fig 26.68 shows the setup for 
tuning the notch and passband of a VHF 
duplexer. The spectrum analyzer, being 
capable of viewing signals well into the 
low microvolt region, is capable of mea- 
suring the insertion loss of the notch cavity 
more than 100 dB below the signal genera- 
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Fig 26.70 — A network analyzer is 
usually found in commercial 
communications development labs. It 
can measure both the phase and 
magnitude of the filter input and output 
signals. See text for details. 
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tor output. Making a measurement of this 
sort requires care in the interconnection of 
the equipment and a well designed spec- 
trum analyzer and signal generator. RF 
energy leaking from the signal generator 
cabinet, line cord or even the coax itself, 
can get into the spectrum analyzer through 
similar paths and corrupt the measurement. 
This leakage can make the measurement 
look either better or worse than the actual 
attenuation, depending on the phase rela- 
tionship of the leaked signal. 


Extensions of Spectral Analysis 


What if a signal generator is connected 
to a spectrum analyzer so that the signal 
generator output frequency is exactly the 
same as the receiving frequency of the 
spectrum analyzer? It would certainly ap- 
pear to be areal convenience not to have to 
continually reset the signal generator to 
the desired frequency. It is, however, more 
than a convenience. A signal generator 
connected in this way is called a tracking 
generator because the output frequency 
tracks the spectrum analyzer input fre- 
quency. The tracking generator makes it 
possible to make swept frequency mea- 
surements of the attenuation characteris- 
tics of circuits, even when the attenuation 
involved is large. 

Fig 26.69 shows the connection of a track- 
ing generator to a circuit under test. In order 
for the tracking generator to create an output 
frequency exactly equal to the input fre- 
quency of the spectrum analyzer, the inter- 
nal local oscillator frequencies of the spec- 
trum analyzer must be known. This is the 
reason for the interconnections between the 
tracking generator and the spectrum ana- 
lyzer. The test setup shown will measure the 
gain or loss of the circuit under test. Only the 
magnitude of the gain or loss is available; in 
some cases, the phase angle between the 
input and output would also be an important 
and necessary parameter. 

The spectrum analyzer is not sensitive to 
the phase angle of the tracking generator 
output. In the process of generating the track- 
ing generator output, there are no guarantees 
that the phase of the tracking generator will 
be either known or constant. This is espe- 
cially true of VHF spectrum analyzers/track- 
ing generators where a few inches of coaxial 
cable represents a significant phase shift. 

One effective way of measuring the phase 
angle between the input and output of a de- 
vice under test is to sample the phase of the 
input and output of device under test and 
apply the samples to a phase detector. Fig 
26.70 shows a block diagram of this tech- 
nique. An instrument that can measure both 
the magnitude and phase of a signal is called 
a vector network analyzer or simply a net- 
work analyzer. The magnitude and phase can 
be displayed either separately or together. 
When the magnitude and phase are dis- 
played together the two can be presented as 
two separate traces, similar to the two traces 
on a dual-trace oscilloscope. A much more 
useful method of display is to present the 
magnitude and phase as a polar plot where 
the locus of the points of a vector having the 
length of the magnitude and the angle of the 
phase are displayed. Very sophisticated net- 
work analyzers can display all of the S pa- 
rameters of a circuit in either a polar format 
or a Smith Chart format. 


Transmitter Performance Tests 


The test setup used in the ARRL Labo- 
ratory for measuring an HF transmitter or 
amplifier is shown in Fig 26.71. As can be 
seen, different power levels dictate differ- 


ent amounts of attenuation between the . 


transmitter or amplifier and the spectrum 
analyzer. 


Spurious Emissions 


Fig 26.72 shows the broadband spec- 
‘trum of a transmitter, showing the harmon- 
ics in the output. The horizontal (fre- 
quency) scale is 5 MHz per division; the 
main output of the transmitter at 7 MHz 
can be seen about 1.5 major divisions from 


the left of the trace. A very large apparent ` 


signal is seen at the extreme left of the 
trace. This occurs at what would be zero 
frequency and it is caused by the first local 
oscillator frequency being exactly the first 
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IF. All up-converting superheterodyne 
spectrum analyzers have this IF feed- 
through; in addition, this signal is occa- 


sionally accompanied by a smaller spuri- ` 


ous signal; generated within the analyzer. 
To determine what part of the displayed 
signal is a spurious response caused by IF 
feedthrough and what is an actual input 
signal, simply remove the input signal and 
observe the trace. It is not necessary or 
desirable that the transmitter be modulated 
for this broadband test. - | 
Other transmitter tests that can be per- 
formed with a spectrum analyzer include 
measurement of two-tone IMD and SSB 
carrier and unwanted sideband suppression. 


Two-Tone IMD 


Investigating the sidebands from a 
modulated transmitter requires a narrow- 
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Fig 26.71 — These setups are used in the ARRL Laboratory for testing 
transmitters or amplifiers with several different power levels. 


Fig 26.72 — Comparison of two different transmitters on the 40-m band as seen 
on a spectrum analyzer display. The photograph at A shows a relatively clean 
transmitted signal but the transmitter at B shows more spurious signal content. 
Horizontal scale is 5 MHz per division; vertical is 10 dB per division. According to 
current FCC spectral purity requirements both transmitters are acceptable. 
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- band spectrum analysis and produces dis- 


plays similar to that shown in Fig 26.73. 
In this example, a two-tone test signal is 
used to modulate the transmitter. The dis- 
play shows the two test tones plus some of 
the IMD produced by the SSB transmitter. 
The test setup used to produce this display 
is shown in Fig 26.74. 

In this example, a two-tone test signal 
with frequencies of 700 and 1900 Hz is 
used to modulate the transmitter. Set the `` 
transmitter output and audio input to the 
manufacturer's specifications. Each de- 
sired tone is adjusted to be equal in ampli- 
tude and centered on the display. The step 
attenuators and analyzer controls are then 
adjusted to set the two desired signals 
6 dB below the 0-dB reference (top) line. 
The IMD products can then be read di- 
rectly from the display in terms of "dB 
below Peak Envelope Power (PEP)." (In 
the example shown, the third-order prod- 
ucts are 30 dB below PEP, the fifth-order 
products are 37 dB down, the seventh- 
order products are down 44 dB.) 


‘Carrier and Unwanted Sideband 


Suppression 


Single-tone audio input signals can be 
used with the same setup to measure un- 
wanted sideband and carrier suppression . 
of SSB signals. In this case, set the single 
tone to the 0-dB reference line. (Once the 
level is set, the audio can be disabled for 
carrier suppression measurements in order 
to eliminate IMD and other effects.) 


Phase Noise 
Phase/composite noise is also measured 


' with spectrum analyzers in the ARRL Lab. 


Fig 26.73 — An SSB transmitter two- 
tone test as seen on a spectrum 
analyzer. Each horizontal division 
represents 1 kHz and each vertical 
division is 10 dB. The third-order 
products are 30 dB below the PEP (top 
line), the fifth-order products are down 
37 dB and seventh-order products are 
down 44 dB. This represents 
acceptable (but not ideal) performance. 
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This test requires specialized equipment 
and is included here for information pur- 
poses only. 

The purpose of the Composite-Noise 
test is to observe and measure the phase 
and amplitude noise, as well as any close- 
in spurious signals generated by a trans- 
mitter. Since phase noise is the primary 
noise component in any well-designed 
transmitter, almost all of the noise ob- 
served during this test is phase noise. 

This measurement is accomplished in 
the lab by converting the transmitter out- 
put down to a frequency about 10 or 
20 kHz above baseband. A mixer and a 
signal generator (used as a local oscillator) 


Two-Tone 
Audio Generator 


are used to perform this conversion. Fil- 
ters remove the 0-Hz component as well as 
any unwanted heterodyne components. A 
spectrum analyzer (see Fig 26.75) displays 
the remaining noise and spurious signals 
from 2 to 20 kHz from the carrier frequency 
(in the CW mode). 


Tests in the Time Domain 


Oscilloscopes are used for transmitter 
testing in the time domain. Dual-trace in- 
struments are best in most cases, provid- 
ing easy to read time-delay measurements 
between keying input and RF- or audio- 
output signals. Common transmitter mea- 
surements performed with ’ scopes include 


Step Spectrum 
Attenuator Analyzer 


Fig 26.74 — The test setup used in the ARRL Laboratory to measure the IMD 
performance of transmitters and amplifiers. 


Fig 26.75 — The spectral-display results of a composite-noise test in the ARRL 
Lab. This display is for the ICOM IC-707 reviewed in April 94 QST. Power output is 
100 W at 14 MHz. Vertical divisions are 10 dB; horizontal divisions are 2 kHz. The 
log reference level (the top horizontal line on the scale) represents -60 dBc/Hz 
and the baseline is -140 dBc/Hz. The carrier, off the left edge of the plot, is not 
shown. This plot shows composite transmitted noise 2 to 20 kHz from the carrier. 
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Fig 26.76 — CW keying waveform test setup. 
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CW keying wave shape and time delay and 
SSB/FM transmit-to-audio turnaround 
tests (important for many digital modes). 

A typical setup for measuring CW key- 
ing waveform and time delay is shown in 
Fig 26.76. A keying test generator is used 
to repeatedly key the transmitter at a con- 
trolled rate. The generator can be set to 
any reasonable speed, but ARRL tests are 
usually conducted at 20-ms on and 20-ms 
off (25 Hz, 50% duty cycle). Fig 26.77 
shows a typical display. The rise and fall 
times of the RF output pulse are measured 
between the 10% and 90% points on the 
leading and trailing edges, respectively. 
The delay times are measured between the 
50% points of the keying and RF output 
waveforms. Look at the Transceivers 
chapter for further discussion of CW key- 
ing issues. 

For voice modes (SSB/FM), a PTT-to- 
RF output test is similar to CW keying 
tests. It measures rise and fall times, as 
well as the on- and off-delay times just as 
in the CW test. See Fig 26.78 for the test 
setup. 

“Turn-around time" is the time it takes 
for a transceiver to switch from the 5096 
fall time of a keying pulse to 5096 rise of 
audio output. The test setup is shown in 
Fig 26.79. Turn-around time measure- 
ments require extreme care with respect to 
transmitter output power, attenuation, sig- 
nal-generator output and the maximum 
input signal that can be tolerated by the 
generator. The generator's specifications 
must not be exceeded and the input to the 
receiver must be at the required level, usu- 
ally S9. Receiver AGC is usually off for 
this test, but experimentation with AGC 
and signal input level can reveal surpris- 
ing variations. The keying rate must be 


Fig 26.77 — Typical CW keying 
waveform test results. This display is 
for the ICOM IC-707 (semi-break-in 
mode) reviewed in April 94 QST. The 
upper trace is the actual key closure; 
the lower trace is the RF envelope. 
Horizontal divisions are 10 ms. The 
transceiver was being operated at 100 
W output at 14 MHz. 


considerably slower than the turn-around 
time; rates of 200-ms on/200-ms off or 
faster, have been used with-success in 
Product Review tests at the ARRL Lab. 

Turn-around time is an important con- 
sideration with some digital modes. 
AMTOR, for example, requires a turn- 
- around time of 35 ms or less. 
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GLOSSARY 


AC (Alternating current) — The polarity 
constantly reverses, as contrasted to dc 
(direct current) where polarity is fixed. 

Analog — Signals which have a full set of 


values. If the signal varies between 0 | 
and 10 V all values in this range can be : 


_ found. Compare this to a digital system. 

Attenuator — A device which reduces the 
amplitude of a signal 1 

Average value — Obtained by recording 
or measuring N samples of a signal, 
adding up all of these values, and divid- 

, ing this sum by М. 


Bandwidth — A measure of.how wide a ` 


signalis in frequency. If a signal covers 
14,200 to 14,205 kHz its bandwidth is 
said to be 5 kHz. | 
BNC — A small connector used Nan coax 
cable. ' ; 
Bridge circuit — Four passive elements, 
'. Such as resistors, inductors, connected 
as a pair of voltage dividers with a meter 
or other measuring device across two 
Opposite junctions: Used to indicate the 


relative values of the four passive ele- . 


ments. See the chapter discussion of 
Wheatstone bridges. 
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Fig 26.78 — PTT-to-RF-output test setup for voice-mode transmitters. 
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Fig 26.79 — Transmit-receive turn-around time test setup. 


CMOS — A family of digital logic ele- 
‘ments usually selected for their low 
power drain. See Digital chapter of this 
Handbook. 

Coaxial cable (coax) — A cable formed 
of two conductors that share the same 
axis. The center conductor may be a 
single wire or a stranded cable. The 
outer conductor is called the shield. The 
shield may be flexible braid, foil, semi- 
rigid or rigid metal. For more informa- 
tion, look in the Transmission Lines 
chapter. 

Combiners — See Hybrid. 

D'Arsonval meter — A common me- 
chanical meter consisting of a perma- 
nent magnet and a moving coil (with 
pointer attached). 

DC (directcurrent) — The polarity i is fixed 
for all time, as contrasted.to ac (alter- 
nating current) where polarity con- 
stantly reverses. 

Digital — A system that iws signals to 
assume а finite range of states. Binary 
logic is the most common example. 
Only two values are permitted in a bi- 
nary system: one value is defined as a 
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logical 7 and the other value as a logical 
0. See the Handbook chapter on Digital 
Systems. 


. Divider — A network of components that 


produce an output signal that is a frac- 
tion of the input signal. The ratio of the 
output to the input is the division factor. 
An analog divider divides voltage (a 
string of series connected resistors) or 
current (parallel connected resistors). 
Digital dividers divide pulse trains or 
frequency. 

DMM (Digital multimeter) — A test in- 
strument that usually measures at least: 
voltage, current and resistance, and dis- 
plays the result on a numeric digit dis- 
play, rather than an analog meter. 

Dummy antenna or dummy load — A 
resistor or set of resistors' used in place 
of an antenna to test a transmitter with- - 
out radiating any electromagnetic en- 
ergy into the air. 


DVM (digital volt meter) — See DMM. 


FET voltmeter — See. also VTVM. An 
updated version of a VTVM using field 
effect transistors (FETs) in place of 

' vacuum tubes. 
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Flip-flop — A digital circuit that has two 
stable states. See the chapter on Digital 
Techniques. 

Frequency marker — Test signals gen- 
erated at selected intervals (such as 25 
kHz, 50 kHz, 100 kHz) for calibrating 
the dials of receivers and transmitters. 

Fundamental — The first signal or fre- 
quency in a series of harmonically re- 
lated signals. This term is often used to 
describe an oscillator or transmitter’s 
desired signal. 

Harmonic — A signal occurring at some 
integral multiple (such as two, three, 
four) of a fundamental frequency. 

Hybrid (hybrid combiners) — A device 
used to connect two signal generators to 
one receiver for test purposes, without 
the two generators affecting each other. 

IC (integrated circuit) — A complete 
circuit built into a single electronic 
component. 

LCD (liquid crystal display) — A low- 
power display device utilizing the phys- 
ics of liquid crystals. They usually need 
either ambient light or backlighting to 
be seen. 

LED (light emitting diode) — A diode 
that emits light when an appropriate 
voltage (usually 1.5 V at about 20 mA) 
is connected. They are used either as 
tiny pilot lights or in bar shapes to dis- 
play letters and numbers. 

Loran — A navigation system using very- 
low-frequency transmitters. 

Marker — See Frequency marker. 

Multiplier — A circuit that purposely 
creates some desired harmonic of its in- 
put signal. For example, a frequency 
multiplier that takes energy from a 3.5- 
MHz exciter and puts out RF at 7 MHz 
is a two times multiplier, usually called 
a frequency doubler. 

N — A type of coaxial cable connector 
common at UHF and higher frequen- 
cies. 

NAND — A digital element that performs 
the not-and function. See the Digital 
chapter. 

Noise (noise figure) — Noise is gener- 
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ated in all electrical circuits. It is par- 
ticularly critical in those stages of a re- 
ceiver that are closest to the antenna (RF 
amplifier and mixer), because noise 
generated in these stages can mask a 
weak signal. The noise figure is a mea- 
sure of this noise generation. Lower 
noise figures mean that less noise is 
generated and weaker signals can be 
heard. 

NOR — A digital element that performs the 
not-or function. See the Digital chapter. 

Null (nulling) — The process of adjusting 
acircuit for a minimum reading on a test 
meter or instrument. At a perfect null 
there is null, or no, energy to be seen. 

Ohmmeter — A meter that measures the 
value of resistors. Usually part of a 
multimeter. See VOM and DMM. 

Peak value — The highest value of a sig- 
nal during the measuring time. If a mea- 
sured voltage varies in value from 1 to 
10 V over a measuring period, the peak 
value would be the highest measured, 
10 V. 

PL-259 — A connector used for coaxial 
cable, usually at HF. It is also known as 
a male UHF connector. It is an inexpen- 
sive and common connector, but it is 
not weatherproof, nor is its impedance 
constant over frequency. 

Prescaler — A circuit used ahead of a 
counter to extend the counter range to 
higher frequencies. A counter capable 
of operating up to 50 MHz can count up 
to 500 MHz when used with a +10 
prescaler. 

Q — The ratio of the reactance to the re- 
sistance of a component or circuit. It 
provides a measure of bandwidth. 
Lowerresistive losses make for a higher 
Q, and a narrower bandwidth. 

RMS (root mean square) — A measure 
of the value of a voltage or current ob- 
tained by taking values from successive 
small time slices over a complete cycle 
of the wave form, squaring those val- 
ues, taking the mean of the squares, and 
then the square root of the mean. Very 
significant when working with good ac 


sine waves, where the RMS of the sine 
wave is 0.707 of the peak value. 

Scope — Slang for oscilloscope. See the 
Oscilloscope section of this chapter. 

Shunt — Elements connected in parallel. 

Sinusoidal (sine wave) — The nominal 
waveform for unmodulated RF energy 
and many other ac voltages. 

Spectrum — Used to describe a range of 
frequencies or wavelengths. The RF 
spectrum starts at perhaps 10 kHz and 
extends up to several hundred gigahertz. 
The light spectrum goes from infrared 
to ultraviolet. 

Spurious emissions, or spurs — Un- 
wanted energy generated by a transmit- 
ter or other circuit. These emissions in- 
clude, but are not limited to, harmonics. 

Thermocouple — A device made up of 
two different metals joined at two 
places. If one joint is hot and the other 
cold a voltage may be developed, which 
is a measure of the temperature differ- 
ence. 

Time domain — A measurement tech- 
nique where the results are plotted or 
shown against a scale of time. In con- 
trastto the frequency domain, where the 
results are plotted against a scale of fre- 
quency. 

TTL (Transistor-transistor-logic) — A 
logic IC family commonly used with 5 
V supplies. See the chapter on Digital 
Techniques. 

Vernier dial or vernier drive — A me- 
chanical system of tuning dials, fre- 
quently used in older equipment, where 
the knob might turn 10 times for each 
single rotation of the control shaft. 

VOM (volt-ohm-meter) — A multimeter 
whose design predates multiple scale 
meters (see DMM). 

VTVM (vacuum tube voltmeter) — A 
meter that was developed to provide a 
high input resistance and therefore low 
current drain (loading) from the circuit 
being tested. Now replaced by the FET 
meter. 

Wheatstone bridge — See Bridge cir- 
cuit. 


raditionally, the radio amateur has 
BE maintained a working knowledge 

of electronic equipment. This 
knowledge, and the ability to make repairs 
with whatever resources are available, 
keeps amateur stations operating when all 
other communications fail. This trouble- 
shooting ability is not only a tradition; it is 
fundamental to the existence of the ser- 
vice. 

This chapter, by Ed Hare, KA1CV, tells 
you what to do when you are faced with 
equipment failure or a circuit that doesn't 
work. It will help you ask and answer the 
right questions: "Should I fix it or send it 
back to the dealer for repair? What do I 
need to know to be able to fix it myself? 
Where do I start? What kind of test equip- 
ment do I need?” The best answers to these 
questions will depend on the type of test 
equipment you have available, the avail- 
ability of a schematic or service manual 
and the depth of your own electronic and 
troubleshooting experience. 

Not everyone is an electronics wizard; 
your set may end up at the repair shop in 
spite of your best efforts. The theory you 
learned for the FCC examinations and the 
information in this Handbook can help you 
decide if you can fix it yourself. If the 
problem is something simple (and most 
are), why not avoid the effort of shipping 
the radio to the manufacturer? It is gratify- 
ing to save time and money, but, even 
better, the experience and confidence you 
gain by fixing it yourself may prove even 
more valuable. 

Although some say troubleshooting is 
as much art as it is science, the repair of 
electronic gear is not magic. It is more like 
detective work. A knowledge of complex 


math is not required. However, you must 
have, or develop, the ability to read a sche- 
matic diagram and to visualize signal flow 
through the circuit. 


SAFETY FIRST 


Always! Death is permanent. A review 
of safety must be the first thing discussed 
in a troubleshooting chapter. Some of the 
voltages found in amateur equipment can 
be fatal! Only 50 mA flowing through the 
body is painful; 100 to 500 mA is usually 
fatal. Under certain conditions, as little as 
24 V can kill. 

Make sure you are 100% familiar with 
all safety rules and the dangerous condi- 
tions that might existin the equipment you 


Table 27.1 
Safety Rules 


are servicing. Remember, if the equipment 
is not working properly, dangerous condi- 
tions may exist where you don't expect 
them. Treat every component as poten- 
tially “live.” 

Some older equipment uses “ac/dc” cir- 
cuitry. In this circuit, one side of the chas- 
sis is connected directly to the ac line. This 
is an electric shock waiting to happen. 

A list of safety rules can be found in 
Table 27.1. You should also read the 
Safety chapter of this Handbook before 
you proceed. 


GETTING HELP 


Other hams may be able to help you with 
your troubleshooting and repair problems, 


1. Keep one hand in your pocket when working on live circuits or checking to see that 


capacitors are discharged. 


2. Include a conveniently located ground-fault current interrupter (GFCI) circuit breaker 


in the workbench wiring. 


. Use grounded plugs and receptacles on all equipment that is not double insulated. 

. Use double insulated equipment or a GFCI circuit when working: outdoors, on a 
concrete or dirt floor, or near standing water. 

. Use an isolation transformer when working on ac/dc devices. 


capacitors when making circuit changes 


. Do not subject electrolytic capacitors to: excessive voltage, ac voltage or reverse 


voltage. 
. Test leads should be well insulated. 
. Do not work alone! 


3 
4 
5 
6. Switch off the power, ground the positive lead from the supply and discharge 
7 
8 
9 


10. Wear safety glasses for protection against sparks and metal fragments. 

11. Always use a safety belt when working above ground level. 

12. Wear shoes with nonslip soles that will support your feet when climbing. 

13. Wear rubber-sole shoes or use a rubber mat when standing on the ground or on a 


concrete floor. 


14. Wear a hard hat when someone is working above you. 
15. Be careful with tools that may cause short circuits. 
16. Replace fuses only with those having proper ratings. 
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either with a manual or technical help. 
Check with your local club or repeater 
group. You may get lucky and find a 
troubleshooting “wizard.” (On the other 
hand, you may get some advice that is 
downright dangerous, so be selective.) 
You сап also place a classified ad in one of 
the ham magazines, looking for a rare 
manual. 

Your fellow hams in the ARRL Field 
organization may also help. Technical 
Coordinators (TCs) and Technical Spe- 
cialists (TSs) are volunteers who are will- 
ing to help hams with technical questions. 
For the name and address of a local TC or 
TS, contact your Section Manager (listed 
on page 8 of any recent issue of QST). 


THEORY 


To fix electronic equipment, you need 
to understand the system and circuits you 
are troubleshooting. A working knowl- 
edge of electronic theory, circuitry and 
components is an important part of the 
process. If necessary, review the elec- 
tronic and circuit theory explained in the 
other chapters of this book. When you are 
troubleshooting, you are looking for the 
unexpected. Knowing how circuits are 
supposed to work will help you to look for 
things that are out of place. 


TEST EQUIPMENT 


Many of the steps involved in trouble- 
shooting efficiently require the use of test 
equipment. We cannot see electrons flow. 
However, electrons do affect various de- 
vices in our equipment, with results we 
can measure. 

Some people think they need expensive 
test instruments to repair their own equip- 
ment. This is not so! In fact, you probably 
already own the most important instru- 
ments. Some others may be purchased in- 
expensively, rented, borrowed or built at 
home. The test equipment available to you 
may limit the kind of repairs you can do, 
but you will be surprised at the kinds of 
repair work you can do with simple test 
equipment. 


Senses 


Although they are not “test equipment" 
in the classic sense, your own senses will 
tell you as much about the equipment you 
are trying to fix as the most-expensive 
spectrum analyzer. We each have some of 
these natural “test instruments." 

Eyes — Use them constantly. Look for 
evidence of heat and arcing, burned com- 
ponents, broken connections or wires, 
poor solder joints or other obvious visual 
problems. 

Ears — Severe audio distortion can be 
detected by ear. The “snaps” and “pops” 
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of arcing or the sizzling of a burning com- 
ponent may help you track down circuit 
faults. An experienced troubleshooter can 
diagnose some circuit problems by the 
sound they make. For example, a bad 
audio-output IC sounds slightly different 
than a defective speaker. 

Nose — Your nose can tell you a lot. 
With experience, the smells of ozone, an 
overheating transformer and a burned car- 
bon-composition resistor each become 
unique and distinctive. 

Finger — Carefully use your fingers to 
measure low heat levels in components. 
Small-signal transistors can be fairly 
warm to the touch; anything hotter can 
indicate a circuit problem. (Be careful; 
some high-power devices or resistors can 
get downright hot during normal opera- 
tion.) 

Brain — More troubleshooting prob- 
lems have been solved with a VOM and a 
brain than with the most expensive spec- 
trum analyzer. You must use your brain to 
analyze data collected by other instru- 
ments. 


"Internal" Equipment 


Some "test equipment" is included in 
the equipment you repair. Nearly all re- 
ceivers include a speaker. An S meter is 
usually connected ahead of the audio 
chain. If the S meter shows signals, it in- 
dicates that the RF and IF circuitry is prob- 
ably functioning. Analyze what the unit is 
doing and see if it gives you a clue. 

Some older receivers include a crystal 
frequency calibrator. The calibrator sig- 
nal, which is rich in harmonics, is injected 
in the RF chain close to the antenna jack 
and may be used for signal tracing and 
alignment. 


Bench Equipment 


Here is a summary of test instruments 
and their applications. Some items serve 
several purposes and may substitute for 
others on the list. The list does not cover 
all equipment available, only the most 
common and useful instruments. The 
theory and operation of much of this test 
equipment is discussed in more detail in 
the Test chapter. 

Multimeters — The multimeter is the 
most often used piece of test equipment. 
This group includes vacuum-tube volt- 
meters (VTVMs), volt-ohm-milliamme- 
ters (VOMs), field-effect transistor VOMs 
(FETVOMs) and digital multimeters 
(DMMs). Multimeters are used to read 
bias voltages, circuit resistance and signal 
level (with an appropriate probe). They 
can test resistors, capacitors (within cer- 
tain limitations), diodes and transistors. 

DMMs have become quite inexpensive. 


Their high input impedance, accuracy and 
flexibility are well worth the cost. Many 
of them contain other test equipment as 
well, such as capacitance meters, fre- 
quency counters, transistor testers and 
even digital thermometers. Some DMMs 
are affected by RF, so most technicians 
keep an analog-display VOM on hand for 
use near RF equipment. 

When buying an analog meter, look for 
one with an input impedance of 20 kQ/V or 
better. Reasonably priced models are avail- 
able with 30 kQ/V ($35) and 50 kQ/V 
($40). The 10 MQ or better input imped- 
ance of DMMs, FETVOMs, VTVMs and 
other electronic voltmeters makes them 
the preferred instruments for voltage mea- 
surements. 

Test leads — Keep an assortment of 
wires with insulated, soldered alligator 
clips. Commercially made leads have a 
high failure rate because they use small 
wire that is not soldered to the clips; it is 
best to make your own. 

Open wire leads (Fig 27.1A) are good 
for dc measurements, but they can pick up 
unwanted RF energy. This problem is re- 
duced somewhat if the leads are twisted 
together (Fig 27.1B). A coaxial cable lead 
is much better, but its inherent capacitance 
can affect RF measurements. 

The most common probe is the low-ca- 
pacitance (x10) probe shown in Fig 27.1C. 
This probe isolates the oscilloscope from 
the circuit under test, preventing the 
*scope’s input and and test-probe capaci- 
tance from affecting the circuit and chang- 
ing the reading. A network in the probe 
serves as a 10:1 divider and compensates 
for frequency distortion in the cable and 
test instrument. 

Demodulator probes (see the Test chap- 
ter and the schematic shown in Fig 27.1D) 
are used to demodulate or detect RF sig- 
nals, converting modulated RF signals to 
audio that can be heard in a signal tracer or 
seen on a low-bandwidth 'scope. 

You can make a probe for inductive 
coupling as shown in Fig 27.1E. Connect 
a two- or three-turn loop across the center 
conductor and shield before sealing the 
end. The inductive pick up is useful for 
coupling to high-current points. 

RF power and SWR meters — Every 
shack should have one. It is used to mea- 
sure forward and reflected RF power. A 
standing-wave ratio (SWR) meter can 
be the first indicator of antenna trouble. 
It can also be used between an exciter 
and power amplifier to spot an imped- 
ance mismatch. 

Simple meters indicate relative power 
SWR and are fine for Transmatch adjust- 
ment and line monitoring. However, if you 
want to make accurate measurements a 


calibrated wattmeter with a directional 
coupler is required. 

Dummy load — A dummy load is a 
necessity in any shack. Do not put a signal 
on the air while repairing equipment. Defec- 
tive equipment can generate signals that in- 
terfere with other hams or other radio 
services. A dummy load also provides a 
known, matched load (usually 50 Q) for use 
during adjustments. 


When buying a dummy load, avoid 
used, oil-cooled dummy loads unless you 
can be sure that the oil does not contain 
PCBs. This biologically hazardous com- 
pound was common in transformer oil 
until a few years ago. 

Dip meter — This device is often called 
a transistor dip meter or a grid-dip oscilla- 
tor from vacuum-tube days. 

Most dip meters can also serve as an 


absorption frequency meter. In this mode, 
measurements are read at the current peak, 
rather than the dip. Some meters have a 
connection for headphones. The operator 
can usually hear signals that do not regis- 
ter on the meter. Because the dip meter is 
an oscillator, it can be used as a signal 
generator in certain cases where high ac- 
curacy or stability are not required. 
When purchasing a dip meter, look for 
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Fig 27.1—An array of test probes for use with various test instruments. 
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one that is mechanically and electrically 
stable. The coils should be in good condi- 
tion. A headphone connection is helpful. 
Battery operated models are easier to use 
for antenna measurements. Dip meters are 
not nearly as common as they once were. ! 

Oscilloscope — The oscilloscope, or 
'scope, is the second most often used piece 
of test equipment, although a lot of repairs 
can be accomplished without one. The 
trace of a 'scope can give us a lot of infor- 
mation about a signal at a glance. 

The simplest way to display a waveform 
is to connect the vertical amplifier of the 
"scope to a point in the circuit through a 
simple test lead. When viewing RF, use a 
low-capacitance probe that has been ad- 
justed to match the 'scope. Select the ver- 
tical gain and time-base (horizontal scale, 
Fig 27.2) for the most useful displayed 
waveform. 

А 'scope waveform shows voltage (if 


1The ARRL has prepared a list of dip-meter 
sources. Send an SASE to the Technical 
Information Service Secretary along with a 
specific request for the "Dip Meter" file. 
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Fig 27.2—An oscilloscope display 
showing the relationship between time- 
base setting and graticule lines. 
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Fig 27.3—Information available from a 
typical oscilloscope display of a 
waveform. 
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calibrated), approximate period (fre- 
quency is the reciprocal of the period) and 
arough idea of signal purity (see Fig 27.3). 
If the 'scope has dual-trace capability 
(meaning it can display two signals at 
once), a second waveform may be dis- 
played and compared to the first. When 
the two signals are taken from the input 
and output of a stage, stage linearity and 
phase shift can be checked (see Fig 27.4). 

An important specification of an oscil- 
loscope is its amplifier bandwidth. This 
tells us the frequency at which amplifier 
response has dropped 3 dB. The instru- 
ment will display higher frequencies, but 
its accuracy at higher frequencies is not 
known. Even well below its rated band- 
width а 'scopeis not capable of much more 


PHASE SHIFT 


Fig 27.4—A dual-trace oscilloscope 
display of amplifier input and output 
waveforms. 
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than about 596 accuracy. This is adequate 
for most amateur applications. 

An oscilloscope will show gross distor- 
tions of audio and RF waveforms, but it 
cannot be used to verify that a transmitter 
meets FCC regulations for harmonics and 
spurious emissions. Harmonics that are 
down only 20 dB from the fundamental 
would be illegal in most cases, but they 
would not change the oscilloscope wave- 
form enough to be seen. 

When buying a 'scope, get the greatest 
bandwidth you can afford. Old Hewlett- 
Packard or Tektronix 'scopes are v Jally 
quite good for amateur use. 

Signal generator — Although gnal 
generators have many uses, in trouble- 
shooting they are most often used for sig- 
nal injection (more about this later) and 
alignment. 

An AF/RF signal-injector schematic is 
shown in Fig 27.5. If frequency accuracy 
is needed, the crystal-controlled signal 
source of Fig 27.6 can be used. The AF/RF 
circuit provides usable harmonics up to 
30 MHz, while the crystal controlled 
oscillator will function with crystals from 
1 to 15 MHz. These two projects are not 
meant to compete with standard signal 
generators, but they are adequate for 
signal injection.? A better generator is 


2More information about the signal injector 
and signal sources appears in, "Some 
Basics of Equipment Servicing," February 
1982 QST (Feedback, May 1982). 
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Except as indicated, decimal values of 
capacitance are in microfarads ( uF ); 

others are in picofarads ( pF ); 

resistances are in ohms; k=1,000, M=1,000,000. 


Fig 27.5—Schematic of the AF/RF signal injector. All resistors are '/4W, 5% 
carbon units, and all capacitors are disc ceramic. A full-size etching pattern and 
parts-placement diagram are available from the ARRL Technical Department 
Secretary for an SASE. Ask for the “1995 Handbook Signal Injector” template. 


BT1 — 9-V battery. 

D1, D2 — Silicon switching diode, 
1N914 or equiv. 

D3 — 6.2-V, 400-mW Zener diode. 

J1, J2 — Banana jack. 


Q1-Q4 — General-purpose silicon NPN 
transistors, 2N2222 or similar. 

R1 — 1-kQ panel-mount control. 

$1 — SPST toggle switch. 


required for receiver alignment or for re- 
ceiver quality testing. 

. When buying a generator, look for one 
that can generate a sine wave signal. A 
good signal generator is double or triple 
shielded against leakage. Fixed-frequency 
audio should be available for modulation 
of the RF signal and for injection into au- 
dio stages. The most versatile generators 
can generate amplitude and frequency 
modulated signals. 

Good generators have stable frequency 
controls with no backlash. They also have 
multiposition switches to control signal 
level. A switch marked in dBm is a good 


' indication that you have located a high- 


quality test instrument. The output jack 
Should be a coaxial connector (usually a 
BNC or N), not the kind used for micro- 
phone connections. | | 

Some older, high-quality units are com- 
mon. Look for World War П surplus units 
of the URM series, Boonton, GenRad, 
Hewlett-Packard, Tektronix, Measure- 
ments Inc or other well-known brand 
names. Some home-built signal generators 
may be quite good, but make sure to check 
construction techniques, level control and 
shielding quality. 

Signal tracer — Signals can be traced 
with a voltmeter and an RF probe, a dip 
meter with headphones or an oscilloscope, 
but there are some devices made especially 


for signal tracing. A signal tracer is pri- 


marily a high-gain audio amplifier. It may 
have a built-in RF detector, or rely on an 
external RF probe. Most convert the traced 
signal to audio through a speaker. 

The tracer must function as a receiver and 
detector for each frequency range in the test 
circuit. A high-impedance tracer input is 
necessary to prevent circuit loading. 


A general-coverage receiver can be: 


used to trace RF or IF signals, if the re- 


ceiver covers the necessary frequency ' 


range. Most receivers, however, have a 
low-impedance input that severely loads 


the test circuit. To minimize loading, use: 


a capacitive probe or loop pickup. When 
the probe is held near the circuit, signals 


will be picked up and carried to the re- — 


ceiver. It may also pick up stray RF, so 


make sure you are listening to the correct. 


signal by switching the circuit under test 
on and off while listening. 


Tube tester — Vacuum-tube testers ` 


used to be found in nearly every drug or 
department store. They are scarce now 
because tubes are no longer used in 
modern consumer or (most) amateur 
. equipment. Older tube gear is found in 


many ham shacks or flea markets, though. : 
There are many aficionados of vintage | 


gear who enjoy working with old vacuum- 
tube equipment. 


Most simple tube testers measure the 
cathode emission of a vacuum tube. Each 
grid is shorted to the plate through a switch 
and the current is observed while the tube 
operates as a diode. By opening the 
switches from each grid to the plate (one 


at a time), we cari check for opens and > 
. Shorts. If the plate. current does not drop 


slightly as a switch is opened, the element 


connected to that switch is either open or . 


sliorted to another element. (We cannot 
tell an open from a short with this test.) 
The emission tester does not necessarily 
indicate the ability of a tube to amplify. 


Other tube testers measure tube gain 


(transconductance). Some transconduc- 
tance testers read plate current with a fixed 


bias network. Others use an ac signal to drive | 


the tube while measuring plate current. 
Most tube testers also check interele- 
ment leakage. Contamination inside the 


tube envelope may result in current leak- : 
age between elements. The paths can have . 
high resistance, and may be caused by gas . 


or deposits inside the tube. Tube testers 
use a moderate voltage to check for leak- 
age. Leakage can also be checked with an 
ohmmeter using the x1M range, depend- 
ing on the actual spacing of tube elements. 

Transistor tester — Transistor testers 
are similar to transconductance tube 


testers. Device current is measured while. 
the device is conducting or while an ac · 


signal is applied at the control terminal. 
Commercial surplus units are often seen at 
ham flea markets. Some DMMs being sold 


today also include a built-in, simple tran- 
sistor tester. 

Most transistor failures appear as either 
an open or shorted junction. Opens and 
shorts can be found easily with an ohm- 
meter; a special tester is not required. 

Transistor gain characteristics vary 
widely however, even between units with 
the same device number. Testers can be 
used to measure the gain of a transistor. À 
tester that uses dc signals measures only 
transistor dc alpha and beta. Testers that 
apply an ac signal show the ac alpha or 
beta. Better testers also test for leakage. 

In addition to telling you whether a tran- 


'sistor is good or bad, a transistor tester can 


help you decide if a particular transistor 
has sufficient gain for use as a replace- 
ment. It may also help when matched tran- 
sistors are required. The final test is the 
repair circuit. 

Frequency meter — Most frequency 
'counters are digital units, often able to 
show frequency to a 1-Hz resolution. 
Some older “analog” counters are some- 
‘times found surplus, but a low-cost digital 
counter will out-perform even the best of 
these old “classics.” 

Power supplies — A well-equipped test 
bench should include a means of varying 
the ac-line voltage, a variable-voltage 
regulated dc supply and an isolațióñ trans- 
former. | 

AC-line voltage varies slightly with 


‘load. An autotransformer with a movable 


tap lets you boost or reduce the line volt- 


Except as indicated, decimal 
values of capacitance are 

in microfarads ( yF ); others 
are in picofarads ( pF ); 
resistances are in ohms; 
k=1,000, .M=1,000,000. 
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. Fig 27.6 — Schematic of the crystal-controlled signal source. All resistors are 


'J-W, 5% carbon units, and all capacitors are disc ceramic. A full-size etching 
pattern and parts-placement diagram are available from the ARRL Technical 


Controlled Signal Source" template. . 


BT1 — 9-V transistor radio battery. 

J1 — Crystal socket to match the 
crystal type used. s 

J2 — RCA phono jack or equivalent. 


- Department Secretary for an SASE. Ask for the “1995 Handbook Crystal 


Q1, Q2 — General-purpose silicon NPN 
transistors, 2N2222 or similar. 
R1 — 500-0 panel-mount control. 


` $81 — SPST toggle switch. 
- Y1 — 1 to 15-MHz crystal. 
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age slightly. This is helpful to test circuit 
functions with supply-voltage variations. 

As mentioned earlier, ac/dc radios must 
be isolated from the ac line during testing 
and repair. Keep an isolation transformer 
handy if you want to work on table-model 
broadcast radios or television sets (check 
for other ac/dc equipment, too. Even some 
old phonographs or Amateur Radio trans- 
ceivers used this dangerous circuit design). 

A good multivoltage supply will help 
with nearly any analog or digital trouble- 
shooting project. Several of the distri- 
butors listed in the References chapter 
stock bench power supplies. A variable- 
voltage ас supply may be used to power 
various small items under repair or pro- 
vide a variable bias supply for testing 
active devices. Construction details for a 
laboratory power supply appear in the 
Power Supplies chapter. 

If you want to work on vacuum-tube 
gear, the maximum voltage available from 
the dc supply should be high enough to 
serve as a plate or a bias supply for com- 
mon tubes (about 300 to 400 V ought to do 
it). 

Accessories — There are a few small 
items that may be used in troublesbooting. 
You may want to keep them handy. 

Many circuit problems are sensitive to 
temperature. A piece of equipment may 
work well when first turned on (cold) but 


Remove 
Pickup 


eem 


Fig 27.7 — A stethoscope, with the 
pickup removed, is used to listen for 
arcing in crowded circuits. 
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fail as it warms up. [n this case, a cold 
source will help you find the intermittent 
connection. When you cool the bad compo- 
nent, the circuit will suddenly start work- 
ing again (or stop working). Cooling sprays 
are available from most parts suppliers. 

A heat source helps locate components 
that fail only when hot. A small incandes- 
cent lamp can be mounted in a large piece 
of sleeve insulation to produce localized 
heat for test purposes. 

A heat source is usually used in con- 
junction with a cold source. If you have a 
circuit that stops working when it warms 
up, heat the circuit until it fails, then cool 
the components one by one. When the cir- 
cuit starts working again, the last compo- 
nent sprayed was the bad one. 

A stethoscope (with the pickup removed 
— see Fig 27.7) or a long piece of sleeve 
insulation can be used to listen for arcing 
or sizzling in a circuit. 


WHERE TO BEGIN 


New Construction 


In most repair work, the technician is 
aided by the knowledge that the circuit 
once worked. It is only necessary to find 
the faulty part(s) and replace it. This is not 
so with newly constructed equipment. 
Repair of equipment with no working his- 
tory is a special, and difficult, case. You 
may be dealing with a defective compo- 
nent, construction error or even a faulty 
design. Carefully checking for these de- 
fects can save you hours. 


All Equipment 


Check the Obvious 


Try the easy things first. If you are able 
to solve the problem by replacing a fuse or 
reconnecting a loose cable, you might be 
able to avoid a lot of effort. Many experi- 
enced technicians have spent hours 
troubleshooting a piece of equipment only 
to learn the hard way that the on/off switch 
was “off” or that they were not using the 
equipment properly. 

Read the manual! Your equipment may 
be working as designed. Many electronic 
“problems” are caused by a switch that is 
set in the wrong position, or a unit that is 
being asked to do something it was not 
designed to do. Before you open up your 
equipment for major surgery, make sure 
you are using it correctly. 

Next, make sure the equipment is 
plugged in, that the ac outlet does indeed 
have power, that the equipment is 
switched “on” and that all of the fuses are 
good. If the equipment uses batteries or an 
external power supply, make sure these are 
working. 


Check that all wires, cables and acces- 
sories are working and plugged in to the 
right connectors or jacks. Ina “system,” it 
is often difficult to be sure which compo- 
nent or subsystem is bad. Your transmitter 
may not work on SSB because the trans- 
mitter is bad, but it could also be a bad 
microphone. 

Connector faults are more common than 
component troubles. Consider poor con- 
nections as prime suspects in your trouble- 
shooting detective work. Do a thorough 
inspection of the connections. Is the an- 
tenna connected? How about the speaker, 
fuses and TR switch? Are transistors and 
ICs firmly seated in their sockets? Are all 
interconnection cables sound and securely 
connected? Many of these problems are 
obvious to the eye, so look around care- 
fully. 


Simplify the Problem 


If the broken equipment is part of a sys- 
tem, you need to find out exactly which 
part of the system is bad. For example, if 
your amateur station is not putting out any 
RF, you need to determine if it is a micro- 
phone problem, a transmitter problem, an 
amplifier problem or a problem some- 
where in your station wiring. If you are 
trying to diagnose a bad channel on your 
home modular stereo system, it could be 
anything from a bad cable to a bad ampli- 
fier to a bad speaker. 

Simplify the system as much as pos- 
sible. To troubleshoot the “no-RF” prob- 
lem, temporarily eliminate the amplifier 
from the station configuration. To diag- 
nose the stereo system, start troubleshoot- 
ing by checking just the amplifier with a 
set of known good headphones. Simplify- 
ing the problem will often isolate the bad 
component quickly. 


Documentation 


Once you have determined that a piece 
of equipment is indeed broken, you need 
to do some preparation before you diag- 
nose and fix it. First, locate a schematic 
diagram and service manual. It is possible 
to troubleshoot without a service manual, 
but a schematic is almost indispensable. 

The original equipment manufacturer is 
the best source of a manual or schematic. 
However, many old manufacturers have 
gone out of business. Several sources of 
equipment manuals are listed in the 
References chapter. 

If all else fails, you can sometimes re- 
verse engineer a simple circuit by tracing 
wiring paths and identifying components 
to draw your own schematic. If you have 
access to the databooks for the active 
devices used in the circuit, the pin-out 
diagrams and applications notes will 


sometimes be enough to help you under- 
stand and troubleshoot the circuit. 


Define Problems 


To begin troubleshooting, define the 
problem accurately. Ask yourself these 
questions: 


1. What functions of the equipment do not 
work as they should; what does not 
work at all? 

2. What kind of performance can you real- 
istically expect? 


3. Has the trouble occurred in the past? ` 


(Keep a record of troubles and mainte- 
nance in the owner's manual or log 
book.) 


Write the answers to the questions. The 

information will help with your work, and 

` may help service personnel if their advice 
or professional service is required.’ 


Take It Apart 
All of the preparation work has been 


done. It is time to really dig in. You usu- ' 


ally will have to start by taking the equip- 

ment apart. This is the part that can trap 

the unwary technician. Most experienced 

service technicians can tell you the tale of 

the equipment they took apart and were 

unable to easily put back together. Don't 
| let it happen to you. 

Take lots of notes about the way you 
take it apart. Take notes about each com- 
ponent you remove. Write down the order 
in which you do things, color codes, part 
placements, cable routings, hardware 
notes and anything else you think you 
might need to be able to reassemble the 

` equipment weeks from now when the 
back-ordered part comes in. 

Put all of the screws in one place. A 
plastic jar with a lid works well; if you 
drop it the plastic is not apt to break and 
the lid will keep all the parts from flying 
around the work area (you will never find 
them all). It may pay to have a separate 
labeled container for each subsystem. 


Look Around 
Many service problems are visible, if 


you look for them carefully. Many a tech- | 


nician has spent hours tracking down a 
failure, only to find a bad solder joint or 
burned component that would have been 
spotted in careful inspection of the 
“printed-circuit board. Start troubleshoot- 


ing by carefully inspecting the equipment. - 
Itistime consuming, but you really need | 


to look at every connector, every wire, 
every solder joint and every component. A 
connector may have loosened, resulting in 
an open circuit. You may spot broken 
wires or see a bad solder joint. Flexing the 
printed-circuit board or tugging on com- 


- ponents a bit while looking at their solder 


joints will often locate a defective solder 

job. Look for scorched components. 
Make sure all of the screws securing the 

printed-circuit board are tight and making 


‘ good electrical contact. (Do not tighten the 


adjusting screws, however! You will ruin 
the alignment.) See if you can find evi- 
dence of previous repair jobs; these may 


v 


Look for the Obvious. 


The best example of how looking for the obvious can save a lot of repair 
time comes from my days as the manager of an electronics service shop. 
We had hired a young engineering graduate to work for us part time. He was 
the proud holder of a First-Class FCC Radiotelephone license (the prede- 
cessor to today's General Radiotelephone license). He was a likable sort, 
the chip on his young shoulder was a bit hard to take some- 


but, well... 
times. 


not have been done properly. Make sure · 


that each IC is firmly seated in its socket. 


‘Look for pins folded underneath the IC 


rather than making contact with the socket. 
If you are troubleshooting a newly con- 
structed circuit, make sure each part is of 
the correct value or type number and is 
installed correctly. ў 

If your careful inspection doesn't reveal 


One day, | had asked him to repair a "tube-type" FM tuner. He had been 
poking around without success: hooking up a voltmeter, oscilloscope and 
Signal generator, pretty much in that order. Finally, in total exasperation, he 

` pronounced that the unit was beyond economical repair and suggested that | 
return it to the customer unfixed. The particular customer was a "regular," so 
| wanted to be sure of the diagnosis before | sent the tuner back. | told the 
tech | wanted to take a look at it before we wrote it off. 

He started to expound loudly that there was no way that 1, a lowly techni- 
cian (even though | was also his boss) could find a problem that he, an . 


engineering graduate and holder of a First Class... 


you get the idea. | did 


remind him gently that | was the boss, and he, realizing that | had him there, 
stepped aside, mumbling something about my suiting myself. He stepped 
‘back to gloat when | couldn't find it either. | 

| began by giving the tuner a thorough visual inspection. | looked it over 
carefully from stem to stern, while listening to our young apprentice 
proclaiming with certainty that one cannot fix electronic equipment by merely 
looking at it. | didn’t see anything obviously wrong, so | decided to move 
wires and components around, looking for a bad solder joint or broken 
component. Of course, | had to listen to him telling me that one cannot 
possibly find bad components by touch. Unfortunately for our loud friend, he 


couldn’t have been more wrong. 


| grabbed hold of a ceramic bypass capacitor to give it a little wiggle, and 
much to my surprise it was hot enough to cause some real pain. | kept my 
composure; it was an opportunity for a good learning experience. Ceramic 
capacitors don’t get very hot unless they are either shorted or very leaky. | 
kept silent and never let on that my finger "probe" had indeed located the 
bad part. | set the tuner down, sighed a bit, and then looked him right in the 
eye when | pointed to the capacitor and said “Change that part!” 

They probably heard his bellowing in the next county! He went on and on 
about how there was just no way in the world that ! could tell a good part 
from a bad part by just looking and touching things. He alternated between 
accusing me of pulling his leg and guessing, then back to just plain bellow- 
ing again. After letting this “source of great noise" run his course, | offered 
the ultimate shop challenge — | bet him a can of soda pop. 

. The traditional shop challenge did the trick. He smugly grabbed a replace- 
ment part from the bin and got out his soldering iron. In a matter of seconds 
(a new shop record, | believe) the capacitor was installed. He hooked the 
tuner up to a test amplifier and turned them on. After a couple of seconds, 
he smugly turned to me and started an “I told ya’ so!” Just then, the last tube 
warmed up and the sounds of our local rock station blasted out of the 
speaker. He stopped in mid “toldya” and stared at the tuner in disbelief. The 
tempo and pitch of his voice jumped by-an order of magnitude as he asked 
me how | managed to fix the tuner without using even an ohmmeter to test a 
fuse. It was weeks before I told him —the soda pop tasted especially good. 

The moral of the story is clear; sophisticated test equipment and 
procedures are useful in troubleshooting, but they are no substitute for 
the experience of a veteran troubleshooter. — Ed Hare, KA1CV, ARRL 
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Signal 
Generator 


Fig 27.8 — Signal tracing in a simple receiver. 


TP2 


ТР1 


Fig 27.9 — The effect of circuit 
impedance on an oscilloscope display. 
Although the circuit functions as a 
current amplifier, the change in 
impedance from TP1 to TP2 results in 
the traces described. This is a 
common-collector amplifier. 


anything, it is time to apply power to the 
unit under test and continue the process. 
Observe all safety precautions while 
troubleshooting equipment. There are 
voltages inside some equipment that can 
kill you. If you are not qualified to work 
safely with the voltages and conditions 
inside of the equipment, do not proceed. 
See Table 27.1 and the Safety chapter. 


Other Senses 


With power applied to the unit, listen 
for arcs and look and smell for smoke. If 
no problems are apparent, you will have 
to start testing the various parts of the 
circuit. 
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VARIOUS APPROACHES 

There are two fundamental approaches to 
troubleshooting: the systematic approach 
and the instinctive approach. The system- 
atic approach uses a defined process to ana- 
lyze and isolate the problem. An instinctive 
approach relies on troubleshooting experi- 
ence to guide you in selecting which circuits 
to test and which tests to perform. The sys- 
tematic approach is usually chosen by be- 
ginning troubleshooters. 


At the Block Level 


The block diagram is a road map. It 
shows the signal paths for each circuit 
function. These paths may run together, 
cross occasionally or not at all. Those 
blocks that are not in the paths of faulty 
functions can be eliminated as suspects. 
Sometimes the symptoms point to a single 
block, and no further search is necessary. 

In cases where more than one block is 
suspect, several approaches may be used. 
Each requires testing a block or stage. Sig- 
nal injection, signal tracing, instinct or 
combination of all techniques may be used 
to diagnose and test electronic equipment. 


Systematic Approaches 


The instinctive approach works well for 
those with years of troubleshooting expe- 
rience. Those of us who are new to this 
game need some guidance. A systematic 
approach is a disciplined procedure that 
allows us to tackle problems in unfamiliar 
equipment with a reasonable hope of 
success. 

There are two common systematic ap- 
proaches to troubleshooting at the block 
level. The first is signal tracing; the sec- 
ond is signal injection. The two techniques 


Oscilloscope 


are very similar. Differences in test equip- 
ment and the circuit under test determine 
which method is best in a given situation. 
They can often be combined. 


Power Supplies 


You may be able to save quite a bit of 
time if you test the power supply first. All 
of the other circuits may be dead if the 
power supply is not working. Power sup- 
ply diagnosis is discussed in detail later in 
this chapter. 


Signal Tracing 


In signal tracing, start at the beginning 
of a circuit or system and follow the signal 
through to the end. When you find the sig- 
nal at the input to a specific stage, but not 
at the output, you have located the defec- 
tive stage. You can then measure voltages 
and perform other tests on that stage to 
locate the specific failure. This is much 
faster than testing every component in the 
unit to determine which is bad. 

Itis sometimes possible to use over-the- 
air signals in signal tracing, in a receiver 
for example. However, if a good signal 
generator is available, it is best to use it as 
the signal source. A modulated signal 
source is best. 

Signal tracing is suitable for most types 
of troubleshooting of receivers and analog 
amplifiers. Signal tracing is the best way 
to check transmitters because all of the 
necessary signals are present in the trans- 
mitter by design. Most signal generators 
cannot supply the wide range of signal 
levels required to test a transmitter. 


Equipment 
A voltmeter, with an RF probe, is the 


-Fig 27.10 — The 14-stage receiver diagnosed by the "divide and conquer" technique. 
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most common instrument used for signal 
tracing. Low-level signals.cannot be mea- 
sured accurately with this instrument. Sig- 
nals that do not exceed the junction drop 


of the diode in the probe will not register. 


at all, but the presence, or absence, of 
larger signals can be observed. 


A dedicated signal tracer can also be . 
: tected signal to the source signal during 


used. It is essentially an audio amplifier. 
An experienced technician can usually 
judge the level and distortion of the signal 
by ear. You cannot use a dedicated signal 
tracer to follow a signal that is not ampli- 
tude modulated (single sideband is a form 
of AM). Signal tracing is not suitable for 
tracing CW signals, FM signals or oscilla- 
tors. To trace these, you will have to use a 
voltmeter and RF probe or an oscilloscope. 

An oscilloscope is the most versatile 
signal tracer. It offers high input imped- 
ance, variable sensitivity, and a constant 
display of the traced waveform. If the os- 
cilloscope has sufficient bandwidth, RF 


signals can be observed directly. Alterna-: 


tively, a demodulator probe can be used to 
show demodulated RF signals on a low- 
bandwidth 'scope. Dual-trace scopes can 
simultaneously display the waveforms, 
including their phase relationship, present 
at the input and output of a circuit. ' 


Procedure 


` First, make sure that the. circuit under 
test and test instruments are isolated from 
the ac line by transformers. Set the signal 
source to an appropriate level and fre- 
quency for the unit you are testing. For a 
receiver, a signal of about 100 uV should 


be plenty. For other circuits, use the sche- · 


matic, an analysis of circuit function and 
your own good judgment to set the signal 
` level. 

In signal tracing, start at the beginning 


'and work toward the end of the signal path. | 


Switch on power to the test circuit and 
connect the signal-source. output to the 
test-circuit input. Place the tracer probe at 
the circuit input and ensure that you can 
hear the test signal. Observe the charac- 


teristics of the signal if you‘are using а 


'scope (see Fig 27.8). Compare the de- 


tracing. 
Move the tracer probe to the output of 


` the next stage and observe the signal. Sig- 


nal level should increase in amplifier 
stages and may decrease slightly in other 
stages. The signal will not be present at 
the output of a “dead” stage. 


Low-impedance test points may not. 


provide sufficient signal to drive a high- 
impedance signal tracer, so tracer sensi- 
tivity is important. Also, in some circuits 
the output level appears low where there i is 
an impedance change from input to output 
of a stage (see Fig 27.9). For example, the 
circuit in Fig 27.9 is.a common-collector 
current amplifier with a high input imped- 
ance and low output impedance. The volt- 
ages at ТРІ and TP2 are approximately 


‘equal and in phase. 


. There are two signals — the test signal 
and the local oscillator signal — present in 
a mixer stage. Loss of either one will re- 


. sult in no output from the mixer stage. 


Switch the signal source on and off repeat- 


edly to make sure that the tracer reading. 
varies (it need not disappear) with : source ` 
- to the proper level and connect it to the test 


switching. 


Signal Injection | 
‘Like signal tracing, signal injection is 


particularly suited to some situations. Sig- 


nal injection is a good choice for receiver 


` troubleshooting because the receiver al- 


ready has a detector as part of the design. 


4 
à 


It is suitable for either high- or low-im- 
pedance circuits and can be used with 


` vacuum tubes, transistors or ICs. 


Equipment 


If you are testing equipment that does 
not include a suitable detector as part of 
the circuit, some form of signal detector is 
required. Any of the instruments used for 
signal tracing are adequate. 

Most of the time, your signal injector 
will be a signal generator. There are other 
injectors available, some of which are 
square-wave audio oscillators rich in RF 
harmonics (see Fig 27.5). These are usu- 
ally built into a pen-sized case with a test 
probe at the end. These "pocket" injectors 
do have their limits because you can't vary 
their output level or determine their fre- 
quency. They are still useful, though, be- 
cause most circuit failures are caused by. a 
stage that is completely dead. 

Consider the signal level at the test point 
when choosing an instrument. The signal 
source used for injection must be able to 
supply appropriate frequencies and levels 
for each stage to be tested. For example, a 


' typical superheterodyne receiver requires 


AF, IF and RF signals that vary from 6 V 
at AF, to 0.2 uV at RF. Each conversion 
stage used in a receiver requires another 
IF from the signal source. . 


: Procedure 


If an external detector is required, set it 


circuit. Set the signal source for AF and 
inject a signal directly into the signal de- 
tector to test operation of the injector and 
detector. Move the signal source to the 


input of the preceding stage and observe 


the signal. Continue moving the signal 
source to the inputs of successive stages. 
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When you inject the signal source to the 
input of the defective stage, there will be 
no output. Prevent stage overload by re- 
ducing the level of the injected signal as 
testing progresses through the circuit. Use 
suitable frequencies for each tested stage. 

Make a rough check of stage gain by 
injecting a signal at the input and output of 
an amplifier stage. You can then compare 
how much louder the signal is when in- 
jected at the input. This test may mislead 
you if there is a radical difference in im- 
pedance from stage input to output. Un- 
derstand the circuit operation before 
testing. 

Mixer stages present a special problem 
because they have two inputs, rather than 
one. A lack of output signal from a mixer 
can be caused by either a faulty mixer or a 
faulty local oscillator (LO). Check oscil- 
lator operation with a’ scope or absorption 
wavemeter, or by listening on another re- 
ceiver. If none of these instruments are 
available, inject the frequency of the LO 
at the LO output. If a dead oscillator is 
the only problem, this should restore 
operation. 

If the oscillator is operating, but off fre- 
quency, a multitude of spurious responses 
will appear. A simple signal injector that 
produces many frequencies simulta- 
neously is not suitable for this test. Use a 
well-shielded signal generator set to an 
appropriate level at the LO frequency. 


Divide and Conquer 


Under certain conditions, the block 
search may be speeded by testing at the 
middle of successively smaller circuit sec- 
tions. Each test limits the fault to one half 
of the remaining circuit (see Fig 27.10). 
Let’s say the receiver has 14 stages and 
the fault is in stage 12. This approach re- 
quires only four tests to locate the faulty 
stage, a substantial saving of time. 

This “divide and conquer” tactic cannot 
be used in equipment that splits the signal 
path between the input and the output. Test 
readings taken inside feedback loops are 
misleading unless you understand the cir- 
cuit and the waveform to be expected at 
each point in the test circuit. It is best to 
consider all stages within a feedback loop 
as a single block during the block search. 

Both signal tracing and signal injection 
procedures may be speeded by taking 
some diagnostic short cuts. Rather than 
check each stage sequentially, check a 
point halfway through the system. As an 
example: 

An HF receiver is not working. There is 
absolutely no response from the speaker. 
First, substitute a suitable speaker — still 
no sound. Next, check the power supply 
— no problem there. No clues indicate any 
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particular stage. Signal tracing or injec- 
tion must provide the answer. 

Get out the signal generator and switch 
it on. Set the generator for a low-level RF 
signal, switch the signal off and connect 
the output to the receiver. Switch the sig- 
nal on again and place a high-impedance 
signal-tracer probe at the antenna connec- 
tion. Instantly, the tracer emits a strong 
audio note. Good; the test equipment is 
functioning. 

Move the probe to the input of the re- 
ceiver detector. As the tracer probe 
touches the circuit the familiar note 
sounds. Next, set the tracer for audio and 
place the probe halfway through the audio 
chain. It is silent! Move the probe halfway 
back to the detector, and the note appears 
once again. Yet, no signal is present at the 
output of the stage. You now know that the 
defect is somewhere between the two 
points tested. In this case, the third audio 
stage is faulty. 


The Instinctive Approach 


In an “instinctive” approach to trouble- 
shooting, you rely on your judgment and 
experience to decide where to start test- 
ing, what and how to test. When you im- 
mediately check power supply voltages, 
or the ac fuse on a unit that is completely 
nonfunctional, that is an example of an 
instinctive approach. If you are faced with 
a receiver that has distorted audio and 
immediately start testing the speaker and 
audio output stage, or if you immediately 
start checking the filter and bypass capaci- 
tors in an audio stage that is oscillating or 
*motorboating" you are troubleshooting 
on instinct. 

Most of our discussion on the instinc- 
tive approach is really a collection of tips 
and guidelines. Read them to build your 
troubleshooting skills. 

The check for connector problems men- 
tioned at the beginning of this section is a 
good idea. Experience has shown connec- 
tor faults to be so common that they should 
be checked even before a systematic ap- 
proach begins. 

When instinct is based on experience, 
searching by instinct may be the fastest 
procedure. If your instinct is correct, re- 
pair time and effort may be reduced sub- 
stantially. As experience and confidence 
grow, the merits of the instinctive ap- 
proach grow with them. However, inexpe- 
rienced technicians who choose this ap- 
proach are at the mercy of chance. 


TESTING WITHIN A STAGE 


Once you have followed all of the 
troubleshooting procedures and have iso- 
lated your problem to a single defective 
stage or circuit, a few simple measure- 


ments and tests will usually pinpoint one 
or more specific components that need 
adjustment or replacement. 

First, check the parts in the circuit 
against the schematic diagram to be sure 
that they are reasonably close to the de- 
sign values, especially in a newly built 
circuit. Even in a commercial piece of 
equipment, someone may have incorrectly 
changed them during attempted repairs. A 
wrong-value part is quite likely in new 
construction, such as a home-brew project. 


Voltage Levels 


Check the circuit voltages. If the volt- 
age levels are printed on the schematic, 
this is easy. If not, analyze the circuit and 
make some calculations to see what the 
circuit voltages should be. Remember, 
however, that the printed or calculated 
voltages are nominal; measured voltages 
may vary from the calculations. 

When making measurements, remem- 
ber the following points: 


* Make measurements at device leads, not 
at circuit-board traces or socket lugs. 

* Use small test probes to prevent acciden- 
tal shorts. 

* Never connect or disconnect power to 
solid-state circuits with the switch on. 

* Consider the effect of the meter on mea- 
sured voltages. A 20-kO/V meter may 
load down a high-impedance circuit and 
change the voltage. 


Voltages may give you a clue to what is 
wrong with the circuit. If not, check the 
active device. If you can check the active 
device in the circuit, do so. If not, remove 
it and test it, or substitute a known good 
device. After connections, most circuit 
failures are caused directly or indirectly 
by a bad active device. The experienced 
troubleshooter usually tests or substitutes 
these first. 

Analyze the other components and de- 
termine the best way to test each. There is 
additional information about electronic 
components in the electronic-theory chap- 
ters and in the Component Data chapter. 

There are two voltage levels in most 
circuits (V-- and ground, for example). 
Most component failures (opens and 
shorts) will shift dc voltages near one of 
these levels. 

Typical failures that show up as incor- 
rect dc voltages include: open coupling 
transformers; shorted capacitors; open, 
shorted or overheated resistors and open 
or shorted semiconductors. 


Noise 


A slight hiss is normal in all electronic 
circuits. This noise is produced whenever 
current flows through a conductor that is 


warmer than absolute zero. Noise is com- 


pounded and amplified by succeeding. 


stages. Repair is necessary only. when 
. noise threatens to obscure normally clear 
signals. 

: Semiconductors can produce hissintwo 
ways. The first is normal — an even white 
noise that is much quieter than the desired 


signal. Faulty devices frequently produce’ 


excessive noise. The noise from a faulty 
device is usually erratic, with pops and 
crashes that are sometimes louder than the 
desired signal. In an analog circuit, the end 
result of noise is usually sound. In a con- 
trol or digital circuit, noise causes erratic 
operation: unexpected switching and so 
on. 

Noise problems usually increase with 
temperature, so localized heat may help 
you find the source. Noise from any com- 
ponent may be sensitive to mechanical 
vibration. Tapping various components 
with an insulated screwdriver may quickly 
isolate a bad part. Noise can also be traced 
with an oscilloscope or signal tracer. 


` Nearly any component or connéction : 


can be a source of noise. Defective com- 
ponents aré the most common cause of 
crackling noises. Defective connections 
are a common cause of loud, popping 
noises. | 

Check connections at cables, sockets 
and switches. Look for dirty variable-ca- 
pacitor wipers and potentiometers. Mica 
trimmer capacitors often sound like light- 
ning when arcing occurs. Test them by 


installing a series 0.01-рЕ capacitor. If the ' 


noise disappears, replace the trimmer. 


Potentiometers are particularly proneto ~ 


noise problems when used in dc circuits. 
Clean them with spray cleaner and rotate 
the shaft several times. 

Rotary switches may be tested by 


jumpering the contacts with a clip lead. ` 


Loose contacts may sometimes be re- 
paired, either by cleaning, carefully 
rebending the switch contacts or gluing 
loose switch parts to the switch deck. 


Operate variable components through. 


their range while observing the noise level 
at the circuit output. 


Oscillations 


. Oscillations occur whenever there is 

sufficient positive feedback in a circuit 
that has gain. (This can even include digi- 
tal devices.) Oscillation may occur at any ~ 
frequency from a low-frequency audio ` 


buzz (often called “motorboating”) well. 


üp into the RF region. 

Unwanted oscillations are usually the 
result of changes in the active device (in- 
creased junction or interelectrode capaci- 
tance), failure of an oscillation suppress- 
ing component (open decoupling or 


bypass capacitors or ‘neutralizing compo-: 


nents) or new feedback paths (improper 


lead dress or dirt on the chassis orcompo- . 


nents). It can also be caused by improper 
design, especially in home-brew circuits. 
A shift in bias or drive levels may aggra- 
vate oscillation problems. ' 
Oscillations that occur in audio stages 


‘do not change as the radio is tuned because 


the operating frequency, and therefore the 
component impedances, do not change. 


However, RF and IF oscillations usually | 


vary in amplitude as operating Frequency 
is changed. | XS s 

Oscillation stops when the positive 
feedback is removed. Locating and replac- 
ing the defective (or missing) bypass ca- 


.pacitor may effect an improvement. The 


defective oscillating stage cán be found 
more reliably with a signal tracer or oscil- 
loscope. 


Amplitude Distortion У 


Amplitude distortion“is the product of 


nonlinear operation. The resultant wave- 


form contains not only the input signal; 


but new signals at.other frequencies as 
well. All of the frequencies combine to 
produce the distorted waveform. ‘Distor- 
tion in a transmitter gives rise to splatter, 
harmonics and interference. - 


Fig 27.11 shows some typical cases of 


distortion. Clipping (also called flattopp- 


ing) is the consequence of excessive drive.: 


The corners on the ‘waveform show that 
harmonics are present. (А square wave 
contains the fundamental and all odd har- 
monics.) These odd harmonics would be 
heard well away from the operating fre- 
quency, possibly outside of amateur 


. bands. Key clicks are similar to clipping. 


"Harmonic distortion produces radiation 
at frequencies far removed from the fun- 
damental; it is a major.cause of electro- 


"magnetic interference (EMI). Harmonics 


are generated in,nearly every amplifier. 


When they occur in a transmitter, they are . 


usually caused by insufficient transmitter 
filtering (either by design, or because of 
filter component failure). 

Incorrect bias brings about unequal 
amplification of the positive and negative 
wave sections. The resultant waveform is 
rich i in harmonics. 


-Frequency Distortion 


If a “broadband” amplifier, such as an 
audio amplifier, doesn’t amplify all fre- 


quencies equally, there is frequency dis- . 
. tortion..In many cases; this “frequency 
is deliberate, as in а transmit- | 


distortion" 
ter microphone amplifier that has been 
designed to pass only frequencies from 
200 to.2000.Hz. In most cases, the 
amateur's ability to detect and measure 
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Fig 27.11 — Examples of distorted 
waveforms. The result of clipping is 
shown in A. Nonlinear amplification is 


` shown in B. A pure sine wave is 


shown in C for comparison. 


distortion is limited by available test 
; equipment. 


Distortion Measurement 


A distortion meter is used to measure 
distortion of AF signals. A spectrum ana- 
lyzer is the best piece of test gear to mea- 
sure distortion. of RF signals. If a distor- 
tion meter is not available, an estimation 
of AF distortion can sometimes be made 
with a function generator (sine and square 


`. Waves) and an oscilloscope.. 


To estimate the amount of frequency 


` distortion in an audio amplifier, set the 


generator for a square wave arid look at it 


on the 'scope. (Use a low-capacitance 


probe.) The wave should show square cor- 
ners and a flat top. Next, inject a square 
wave at the amplifier input and again look 
at the input wave on the 'scope. Any new 


- distortion isa result of the test circuit load- 


ing the generator output. (If the wave 
shape is severely distorted, the test is not 
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valid.) Now, move the test probe to the 
test circuit output and look at the wave- 
form. Refer to Fig 27.12 to evaluate 
square-wave distortion and its cause. 

The above applies only to audio ampli- 
fiers without frequency tailoring. In RF 
gear, the transmitter may have a very nar- 
row audio passband, so inserting a square 
wave into the microphone input may re- 
sult in an output that is difficult to inter- 
pret. The frequency of the square wave 
will have a significant effect. 

Anything that changes the proper bias 
of an amplifier can cause distortion. This 
includes failures in the bias components, 
leaky transistors or vacuum tubes with 
interelectrode shorts. These conditions 
may mimic AGC trouble. Improper bias 
often results from an overheated or open 
resistor. Heat can cause resistor values to 
permanently increase. Leaky, or shorted 
capacitors and RF feedback can also pro- 
duce distortion by disturbing bias levels. 
Distortion is also caused by circuit imbal- 
ance in Class AB or B amplifiers. 

Oscillations in an IF amplifier may pro- 
duce distortion. They cause constant, full 
AGC action, or generate spurious signals 
that mix with the desired signal. IF oscil- 
lations are usually evident on the S meter, 
which will show a strong signal even with 
the antenna disconnected. 


Alignment 


Alignment is rarely the cause of an elec- 
tronics problem. As an example, suppose 
an AM receiver suddenly begins produc- 
ing weak and distorted audio. An inexpe- 
rienced person frequently suspects poor 
alignment as a common problem. Even 
though the manufacturer’s instructions 
and the proper equipment are not avail- 
able, our “friend” (this would never be one 
of US!) begins “adjusting” the transformer 
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cores. Before long, the set is hopelessly 
misaligned. Now our misguided ham must 
send the radio to a shop for an alignment 
that was not needed before repairs were 
attempted. 

Alignment does not shift suddenly. A 
normal signal tracing procedure would 
have shown that the signal was good up to 
the audio-output IC, but badly distorted 
after that. The defective IC that caused the 
problem would have been easily found and 
quickly replaced. 


Contamination 


Contamination is another common ser- 
vice problem. Cold soda pop spilled into a 
hot piece of electronics is an extreme ex- 
ample (but one that does actually happen). 

Conductive contaminants range from 
water to metal filings. Most can be re- 
moved by a thorough cleaning. Any of the 
residue-free cleaners can be used, but re- 
member that the cleaner may also be con- 
ductive. Do not apply power to the circuit 
until the area is completely dry. 

Keep cleaners away from variable-ca- 
pacitor plates, transformers and parts that 
may be harmed by the chemical. The most 
common conductive contaminant is sol- 
der, either from a printed-circuit board 
“solder bridge" or a loose piece of solder 
deciding to surface at the most inconve- 
nient time. 


Solder “Bridges” 


In a typical PC-board solder bridge, the 
solder that is used to solder one compo- 
nent has formed a short circuit to another 
PC-board trace or component. Unfortu- 
nately, they are common in both new con- 
struction and repair work. Look carefully 
for them after you have completed any 
soldering, especially on a PC-board. It is 
even possible that a solder bridge may 


Amplifier 


Fig 27.12 — Square-wave distortion and probable causes. 
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Overshoot 


exist in equipment you have owned for a 
long time, unnoticed until it suddenly de- 
cided to become a short circuit. 

Related items are loose solder blobs, 
loose hardware or small pieces of compo- 
nent leads that can show up in the most 
awkward and troublesome places. 


Arcing 


Arcing is a serious sign of trouble. It 
may also be areal fire hazard. Arc sites are 
usually easy to find because an arc that 
generates visible light or noticeable sound 
also pits and discolors conductors. 

Arcing is caused by component failure, 
dampness, dirt or lead dress. If the damp- 
ness is temporary, dry the area thoroughly 
and resume operation. Dirt may be cleaned 
from the chassis with a residue-free 
cleaner. Arrange leads so high-voltage 
conductors are isolated. Keep them away 
from sharp corners and screw points. 

Arcing occurs in capacitors when the 
working voltage is exceeded. Air-dielec- 
tric variable capacitors can sustain occa- 
sional arcs without damage, but arcing 
indicates operation beyond circuit limits. 
Transmatches working beyond their abil- 
ity may suffer from arcing. A failure or 
high SWR in an antenna circuit may also 
cause transmitter arcing. 


Replacing Parts 


If you have located a defective compo- 
nent within a stage, you need to replace it. 
When replacing socket mounted compo- 
nents, be sure to align the replacement part 
correctly. Make sure that the pins of the 
device are properly inserted into the 
socket. 

Some special tools can make it easier to 
remove soldered parts. A chisel-shaped 
soldering tip helps pry leads from printed- 
circuit boards or terminals. A desoldering 


Ringing 


iron or bulb forms a suction to remove 
„excess solder, making it easier to remove 
the component. Spring-loaded desolder- 
'ingpumps are more convenient than bulbs. 
Desoldering wick draws solder away from 


‘а joint when pressed against the joint with 


a hot soldering iron.. 


In all cases, remember that soldering . 
. disuse; the electrolytic layer may be re- | 
formed as explained later in this chapter. 


tools and melted solder can be hot and 
dangerous! Wear protective goggles and 
clothing when soldering. A full course in 
first aid is beyond the scope of this chap- 
ter, but if you burn your fingers, run the 


burn immediately under cold water and 
‘seek first aid or medical attention. Always . 


seek medical attention if you burn your 
eyes; even a small burn can develop. into 
serious trouble. 


TYPICAL SYMPTOMS AND 
FAULTS 


Power Supplies 


Many equipment failures are caused by 
power-supply trouble. Fortunately, most 
power-supply problems are easy to find 
and repair (see Fig 27.13). First, use a 


circuit. (A short circuit draws excessive 
current that opens the fuse, thus becoming 
an open circuit.) 
Most fuse failures are caused by a 
shorted diode in the power supply or a 
‚ shorted power device (RF or AF) in the 
failed equipment. More rarely, one of the 
filter capacitors can short. If the fuse has 
opened, turn off the power, replace the 


fuse and measure the load-circuit dc resis- : 


tance. The measured resistance should be 
consistent with the power-supply ratings. 
A short or open load circuit indicates. a 
problem. 


` If the measured resistance is too low, 
check the load circuit with an ohmmeter to 


- locate the trouble: (Nominal circuit resis- 
tances are included in some equipment 
manuals.) If the load circuit resistance is. 


normal, suspect a defective regulator IC 


or problem in the rest of the unit. Electro- 


lytic capacitors fail with long (two years) 


IC regulators can oscillate, sometimes 
causing failure. The small-value capaci: 
tors onthe input, output or adjustment pins 
of the regulator prevent oscillations. 


Check or replace these capacitors when- ` 


ever a regulator has failed. 
AC ripple (hum) is usually caused by 


‚ low-value filter capacitors in the power 


supply. Less likely, hum can also be 
caused by excessive load,'a regulation 


problem or RF feedback in the power sup- ` 


ply. Look for a defective filter capacitor 


`- (usually open or low-value), defective 


regulator or shorted filter choke. In older 
equipment, the defective filter capacitor 
will often have visible leaking electrolyte: 


Look for corrosion residue at the capaci- - 
voltmeter to measure output. Loss of out-` t 
put voltage is usually caused by an open. 


or leads. In new construction projects 


make sure RF energy is not getting into the: 


power supply. 
Here’s an easy filter-capacitor test: 


‘Temporarily connect a replacement ca- 


pacitor (about the same value and working 
voltage) across the suspect capacitor. If 
the hum goes away, replace the bad com- 


_ ponent permanently. + 
‘Once the faulty component is found, 


inspect the surrounding circuit and con- 
sider what may have caused the problem. 
Sometimes one bad component can cause 
another to fail. For example, a shorted fil- 


.ter capacitor increases current flow and 


burns out a rectifier diode. While the de- 


fective diode is easy to find, the capacitor 
may show no visible damage. | 


Switching Power Supplies 
Switching power supplies are quite dif- 


ferent than conventional supplies. In a 


“switcher,” a switching transistor is used 
to change dc voltage levels. They usually 
have AF oscillators and complex feedback 
paths. Any component failure in the recti- 
fiers, switch, feedback path or load usu- 


.ally results in a completely dead supply. 


Every part. is suspect. While active device 
failure is still the number one suspect, it 
pays to carefully test all components if.a 
diagnosis cannot be made with traditional 


7 techniques. 


Some equipment, notably TVs and, 


. monitors, derive some of the power-sup- 


ply voltages from the proper operatiori of 
other parts of the circuit. In the case of a 
TV or monitor, voltages are often derived 
by adding secondary low-voltage wind- 


- ings to the flyback transformer and recti- 


fying the resultant ac voltage (usually 
about 15 kHz). These voltages will be 
missing if there is any problem with the 
circuit they are derived from. 


Amplifiers 
Amplifiers are the most common cir- 


cuits in electronics. The output of an ideal 
amplifier would match the input signal in 


_every respect except magnitude: No dis- 


tortion or noise would be added. Real 
amplifiers always add noise and distor- 


tion. 


Gain | 

. Gain is the measure of amplification. 
Gain is usually expressed in decibels (dB) 
over a specified frequency range, known 


„asthe bandwidth or passband of the ampli- 


. Typical Equalizing 
Components 


|- Filter > 
. Capacitors 
. (Electrolytic) 


Measure Бү When 
Disconnected 
From Power 

Supply 


Fig 21 13 — Schematic ofa typical power supply showing the components mentioned in the text. 
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fier. When an amplifier is used to provide 
a stable load for the preceding stage, or as 
an impedance transformer, there may be 
little or no voltage gain. 

Amplifier failure usually results in a 
loss of gain or excessive distortion at the 
amplifier output. In either case, check 
external connections first. Is there power 
to the stage? Has the fuse opened? Check 
the speaker and leads in audio output 
stages, the microphone and push-to-talk 
(PTT) line in transmitter audio sections. 
Excess voltage, excess current or thermal 
runaway can cause sudden failure of semi- 
conductors. The failure may appear as ei- 
ther a short, or open, circuit of one or more 
PN junctions. 

Thermal runaway occurs most often in 
bipolar transistor circuits. If degenerative 
feedback (the emitter resistor reduces 


Except as indicated, decimal 
values of capacitance are 

in microfarods ( uF ); others 
ore in picofarads (pF ); 
resistances ore in ohms; 
k=1,000, M=1,000,000. 


Fig 27.14 — The decoupling capacitor 
in this circuit is designated with an 
arrow. 


Fig 27.15 — A typical common-emitter 
audio amplifier. 
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base-emitter voltage as conduction in- 
creases) is insufficient, thermal runaway 
will allow excessive current flow and de- 
vice failure. Check transistors by substitu- 
tion, if possible. 

Faulty coupling components can reduce 
amplifier output. Look for component fail- 
ures that would increase series, or de- 
crease shunt, impedance in the coupling 
network. Coupling faults can be located 
by signal tracing or parts substitution. 
Other passive component defects reduce 
amplifier output by shifting bias or caus- 
ing active-device failure. These failures 
are evident when the dc operating volt- 
ages are measured. 

In a receiver, a fault in the AGC loop 
may force a transistor into cutoff or satu- 
ration. Open the AGC line to the device 
and substitute a variable voltage for the 
AGC signal. If amplifier action varies with 
voltage, suspect the AGC-circuit compo- 
nents; otherwise, suspect the amplifier. 

In an operating amplifier, check care- 
fully for oscillations or noise. Oscillations 
are most likely to start with maximum gain 
and the amplifier input shorted. Any noise 
that is induced by 60-Hz sources can be 
heard, or seen with a 'scope synchronized 
to the ac line. 

Unwanted amplifier RF oscillations 
should be cured with changes of lead dress 
or circuit components. Separate input 
leads from output leads; use coaxial cable 
to carry RF between stages; neutralize 
interelement or junction capacitance. Fer- 
rite beads on the control element of the 
active device often stop unwanted oscilla- 
tions. 

Low-frequency oscillations (“motor- 
boating”) indicate poor stage isolation or 
inadequate power-supply filtering. Try a 
better lead-dress arrangement and/or 
check the capacitance of the decoupling 
network (see Fig 27.14). Use larger ca- 
pacitors at the power-supply leads; in- 
crease the number of capacitors or use 
separate decoupling capacitors at each 
stage. Coupling capacitors that are too low 
in value can also cause poor low-fre- 
quency response. Poor response to high 
frequencies is usually caused by circuit 
design. 


Amplifiers vs Switches 


To help you hone your skills, let’s ana- 
lyze a few simple circuits. There is often a 
big difference in the performance of simi- 
lar-looking circuits. Consider the differ- 
ences between a common-emitter ampli- 
fier and a common-emitter switch circuit. 


Common-Emitter Amplifier 


Fig 27.15 is a schematic of a common- 
emitter transistor amplifier. The emitter, 


base and collector leads are labeled e, b 
and c, respectively. Important dc voltages 
are measured at these points and desig- 
nated V,, Vy and V,. Similarly, the impor- 
tant currents are I,, T and I,. V+ indicates 
the supply voltage. 

First, analyze the voltages and signal 
levels in this circuit. The "junction drop," 
is the potential measured across a semi- 
conductor junction that is conducting. It is 
typically 0.6 V for silicon and 0.2 V for 
germanium transistors. 

This is a Class-A linear circuit. In Class- 
A circuits, the transistor is always con- 
ducting some current. R1 and R2 form a 
voltage divider that supplies dc bias (V) 
for the transistor. Normally, V., is equal to 
Vy less the emitter-base junction drop. R4 
provides degenerative dc bias, while C3 
provides a low-impedance path for the sig- 
nal. From this information, normal oper- 
ating voltages can be estimated. 

The bias and voltages will be set up so 
that the transistor collector voltage, У,, is 
somewhere between V+ and ground po- 
tential. A good rule of thumb is that V, 
should be about 0.5 V+, although this can 
vary quite a bit, depending on component 
tolerances. The emitter voltage is usually 
a small percentage of V,, say about 10%. 

Any circuit failure that changes I, (rang- 
ing from a shorted transistor or a failure in 
the bias circuit) changes V, and V, as well. 
An increase of I, lowers V, and raises V,. 
If the transistor shorts from collector to 
emitter, V, drops to about 1.2 V, as deter- 
mined by the voltage divider formed by 
R3 and R4. 

You would see nearly the same effect if 
the transistor were biased into saturation 
by collector-to-base leakage, a reduction 
in R1’s value or an increase in R2's value. 
All of these circuit failures have the same 
effect. In some cases, a short in C1 or C2 
could cause the same symptoms. 

To properly diagnose the specific cause 
of low V,, consider and test all of these 
parts. Itis even more complex; an increase 
in R3's value would also decrease V,. 
There would be one valuable clue, how- 
ever; if R3 increased in value, I, would not 
increase; V, would also be low. 

Anything that decreases I, increases V,. 
If the transistor failed "open," R1 in- 
creased in value, R2 were shorted to 
ground or R4 opened, then V, would be 
high. 


Common-Emitter Switch 


А common-emitter transistor switching 
circuit is shown in Fig 27.16. This circuit 
functions differently than the circuit 
shown in Fig 27.15. A linear amplifier is 
designed so that the output signal is a faith- 
ful reproduction of the input signal. Its 


input and output may have any value from 
V+ to ground: ` 

_ Theswitching circuit of Fig 27.16, how- 
ever, is similar to a “digital” circuit. The 
active device is either on or off, 1 or 0, just 


like digital logic. Its input signal level . 


should either be 0 V or positive enough to ` 


switch the transistor on fully (saturate). 


Its output state should be either full off. 


(with no current flowing through the re- 
lay), or full on (with the relay energized). 
A voltmeter placed on the collector will 
show either approximately +12 V or 0 V, 
depending on the input. 

Understanding this difference in opera- 
tion is crucial to troubleshooting the two 
circuits. If V, were +12 V in the circuit in 
Fig 27.15, it would indicate a circuit fail- 
ше. A V, of +12 V in the switching circuit, 


' is normal when V, is 0 V. (If Vy measured - 


0.8 V or higher, V, should be low and the 
relay energized.) 


ig 


DC Coupled Amplifiers 


In ас coupled amplifiers, the transistors 
are directly connected together without 
coupling capacitors. They comprise a 
unique troubleshooting case. Most often, 
when one device fails, it destroys one or 


more other semiconductors in the circuit. : 


grid bias when oscillating. Use a high- : 


impedance, voltmeter to measure grid 
. bias. The bias also changes slightly with 
frequency. 


• Emitter current variés slightly with fre- i 
quency in transistor oscillators. Use a 


sensitive, high-impedance voltmeter 


‚ across the emitter resistor to observe the . 
current level. (You can use Ohm’s Law. 


to calculate the current value.) 


© Many modern oscillators are phase- 


locked loops (PLLs). A PLL is a marriage 
of an analog oscillator and digital control 


. circuitry. Read the Digital Circuitry sec- 


tion in this chapter and the Oscillators 


chapter of this book in order to learn PLL © 


repair techniques. 
To test for a failed oscillator tuned siii 


‘inductors and capacitors, use-a dip meter 


pz 


If you don't find all of the bad parts, the ' 


. remaining defective parts can cause the 


installed replacements to fail immedi- 


ately. To reliably troubleshoot a dc 
coupled circuit, you must test every semi- 
conductor in the circuit and replace them 
all at once. 


Oscillators 


In many circuits, a failure of the oscilla- 
tor will result in complete circuit failure. 
A transmitter will not transmit, and a.su- 
perheterodyne receiver will not receive if 
you have an internal oscillator failure. 


inthe active mode. Set the dip meter to the 
oscillator frequency and couple it to the 


. oscillator output circuit. If the oscillator is 


dead, the dip-meter signal will take its 
place and temporarily restore some sem- 
blance of normal operation. Tune the dip 
meter very ‘slowly, or you may pass 


stations so quickly that they sound like ' 


“birdies.” 


Stability 
We are spoiled; modern amateur equip- 


ment is very stable. Drift of several kilo- 


hertz per hour was once normal. You may 
want to modify old equipment for more 
stability, but drift that is consistent with 
the equipment design is not a defect: (This 


applies to new equipment as well as old.) - 


It is normal for some digital displays to 


flash back and forth between two values. ' 


for the least-significant digit. . 

: Drift is caused by variations in the os- 
cillator. Poor voltage regulation and heat 
arethe most common culprits. Check regu- 


' lation with a voltmeter (use one that is not 


(These symptoms do not always mean “ : 


cillator failure, however.) 
Whenever there is weakening or com- 
plete loss of signal from a radio, check 
oscillator operation and frequency. There 
аге several methods: | 
* Use a receiver with a coaxial probe to 
. listen for the oscillator signal. - ; 
* A dip meter can be used to check oscil- 
lators. In the absorptive mode, tune the 
. dip meter to within +15 kHz of the oscil- 
lator, couple it to the circuit, and listen 
for a beat note in the dip-meter head- 
phones. 

* Look at the oscillator waveform on a 

'scope. The operating frequency can'tbe 

determined with great accuracy, but you 
can see if the oscillator is working at all. 
Use а low capacitance (10x) probe for 
oscillator observations. 

. * Tube oscillators usually have negative 


‘affected by RF). Voltage regulators are 


usually part of the oscillator circuit. Check 
them by substitution. 

Chirp is a form of rapid drift that is usu- 
ally: caused by excessive oscillator load- 
ing or poor power-supply regulation. The 
most common cause of chirp is poor de- 


; sign. If chirp appears suddenly in a work- 


ing circuit, look for component or design 
defects іп the-oscillator or its buffer am- 


plifiers: (For example, a shorted coupling : 


capacitor increases loading drastically.) 


*. Also check lead dress, tubes and switches 


for new feedback paths (feedback defeats 
buffer action). - 
Frequency instability may also result 


from defects in feedback components. Too 


much feedback may produce spurious 
signals, while too little makes oscillator 
startup unreliable. | : 

Sudden frequency changes are fre- 
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Fig 27.16 — A typical common-emitter 


` switching amplifier. 
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Fig 27.17 — A partial schematic of a 
simple oscillator showing the locations 
of the trimmer and padder capacitors. 


H 


quently the result of physical variations. 
Loose components or connections are 
probable causes. Check for arcing or dirt 
on printed-circuit boards, trimmers and - 
variable capacitors, loose switch contacts, 
bad solder joints or loose connectors. 


Frequency Accuracy 
Dial tracking errors may be associated 


with oscillator operation. Misadjustments 
in the frequency-determining components 


‘make dial accuracy worse at the ends of 
_ the dial. Tracking errors that are constant 


everywhere in the passband can be caused 
. by misalignment or by slippage in the dial 
drive mechanism or indicator. This is usu- 
ally cured by calibration of a simple me- 
chanical adjustment. 

In LC oscillators, tracking at the high- 
frequency end of the dial 15 controlled 
by trimmer capacitors. A trimmer is a 
` variable capacitor connected in parallel 
with the main tuning capacitor (see Fig 
27.17). The trimmer represents a higher 
percentage of the total capacitance at 
the high end of the tuning range. It has - 
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relatively little effect on tuning charac- 
teristics at the low-frequency end of the 
dial. 

Low-end tracking is adjusted by a 
padder capacitor. A padder is a variable 
capacitor that is connected in series with 
the main tuning capacitor. Padder ca- 
pacitance has a greater effect at the low- 
frequency end of the dial. The padder 
capacitor is often eliminated to save 
money. In that case, the low-frequency 


XTAL 
Select 


tracking is adjusted by the main tuning 
coil. 


Control Circuitry 


Semiconductors have made it practical 
to use diodes for switching, running only 
adc lead to the switching point. This elimi- 
nates problems caused by long analog 
leads in the circuit. Semiconductor switch- 
ing usually reduces the cost and complex- 
ity of switching components. Switching 


Oscitlator 


Decoupling 
Capacitor (Typ) 


oc 
Switch 


к 


Capacitor 


Fig 27.18 — Diode switching selects oscillator crystals at A. A transistor switch is 


used to key a power amplifier at B. 
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speed is increased; contact corrosion and 
breakage are eliminated. In exchange, 
troubleshooting is complicated by addi- 
tional components such as voltage regula- 
tors and decoupling capacitors (see Fig 
27.18). The technician must consider 
many more components and symptoms 
when working with diode and transistor 
switched circuits. 

Mechanical switches are relatively rug- 
ged. They can withstand substantial volt- 
age and current surges. The environment 
does not drastically affect them, and there 
is usually visible damage when they fail. 
Semiconductor switching offers inexpen- 
sive, high-speed operation. When sub- 
jected to excess voltage or current, how- 
ever, most transistors and diodes silently 
expire. Occasionally, if the troubleshooter 
is lucky, one sends up a smoke signal to 
mark its passing. 

Temperature changes semiconductor 
characteristics. A normally adequate con- 
trol signal may not be effective when tran- 
sistor beta is lowered by a cold environ- 
ment. Heat may cause a control voltage 
regulator to produce an improper control 
signal. 

A control signal is actually a bias for the 
semiconductor switch. Forward biased 
diodes and transistors act as closed 
switches; reverse biased components 
simulate open switches. If the control 
(bias) signal is not strong enough to com- 
pletely saturate the semiconductor, con- 
duction may not continue through a full ac 
cycle. Severe distortion can be the result. 

When dc control leads provide un- 
wanted feedback paths, switching transis- 
tors may become modulators or mixers. 
Additionally, any reverse biased semicon- 
ductor junction is a potential source of 
white noise. 


Microprocessor Control 


Nearly every new transceiver is con- 
trolled by a miniature computer. Entire 
books have been written about micropro- 
cessor (uP) control. Many of the tech- 
niques are discussed in the Digital Cir- 
cuitry section. The Digital chapter of this 
book will also help you troubleshoot a ИР 
problem. Many such problems end up back 
at the factory for service, however; the sur- 
face mounted components are just too dif- 
ficult for most hams to replace. For suc- 
cessful repair of microprocessor 
controlled circuits, you should have the 
knowledge and test equipment necessary 
for computer repair. Familiarity with ma- 
chine-language programming may also be 
desirable. 


Digital Circuitry 
The digital revolution has hit most ham 


shacks and amateur equipment. Micropro- - 
cessors have brought automation to every- _ 


thing from desk clocks to ham transceiv- 
ers and computer controlled EME antenna 
arrays. Although every aspect of their 
operation may be resolved to a simple 1 or 
0, or tristate (an infinite impedance or open 
circuit), the symptoms of their failure are 
far more complicated. As with other 
equipment: | 


* Observe the operating characteristics. 

* Study the block diagram and the sche- 
matic. 

* Test. 

* Replace defective parts. 


Problems in digital circuits have two 
elementary causes. First, the circuit may 
give false counts because of electrical 


noise at the input. Second, the gates may’ 


lock in one state. 
False counts from noise are especially 
likely ina ham shack. (А 15- to 20-ųus volt- 


age spike can trigger a TTL flip-flop.). 


Amateur Radio equipment often switches 


heavy loads; the attendant transients can . 


follow the ac line or radiate directly to 
nearby digital equipment. Oscillation in 
the digital circuit can also produce false 
counts. 


How these false counts affecta circuitis | 


dependent on the design. A station clock 
may run fast, but a microprocessor con- 
trolled transceiver may “decide” that it is 
only a receiver. It might even be difficult 
to determine that there is a problem with- 
out a logic analyzer or a multitrace oscil- 
loscope and a thorough understanding of 
circuit operation. 

Begin by removing the suspect equip- 
ment from RF fields. If the symptoms stop 
when there is no RF energy around, you 
need to shield the equipment from RF. 


In the mid '90s, microprocessors in gen- ' 


eral use clock speeds up to a few hundred 
megahertz. (They are increasing all the 
time.) It may be impossible to filter RF 
signals from the lines when the RF is near 
the clock frequency. In these cases, the 
best approach is to shield the digital cir- 
cuit and all lines running to it. 

If digital circuitry interferes with Duis 
nearby equipment, it may be radiating spu- 
rious signals. These signals can interfere 
with your Amateur Radio operation or 
other services. Digital circuitry can also 
be subject to interference from strong RF 
fields. Erratic operation or a complete 
“lock up" is often the result. The ARRL 
book, Radio Frequency Interference: How 
to Find It and Fix It has a chapter on com- 
puter and digital interference. That chap- 
+ ter discusses interference to and from digi- 
tal devices and circuits. 


Logic Levels 


To troubleshoot a digital circuit, check 
for the correct voltages at the pins of each 
chip. The correct voltages may not always 
be known, but you should be able to iden- 
tify the power pins (V,, and ground). 

The voltages on the other pins should be 
either a logic high, a logic low, or tristate 
(more on this later). In most working digi- 
tal circuitry the logic levels are constantly 
changing, often at RF rates. A dc voltme- 
ter may not give reliable readings. An os- 
cilloscope or logié analyzer is usually 
needed to troubleshoot digital circuitry. 

Most digital circuit failures are caused 
by. a failed logic IC. In clocked circuits, 


listen for the clock signal. with a coax. 


probe and а suitable receiver. If the signal 
is found at the clock chip, trace it to each 
of the other ICs to be sure that the clock 
system is intact. Some digital circuits use 
VHF clock speeds; an oscilloscope must 


have a bandwidth of at least twice (ће 


clock speed to be useful. If you have a 


suitable scope, check the pulse timing and . 


duration against circuit specifications. 

As in most circuits, failures are cata- 
strophic. It is unlikely that an AND gate 
will suddenly start functioning like an OR 
gate. It is more likely that the gate will 
have a signal at its input, and no signal at 
the output. In a failed device, the output 
pin will have a steady voltage: In some 
cases, thé voltage is steady because one of 
the input signals is missing. Look care- 
fully at what is going into a digital IC to 
determine what should be cóming out. 
Keep manufacturers! data books handy. 
These data books describe the proper func- 
tioning of most digital devices. 


Tristate Devices 


Many digital devices are designed with 
a third logic state, commonly called 
tristate. In this state, the output of the de- 
vice acts as if it weren't there at all. Many 
such devices can be connected to a com- 


mon “bus,” with the devices that are active: 


at any given time selected by software or 
hardware control signals. A computer's 
data and address busses are good examples 
of this. If any one devicé on the bus fails 
by locking itself on in a 0 or 1 logic state, 
the entire bus becomes воп e ода 
These tristate devices сап be locked “о: 
by inherent failure or a failure of the sig- 
nal that controls them. 
Simple Gate Tests 

Logic gates, flip-flops and counters can 
be tested (see Fig 27.19) by triggering 
them manually, with a power supply (4 to 
5 V is a safe level). Diodes may be checked 
with an ohmmeter. Testing of more com- 
plicated ICs requires the use of a logic 
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analyzer, multitrace scope or a dedicated ` 
IC tester. 
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Receivers 


A receiver can be diagnosed using any 
of the methods described earlier, but if 
there is not even a faint sound from the 
speaker, signal injection is not a good tech- 
nique. If you lack troubleshooting experi- 
ence, avoid following instinctive hunches. 
That leaves signal tracing as the best 
method, 

`The- important characteristics of a re- 
ceiver are selectivity, sensitivity, stability 
‘and fidelity. Receiver malfunctions ordi- 
narily affect one or:more of these areas. 


„Selectivity | 

Tuned transformers or the components 
used in filter circuits may develop a 
shorted turn, capacitors can fail and align- 
ment is required occasionally. Such de- 
fects are accompanied by a loss of sensi- 
tivity.» ‘Except in cases of catastrophic 
failure (where either the filter passes all 
signals, or none), it is difficult to spot a 
loss of selectivity. Bandwidth and inser- 
tion-loss measurements are necessary ‘to 
judge filter. performance. 


Sensitivity 


A gradual loss of sensitivity results 
from gradual degradation of an active de- 
vice or long-term changes in component 
values. Sudden partial sensitivity changes 
are usually the result of a component fail- 
ure, usually in the RF or IF stages. Com- 
plete and sudden loss of sensitivity is 
caused by an open circuit anywhere in the 
signal path or by a “dead” oscillator. 


Receiver Stability 


The stability of a receiver depends on 
its oscillators. See the Oscillators section 
elsewhere in this chapter. 


Fig 27.19 — This simple digital circuit 
can be tested with a few components. 
In this case, an ano gate is tested. Open 

‚ and close $1 and S2 while comparing 
the voltmeter reading with a truth table 
for the device. 
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Distortion 

Receiver distortion may be the effect of 
poor connections or faulty components in 
the signal path. AGC circuits produce 
many receiver defects that appear as dis- 
tortion or insensitivity. 


AGC 


AGC failure usually causes distortion 
that affects only strong signals. All stages 
operate at maximum gain when the AGC 
influence is removed. An S meter can help 
diagnose AGC failure because it is oper- 
ated by the AGC loop. 

An open AGC bypass capacitor causes 
feedback through the loop. This often re- 
sults in a receiver “squeal” (oscillation). 
Changes in the loop time constant affect 
tuning. If stations consistently blast, or are 
too weak for a brief time when first tuned 
in, the time constant is too fast. An exces- 
sively slow time constant makes tuning 
difficult, and stations fade after tuning. If 
the AGC is functioning, but the “timing” 
seems wrong, check the large-value ca- 
pacitors found in the AGC circuit — they 
usually set the AGC time constants. If the 
AGC is not functioning, check the AGC- 
detector circuit. There is often an AGC 
voltage that is used to control] several 
stages. A failure in any one stage could 
affect the entire loop. 


Detector Problems 
Detector trouble usually appears as 
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complete loss or distortion of the received 
signal. AM, SSB and CW signals may be 
weak and unintelligible. FM signals will 
sound distorted. Look for an open circuit 
in the detector near the detector diodes. If 
tests of the detector parts indicate no 
trouble, look for a poor connection in the 
power-supply or ground lead. A BFO that 
is “dead” or off frequency prevents SSB 
and CW reception. In modern rigs, the 
BFO frequency is either crystal controlled, 
or derived from the PLL. 


Receiver Alignment 


Unfortunately, IF transformers are as 
enticing to the neophyte technician as a 
carburetor is to a shade-tree mechanic. In 
truth, radio alignment (and for that matter, 
carburetor repair) is seldom required. Cir- 
cuit alignment may be justified under the 
following conditions: 

* The set is very old and has not been ad- 
justed in many years. 

* The circuit has been subject to abusive 
treatment or environment. 

* There is obvious misalignment from a 
previous repair. 

* Tuned-circuit components or crystals 
have been replaced. 

* An inexperienced technician attempted 
alignment without proper equipment. 
(“But all the screws in those little metal 
cans were loose!") 

* There is a malfunction, but all other cir- 
cuit conditions are normal. (Faulty trans- 


formers can be located because they will 
not tune.) 

Even if one of the above conditions is 
met, do not attempt alignment unless you 
have the proper equipment. Receiver 
alignment should progress from the detec- 
tor to the antenna terminals. When work- 
ing on an FM receiver, align the detector 
first, then the IF and limiter stages and 
finally the RF amplifier and local oscilla- 
tor stages. For an AM receiver, align the 
IF stages first, then the RF amplifier and 
oscillator stages. 

Both AM and FM receivers can be 
aligned in much the same manner. Always 
follow the manufacturer's recommended 
alignment procedure. If one is not avail- 
able, follow these guidelines: 

1. Set the receiver RF gain to maxi- 
mum, BFO control to zero or center (if 
applicable to your receiver) and tune to 
the high end of the receiver passband. 

2. Disable the AGC. 

3. Set the signal source to the center of 
the IF passband, with no modulation and 
minimum signal level. 

4. Connect the signal source to the in- 
put of the IF section. 

5. Connect a voltmeter to the IF output 
as shown in Fig 27.20. 

6. Adjust the signal-source level for a 
slight indication on the voltmeter. 

7. Peak each IF transformer in order, 
from the meter to the signal source. The 
adjustments interact; repeat steps 6 and 7 


TO AF 
SECTION 


Fig 27.20 — Typical receiver alignment test points. To align the entire radio, connect a dc voltmeter at TP4. Inject an IF 
signal at TP2 and adjust the IF transformers. Move the signal generator to TP1 and inject an RF signal for alignment of the 
RF amplifier and oscillator stages. To align a single stage, place the generator at the input and an RF voltmeter (or 


demodulator probe and dc voltmeter) at the output: TP1/TP2 for RF, TP2/TP3 for IF. 
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until adjustment brings no noticeable im- 
‘provement. 
8. Remove the signal’ source from the 
IF-section input, reduce the level to mini- 
_mum, set the frequency to that shown on 


the receiver dial and connect the source to : 


the antenna terminals. If necessary, tune 
around for the signal — if the local oscil- 
lator is not tracking, it may be off. 


9. Adjust the signal level to give a 


slight reading on the voltmeter. 


10. Adjust the trimmer capacitor of the 


RF amplifier for a peak reading of the test 
signal. (Verify that you are reading the 
correct signal by switching the source on 
and off.) 


11. Reset the signal source and the re- 


ceiver tuning for the low end of the pass- 
band. 

12. Adjust the local-oscillator padder 
for peak reading. | 


13. Steps 8 through 11 interact, so re- . 
peat them until the results are as good as 


you can get them. 


Transmitters’ 


Many potential transmitter faults are 
discussed in several different places in this 
chapter. There are, however, a few tech- 
niques used to ensure stable operation of 
‚КЕ amplifiers in transmitters that are not 
covered elsewhere. 


High-power RF amplifiers often use : 


parasitic chokes to prevent instability. 
Older parasitic chokes usually consist of a 
51- to 100-Q noninductive resistor with a 
:coil wound around the body and connected 
to the leads. It is used to prevent VHF and 
UHF oscillations in a vacuum-tube ampli- 
fier. The suppressor is placed in the plate 
lead, close to the plate connection. 


In recent years, problems with this style - 


‘of suppressor have been discovered. Look 
at the Amplifiers chapter for information 
about suppressing parasitics 

Parasitic chokes often fail from exces- 

‘sive current flow. In these cases, the resis- 

tor is charred. Occasionally, physical 


shock or corrosion produces ап open cir- . 


icuit in the coil. Test for continuity with an 
"d iohmmeter. ) 


Transistor amplifiers are derer 
against parasitic oscillations by low-value. 


Tesistors or ferrite beads in the base or 
collector leads. Resistors are used only at 


low power levels (about 0.5 W), and both . 


` imethods work best when applied to the 
base lead. Negative feedback is used to 
prevent oscillations at lower frequencies. 
An open Component in the feedback loop 
may cause low-frequency oscillation, 
especially in broadband amplifiers. 


Keying . p ` 
The Simplest form of modulation is 


on/off keying. Although it may seem that 
- ‘there cannot be much trouble with such an 
elementary form of modulation, two very 


important transmitter faults are the result 
of keying problems. : 

-Key clicks are produced by fast rise 
and decay times of the keying wave- 
form. Most transmitters include compo- 
nents in the keying circuitry to prevent 
clicks. When clicks are experienced, 
check the keying filter components first, 
then the succeeding stages. An improp- 


` erly biased power amplifier, or a Class . 


C amplifier that is not keyed, may pro- 


duce key clicks even though the keying · 


waveform earlier in the circuit is cor- 
rect. Clicks caused by a linear amplifier 
may be a sign of low-frequency: para- 
sitic oscillations. If they occur in an 


‘amplifier, suspect insufficient power-. . 


supply decoupling. Check the power- 
supply filter capacitors and all bypass 
capacitors. 


The other modulation problem associ- | 
-ated with on/off keying is called 


backwave. Backwave is a condition in 
which the signal is heard, at a reduced 
level, even when the key is up. This occurs 
when the oscillator signal feeds through a 
keyed amplifier. This usually indicates a 
design flaw, although in some cases a com- 
ponent failure or improper keyed-stage 
neutralization may be to blame. 


Low Output Power 


“Some transmitters automatically reduce 
power in the TUNE mode. Check the 
owner’s manual to see.if the condition is 
normal. Check the control settings. Trans- 
mitters that use broadband amplifiers те- 


quire so little effort from the operator that ` 


control settings are seldom noticed. The 
CARRIER (or DRIVE) control may have been 


: bumped. Remember to adjust tuned am- 
plifiers after a significant change in oper- - 


ating frequency (usually 50 to 100 kHz). 
Most modern transmitters are designed to 
reduce power if theré is high (say 2:1) 


SWR. Check these obvious external prob- :. 
_ lems before you tear apart your rig. 


Power transistors may fail if the SWR 
protection circuit malfunctions. Such fail- 
ures occur at the ^weak link" in the ampli- 
fier chain: It is possible for the drivers to 
fail without damaging the finals..An open 


circuit in the "reflected" side of the sens- _ 
ing circuit leaves the transistors unpro- 


tected, a short "shuts them down." 
Low power output in a transmitter may 
also spring from a misadjusted carrier os- 


cillator or a defective SWR protection cir- : 


cuit. If the carrier oscillator is set to a fre- 
quency well outside the transmitter 
passband, there may be no measurable 
output. 


Switching 


Output power will. increase - 
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steadily as the frequency is moved into the 
passband. 


Transceivers \ 


\ 


. Elaborate switching schemes are used 


` jn transceivers for signal control. Many 


transceiver malfunctions can be attributed 
to relay or switching problems. Suspect 
the switching controls when: | 


* The S meter is inoperative, but the unit 
otherwise functions. (This could also be 
a bad S meter.) ` 


.* There is arcing in the tank circuit. (This 


could also be caused by a bad antenna 
system.) 
* Plate current is high during reception. 
* There is excessive broadband PA noise 
іп the receiver. f 


Since transceiver circuits are shared, ` 
stage defects frequently affect both the 
transmit and receive modes, although the 
symptoms may change with mode. Oscil- 
lator problems usually affect both trans- 
mit and receive modes, but different oscil- 
lators, or frequencies, may be used for 


‘different emissions. Check the block dia- 


gram. 
For example, one particular transceiver 


-uses a single carrier oscillator with three 


different crystals (see Fig 27.21). One 
crystal sets the carrier frequency for CW, 
AM and FSK transmit. Another sets USB 
transmit and USB/CW receive, and a third 
sets LSB transmit and LSB/FSK receive. 
This radio showed à strange symptom. . 


. After several hours of CW operation, the - 


receiver produced only alight hiss on USB 
and CW. Reception was good in other 
modes, and the power meter showed full 
output during CW transmission. An ex- 
amination of the block diagram and sche- 
matic showed that only one of the crystals 
(and seven support components) was ca- 
pable of causing the problem. 


VOX 


Voice operated transmit (VOX) con- 
trols are another potential trouble area. If 
there is difficulty in switching to transmit 
in the VOX mode, check the vOX-SENSI- 
TIVITY and ANTI-VOX control settings. 
Next, see if the PTT and manual (Mox) 
transmitter controls work. If the PTT and ' 


‚мох controls function, examine the VOX ~ 


control diodes and amplifiers. Test the · 
switches, control lines and control voltage 


‚ if the transmitter does not pespond to other 


TR: controls. 

VOX SENSITIVITY and ANTI-VOX settings 
should also. be checked if the transmitter 
switches on in response to received audio. 
Suspect the ANTI-VOX circuitry next. 
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Unacceptable VOX timing results from a 
poor VOX-delay adjustment, or a bad re- 
sistor or capacitor in the timing circuit or 
VOX amplifiers. 


Alignment 


The mixing scheme of the modern 
SSB transceiver is complicated. The 
signal passes through many mixers, os- 
cillators and filters. Satisfactory SSB 
communication requires accurate ad- 
justment of each stage. Do not attempt 
any alignment without a copy of the 
manufacturer’s instructions and the 
necessary test equipment. 


Troubleshooting Charts 


Tables 27.2 through 27.5 list some com- 
mon problems and possible cures. These 
tables are not all-inclusive. They are a 
collection of hints and shortcuts that may 
save you some troubleshooting time. If 
you don’t find your problem listed, con- 
tinue with systematic troubleshooting. 


COMPONENTS 


Once you locate a defective part, it is 
time to select a replacement. This is not 


CW, AM, FSK 
Tx 412 V 


USB (Tx, Rx) 


cwav © 


LSB (Tx, Rx) 
FSK8V 


FSK KEY 


(cw, AM—GND) © 


always an easy task. Each electronic com- 
ponent has a function. This section ac- 
quaints you with the functions, failure 
modes and test procedures of resistors, 
capacitors, inductors and other compo- 
nents. Test the components implicated by 
symptoms and stage-level testing. In most 
cases, a particular faulty component will 
be located by these tests. If a faulty com- 
ponent is not indicated, check the circuit 
adjustments. As a last resort, use a shot- 
gun approach — replace all parts in the 
problem area with components that are 
known to be good. 


Check the Circuit 


Before you install a replacement com- 
ponent of any type, you should be sure that 
another circuit defect didn’t cause the fail- 
ure. Check the circuit voltages carefully 
before installing any new component. 
Check the potential on each trace to the 
bad component. The old part may have 
“died” as a result of a lethal voltage. Mea- 
sure twice — repair once! (With apologies 
to the old carpenter.) Of course, circuit 
performance is the final test of any substi- 
tution. 


Fuses 

Most of the time, when a fuse fails, it is 
for areason — usually a short circuit in the 
load. A fuse that has failed because of a 
short circuit usually shows the evidence 
of high current: a blackened interior with 
little blobs of fuse element everywhere. 
Fuses can also fail by fracturing the ele- 
ment at either end. This kind of failure is 
not visible by looking at the fuse. Check 
even “good” fuses with an ohmmeter. You 
may save hours of troubleshooting. 

For safety reasons, always use exact 
replacement fuses. Check the current and 
voltage ratings. The fuse timing (fast, nor- 
mal or slow blow) must be the same as the 
original. Never attempt to force a fuse that 
is not the right size into a fuse holder. The 
substitution of a bar, wire or penny for a 
fuse invites a “smoke party.” 


Wires 


Wires seldom fail unless abused. Short 
circuits can be caused by physical damage 
to insulation or by conductive contamina- 
tion. Damaged insulation is usually appar- 
ent during a close visual inspection of the 
conductor or connector. Look carefully 


To Carrier 
Oscillator 


Fig 27.21 — Partial schematic of a transceiver oscillator. The symptoms described in the text are caused by one or more 
components inside the dashed lines or a faulty USB/CW control signal. 
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r 


where conductors come close to corners 


or sharp objects. Repair worn insulation - 


by replacing the wire or securing an insu- 
-lating sleeve (spaghetti) or heat-shrink 
tubing over the worn area. 

When wires fail, the failure is usually ` 
caused by stress and flexing. Nearly ev- 
eryone has broken a wire by bending it 
back and forth, and broken wires are usu- 
ally easy to detect. Look for sharp bends 
or bulges in the insulation. ` 

When replacing conductors, use the 
same material and size, if possible. Sub- 
stitute only wire of greater cross-sectional 
area (smaller gauge number) or material 
of greater conductivity. Insulated wire 


should be rated at the same, or higher, tem- . 


perature and voltage as the wire it replaces. 


Connectors : 


Connection faults are.one of the most 
‘common failures in electronic equipment. 
. This can range from something as simple 
as the ac-line cord coming out of the wall, 
to a connector having been put on the 
wrong socket, to a defective IC socket. 
Connectors that are plugged and un- 
plugged frequently can wear out, becom- 


ing intermittent or noisy. Check connec-' 


tors carefully when troubleshooting. 
Connector failure can be hard to detect. 

Most connectors maintain contact as a re- 

* sult of spring tension that forces two con- 


ductors together. As the parts age, they. 


' become brittle and lose tension. Any con- 
nection may deteriorate because of non- 
conductive corrosion at the contacts. Sol- 
der helps prevent this problem. but even 
soldered joints suffer from corrosion when 
exposed to weather. . 

The dissipated power in a defective con- 


nector usually increases. Signs of excess ` 
heat are sometimes seen near poor con- 


nections in circuits that carry moderate 
current. Check for short and open circuits 
with an ohmmeter or continuity tester. 
Clean those connections that fail as a re- 
sult of contamination. 

Occasionally, corroded connectors may 


be repaired by cleaning, but replacement 


of the conductor/connector is usually re- 
quired. Solder all connections that may be 
subject to harsh environments and protect 
them with acrylic enamel, RTV compound 
or a similar coating. 


Choose replacement connectors with: 


consideration of voltage and current rat- 
ings. Use connectors with symmetrical pin 


arrangements only where correct insertion - 


will not result in a safety hazard or circuit 
damage. 


Resistors 
Resistors usually fail by becoming an 


| Мо Signals 


value. This is usually caused by excess 
heat. Such heat may come from external 


sources or from power dissipated within 
: the resistor. Sufficient heat burns the re- 


` А 


‘Table 27.2 


Symptoms and Their Causes for All kipetronte ‚ччртөн 


Symptom 
Power Supplies 


No output voltage 
Hum or ripple 


Amplifiers 
_ Low gain 


` Noise 
Oscillations ` 


Untuned (oscillations do 


not change with frequency) 


Tuned 

Squeal 

Static-like crashes 
Static in FM receiver 


! Intermittent noise 


Distortion (constant) 


Distortion (strong signals only) 


Frequency change · 


‘All bands 
One band only 
No function control. 


Improper Dial Tracking 


Constant error across dial 
Error grows worse along dial 


Cause 


Open circuit (usually a fuse or transformer winding) 
Faulty regulator, capacitor or rectifier, low-frequency 
oscillation 


Transistor, coupling capacitors, emitter-bypass capacitor, 
AGC component, alignment 

Transistors, coupling capacitors, resistors 

‘Dirt on variable capacitor or chassis, shorted op- amp 

С input ; 
Audio stages 
RF, IF and mixer stages 

. Open AGC-bypass capacitor 

Arcing trimmer capacitors, poor connections 

Faulty limiter stage, open capacitor in ratio detector, 
weak RF stage, weak incoming signal 

All components and connections, band-switch contacts, ` 
potentiometers (especially in dc circuits), trimmer 
capacitors, poor antenna connections 

Oscillation, overload, faulty AGC, leaky transistor, open 
lead in tab-mount transistor, dirty potentiometer, leaky 

- coupling capacitor, open bypass capacitors, imbalance in 
tuned FM detector, IF oscillations, RF feedback (cables) 

Open AGC line, open AGC diode . | 

Physical or electrical variations, dirty or faulty variable 
capacitor, broken switch, loose compartment parts, poor 

· voltage regulation, oscillator tuning (trouble when 
switching bands) 


Dead VFO or Кедра oscillator, PLL won't lock 

Defective crystal, oscillator out of tune, band switch 

Faulty switch, poor connection, defective switching diode 
or circuit : 


-Dial drive 
Circuit adjustment. 


Table 27.3 


Transmitter Problems 


Symptom 
Key clicks 


Modulation Problems . 
Loss of modulation 


Distortion on transmit : 


Arcing 
Low output 


Antenna Problems 
Poor SWR  . 


Balun failure 


‘RFI 
open circuit. More rarely they change 


: Cause . 


Keying filter, distortion in stages after keying 


Broken cable (microphone, PTT, power), open circuit in audio 
chain, defective modulator 

Defective microphone, RF feedback from lead dress, modulator 
imbalance, bypass capacitor, improper bias, excessive drive 

Dampness, dirt, improper lead dress 

Incorrect control settings, improper carrier shift (CW signal . 
outside of passband) audio oscillator failure, transistor or tube 
failure, SWR protection circuit i 


- Damaged antenna element, matching network, feed line, balun 


failure (see below), resonant conductor near antenna, poor 
.connection at antenna 


' Excessive SWR, weather or cold- flow damage in coil choke, 


broken wire . 
Arcing or poor connections anywhere in antenna system or 
nearby conductors ` 
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sistor until it becomes an open circuit. 

Resistors can also fracture and become 
an open circuit as a result of physical 
shock. Contamination of a high-value re- 
sistor (100 kQ or more) can cause a change 
in value through leakage. This contamina- 
tion can occur on the resistor body, mounts 
or printed-circuit board. Resistors that 
have changed value should be replaced. 
Leakage is cured by cleaning the resistor 
body and surrounding area. 

In addition to the problems of fixed- 
value resistors, potentiometers and 
rheostats can develop noise problems, es- 
pecially in dc circuits. Dirt often causes 
intermittent contact between the wiper and 
resistive element. To cure the problem, 
spray electronic contact cleaner into the 
control, through holes in the case, and ro- 
tate the shaft a few times. 

The resistive element in wire-wound 
potentiometers eventually wears and 
breaks from the sliding action of the wiper. 
In this case, the control needs to be re- 
placed. 

Replacement resistors should be of the 
same value, tolerance, type and power 
rating as the original. The value should 
stay within tolerance. Replacement resis- 


tors may be of a different type than the 
original, if the characteristics of the re- 
placement are consistent with circuit re- 
quirements. 

Substitute resistors can usually have a 
greater power rating than the original, 
except in high-power emitter circuits 
where the resistor also acts as a fuse or in 
cases where the larger size presents a 
problem. 

Variable resistors should be replaced 
with the same kind (carbon or wire wound) 
and taper (linear, log, reverse log and so 
on) as the original. Keep the same, or bet- 
ter tolerance and pay attention to the power 
rating. 

In all cases, mount high-temperature 
resistors away from heat-sensitive com- 
ponents. Keep carbon resistors away from 
heat sources. This will extend their life and 
ensure minimum resistance variations. 


Capacitors 


Capacitors usually fail by shorting, 
opening or becoming electrically (or 
physically) leaky. They rarely change 
value. Capacitor failure is usually caused 
by excess current, voltage, temperature or 
age. Leakage can be external to the ca- 


Table 27.4 
Receiver Problems 


Symptom Cause 
Low sensitivity 
Signals and calibrator 
heard weakly 
(low S-meter readings) 
(strong S-meter readings) 
No signals or calibrator 
heard, only hissing 


RF chain 


RF oscillators 


Distortion 

On strong signals only AGC fault 
AGC fault 

Difficult tuning AGC fault 
Inability to receive Detector fault 


AM weak and distorted 
CW/SSB unintelligible 
FM distorted 


Semiconductor contamination, weak tube, alignment 


AF chain, detector 


Active device cut off or saturated 


Poor detector, power or ground connection 
BFO off frequency or dead 
Open detector diode 


Table 27.5 

Transceiver Problems 

Symptom 

Inoperative S meter 
PA noise in receiver 
Excessive current on receive 
Arcing in PA 

Reduced signal strength on 
transmit and receive 

Poor VOX operation 

Poor VOX timing 


Cause 


IF failure 


Faulty relay 


VOX amplifiers and diodes 
Adjustment, component failure in VOX timing 


circuits or amplifiers 


VOX consistently tripped by 
receiver audio 
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AntiVOX circuits or adjustment 


pacitor (contamination on the capacitor 
body or circuit) or internal to the capaci- 
tor. 


Tests 


The easiest way to test capacitors is out 
of circuit with an ohmmeter. In this test, 
the resistance of the meter forms a timing 
circuit with the capacitor to be checked. 
Capacitors from 0.01 uF to a few hundred 
НЕ can be tested with common ohmme- 
ters. Set the meter to its highest range and 
connect the test leads across the dis- 
charged capacitor. When the leads are 
connected, current begins to flow. The 
capacitor passes current easily when dis- 
charged, but less easily as the charge 
builds. This shows on the meter as a low 
resistance that builds, over time, toward 
infinity. 

The speed of the resistance build-up 
corresponds to capacitance. Small capaci- 
tance values approach infinite resistance 
almost instantly. A 0.01-uF capacitor 
checked with an 11-MQ FETVOM would 
increase from zero to a two-thirds scale 
reading in 0.11 s, while a 1-рЕ unit would 
require 11 s to reach the same reading. If 
the tested capacitor does not reach infinity 
within five times the period taken to reach 
the two-thirds point, it has excess leakage. 
If the meter reads infinite resistance im- 
mediately, the capacitor is open. (Alumi- 
num electrolytics normally exhibit high- 
leakage readings.) 

Fig 27.22 shows a circuit that may be 
used to test capacitors. To use this circuit, 
make sure that the power supply is off, set 
S1 to CHARGE and S2 to TEST, then connect 
the capacitor to the circuit. Switch on the 
power supply and allow the capacitor to 
charge until the voltmeter reading stabi- 
lizes. Next, switch S1 to TEST and watch 
the meter for a few seconds. If the capaci- 
tor is good, the meter will show no poten- 
tial. Any appreciable voltage indicates 
excess leakage. After testing, set S1 to 
CHARGE, switch off the power supply, and 
press the DISCHARGE button until the meter 
shows 0 V, then remove the capacitor from 
the test circuit. 

Capacitance can also be measured with 
a capacitance meter, an RX bridge or a dip 
meter. Some DMMs (digital multimeters) 
measure capacitance. Capacitance mea- 
surements made with DMMs and dedi- 
cated capacitance meters are much more 
accurate than those made with RX bridges 
or dip meters. To determine capacitance 
with a dip meter, a parallel-resonant cir- 
cuit should be constructed using the ca- 
pacitor of unknown value and an inductor 
of known value. The formula for reso- 
nance is discussed in the AC Theory chap- 
ter of this book. 


It is best to keep a collection of known 
components that have been measured on 
accurate L or C meters. Alternatively, a 
“standard” value can be obtained by or- 
dering 1 or 2% components from an elec- 
tronics supplier. A 10%-tolerance compo- 
nent can be used as a standard; however, 
the results will only be known to within 
10%. The accuracy of tests made with any 
of these alternatives depends on the accu- 
racy of the “standard” value component. 
Further information on this technique ap- 
pears in Bartlett’s article, “Calculating 
Component Values,” in Nov 1978 QST. 


Cleaning 


The only variety of common capacitor 
that can be repaired is the air-dielectric 
variable capacitor. Electrical connection 
to the moving plates is made through a 
'spring-wiper arrangement (see Fig 27.23). 
Dirt normally builds on the contact area, 
and they need occasional cleaning. Before 
cleaning the wiper/contact, use gentle air 
pressure and a soft brush to remove all dust 
and dirt from the capacitor plates. Apply 
some electronic contact cleaning fluid. 
Rotate the shaft quickly several times to 
work in the fluid and establish contact. Use 
the cleaning fluid sparingly, and keep it 
off the plates except at the contact point. 


Replacements E 
Replacement capacitors should match 
the original in value, tolerance, dielectric, 
working voltage and temperature coeffi- 
cient. Use only ac-rated capacitors for line 
service. If exact replacements are not 
available, substitutes may vary from the 
original part in the following respects: 


Bypass capacitors may vary from one to. 


three times the capacitance of the original. 
Coupling capacitors may vary from one 


half to twice the value of the original. , 


Capacitance values in tuned circuits (es- 
pecially filters) must be exact. (Even then, 
any replacement will probably require cir- 
'cuit realignment.) 

Ifthe same kind of capacitor is not avail- 
able, use one with better dielectric charac- 
‘teristics. Do not substitute polarized 
capacitors for nonpolarized parts. Ca- 
pacitors with a higher working voltage 


may be used, although the capacitance of · 


anelectrolytic capacitor used significantly 
below its working voltage will usually 
increase with time. | 

The characteristics of each type of ca- 
pacitor are discussed in the Real World 


Components chapter. Consider these. 


characteristics if you're not using an exact 
replacement capacitor. 


Inductors and Transformers 
The most common inductor or trans- 
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Fig 27.22 — A fixture for testing capacitors and reforming the dielectric of 
electrolytic capacitors. Use 12 V for testing the capacitor. Use the capacitor 


working voltage for dielectric reformation. 


former failure is a broken conductor. More 
rarely, a short circuit can occur across one 
or more turns of a coil. In an inductor, this 
changes the value. In a transformer, the 
turns ratio and resultant output voltage 
changes. In high-power circuits, excessive 


inductor current can generate enough heat 


to melt plastics used as coil forms. 

Inductors may be checked for open cir- 
cuit failure with an ohmmeter. In a good 
inductor, dc resistance rarely exceeds a 
few ohms. Shorted turn and other changes 
in inductance show only during alignment 
or inductance measurement. 

The procedure for measurement of in- 
ductance with a dip meter is the same as 
that given for capacitance measurement, 
except that a capacitor of known value is 
used in the resonant circuit. 

Replacement inductors must have the 
same inductance as the original, but that is 
only the first requirement. They must also 
carry the same cürrent, withstand the same 
voltage and present nearly the same Q as 


_ the original part. Given the original as a 


pattern, the amateur can duplicate these 
qualities for many inductors. Note that 
inductors with ferrite or iron-powder cores 


are frequency sensitive, so the replace- . 


ment must have the same core material. 
If the coil is of simple construction, with 
the form and core undamaged, carefully 
count and write down the number of turns 
and their placement on the form. Also note 
how the coil leads are arranged and con- 
nected to the circuit. Then determine the 
wire size and insulation used. Wire diam- 
eter, insulation and turn spacing are criti- 
cal to the current and voltage ratings of an 
inductor. (There is little hope of matching 
coil characteristics unless the wire is du- 
plicated exactly in the new part.) Next, 


Apply Cleaning 
Fluid Here 


Fig 27.23 — Partial view of an air- 
dielectric variable capacitor. If the 
capacitor is noisy or erratic in 
operation, apply electronic cleaning 
fluid where the wiper contacts the rotor 
plates. 


remove the old winding (be careful not to 


damage the form) and apply a new wind- 
ing in its place. Be sure to dress all coil 
leads and connections in exactly the same 
manner as the original. Apply Q dope to 


hold the finished winding in place. 


Follow the same procedure in cases 
where the form or core is damaged, except 
that a suitable replacement form or core 
(same dimensions and permeability) must 
be found. 

Ready-made inductors may be used as 
replacements if the characteristics of the 
original and the replacement are known 
and compatible. Unfortunately, many in- 
ductors are poorly marked. If so, some 
comparisons, measurements and circuit 
analysis are usually necessary.. 

When selecting a replacement induc- 


tor, you can usually eliminate parts that 


bear no physical resemblance to the 
original part. This may seem odd, but 
the-Q of an inductor depends on its 
physical dimensions and the permeabil- 
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ity of the core material. Inductors of the 
same value, but of vastly different size 
or shape, will likely have a great differ- 
ence in Q. The Q of the new inductor 
can be checked by installing it in the 
circuit, aligning the stage and perform- 
ing the manufacturer’s passband tests. 
Although this practice is all right in a 
pinch, it does not yield an accurate Q 
measurement. Methods to measure Q 
appear in the Test Procedures chapter. 

Once the replacement inductor is found, 
install itin the circuit. Duplicate the place- 
ment, orientation and wiring of the origi- 
nal. Ground-lead length and arrangement 
should not be changed. Isolation and mag- 
netic shielding can be improved by replac- 
ing solenoid inductors with toroids. If you 
do, however, it is likely that many circuit 
adjustments will be needed to compensate 
for reduced coupling and mutual induc- 
tance. Alignment is usually required 
whenever a tuned-circuit component is 
replaced. 

A transformer consists of two inductors 
that are magnetically coupled. Transform- 
ers are used to change voltage and current 
levels (this changes impedance also). Fail- 
ure usually occurs as an open circuit or 
short circuit of one or more windings. 

Amateur testing of power transformers 
is limited to ohmmeter tests for open cir- 
cuits and voltmeter checks of secondary 
voltage. Make sure that the power-line 
voltage is correct, then check the second- 
ary voltage against that specified. There 
should be less than 10% difference be- 
tween open-circuit and full-load second- 
ary voltage. 

Replacement transformers must match 
the original in voltage, volt-ampere (VA), 
duty cycle and operating-frequency 
ratings. They must also be compatible in 
size. (All transformer windings should be 


Reverse Diode d 


Leakage and 
Zener Test 


Fig 27.24 — A diode conduction, 
leakage and Zener-point test fixture. 
The ammeter should read mA for 
conduction and Zener point, pA for 
leakage tests. 
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insulated for the full power-supply volt- 
age.) 


Relays 


Although relays have been replaced by 
semiconductor switching in low-power 
circuits, they are still used extensively in 
high-power Amateur Radio equipment. 
Relay action may become sluggish. AC 
relays can buzz (with adjustment becom- 
ing impossible). A binding armature or 
weak springs can cause intermittent 
switching. Excessive use or hot switching 
ruins contacts and shortens relay life. 

You can test relays with a voltmeter by 
jumpering across contacts with a test lead 
(power on, in circuit) or with an ohmmeter 
(out of circuit). Look for erratic readings 
across the contacts, open or short circuits 
at contacts or an open circuit at the coil. 

Most failures of simple relays can be 
repaired by a thorough cleaning. Clean the 
contacts and mechanical parts with a resi- 
due-free cleaner. Keep it away from the 
coil and plastic parts that may be damaged. 
Dry the contacts with lint-free paper, such 
as a business card; then burnish them with 
a smooth steel blade. Do not use a file to 
clean contacts. 

Replacement relays should match or 
exceed the original specifications for volt- 
age, current, switching time and stray im- 
pedance (impedance is significant in RF 
circuits only). Many relays used in trans- 
ceivers are specially made for the manu- 
facturer. Substitutes may not be available 
from any other source. 

Before replacing a multicontact relay, 
make a drawing of the relay, its position, 
the leads and their routings through the 
surrounding parts. This drawing allows 
you to complete the installation properly, 
even if you are distracted in the middle of 
the operation. 


Semiconductors 


Diodes 


The primary function of a diode is to 
pass current in one direction only. They 
can be easily tested with an ohmmeter. 

Signal or switching diodes — The most 
common diode in electronics equipment, 
they are used to convert ac to dc, to detect 
RF signals or to take the place of relays to 
switch ac or dc signals within a circuit. 
Signal diodes usually fail open, although 
shorted diodes are not rare. They can eas- 
ily be tested with an ohmmeter. 

Power-rectifier diodes - - Most equip- 
ment contains a power supply, so power- 
rectifier diodes are the second-most com- 
mon diodes in electronic circuitry. They 
usually fail shorted, blowing the power- 
supply fuse. 


Other diodes — Zener diodes are made 
with a predictable reverse-breakdown 
voltage and used as voltage regulators. 
Varactor diodes are specially made for use 
as voltage controlled variable capacitors. 
(Any semiconductor diode may be used as 
a voltage-variable capacitance, but the 
value will not be as predictable as that of 
a varactor.) A Diac is a special-purpose 
diode that passes only pulses of current in 
each direction. 

Diode tests — There are several basic 
tests for most diodes. First, is it a diode? 
Does it conduct in one direction and block 
current flow in the other? An ohmmeter is 
suitable for this test in most cases. An 
ohmmeter will read high resistance in one 
direction, low resistance in the other. 
Make sure the meter uses a voltage of more 
than 0.7 V and less than 1.5 V to measure 
resistance. Use a good diode to determine 
the meter polarity. 

Diodes should be tested out of circuit. 
Disconnect one lead of the diode from the 
circuit, then measure the forward and re- 
verse resistance. Diode quality is shown 
by the ratio of reverse to forward resis- 
tance. A ratio of 100:1 or greater is com- 
mon for signal diodes. The ratio may go as 
low as 10:1 for old power diodes. 

The first test is a forward-resistance 
test. Set the meter to read x100 and con- 
nect the test probes across the diode. When 
the negative terminal of the ohmmeter 
battery is connected to the cathode, the 
meter will typically show about 200 to 
300 Q (forward resistance) for a good sili- 
con diode, 200 to 400 Q for a good germa- 
nium diode. The exact value varies quite a 
bit from one meter to the next. 

Next, test the reverse resistance. Re- 
verse the lead polarity and set the meter to 
X1M (times one million, or the highest 
scale available on the meter) to measure 
diode reverse resistance. Good diodes 
should show 100 to 1000 MQ for silicon 
and 100 kQ to 1 MO for germanium. When 
you are done, mark the meter lead polarity 
for future reference. 

This procedure measures the junction 
resistances at low voltage. It is not useful 
to test Zener diodes. A good Zener diode 
will not conduct in the reverse direction at 
voltages below its rating. 

We can also test diodes by measuring 
the voltage drop across the diode junction 
while the diode is conducting. (A test cir- 
cuit is shown in Fig 27.24.) To test, con- 
nect the diode, adjust the supply voltage 
until the current through the diode matches 
the manufacturer's specification and com- 
pare the junction drop to that specified. 
Silicon junctions usually show about 
0.6 V, while germanium is typically 0.2 V. 
Junction voltage-drop increases with cur- 


rent flow. This test-can be used to match 

diodes with respect to forward resistance 

at a given current level. | 
A final simple diode test measures 


leakage current. Place the diode in the : 


circuit described above, but with reverse 
polarity. Set the specified reverse voltage 
and read the leakage current on a 
milliammeter. (The currents and voltages 
measured in the junction voltage-drop and 
leakage tests vary by several orders of 
magnitude.) 


The most important specification Of a. 


Zener diode is the Zener (or avalanche) 
voltage. The Zener-voltage test also uses 
the circuit of Fig 27.24. Connect the diode 
in reverse. Set the voltage to minimum, 
then gradually increase it. You should read 


low current in the reverse mode, until the . 


Zener point is reached. Once-the device 
begins to conduct in the reverse direction, 
the current should increase dramatically. 
The voltage shown on the voltmeter is the 
Zener point of the diode. If a Zener diode 
has become leaky, it might show in the 
leakage- -current measurement, but substi- 
tution is the only dependable. test. 
Replacement diodes — When a diode 


fails, check associated components as 


well. Replacement rectifier diodes should 
have the same current ahd peak inverse 
voltage (PIV) as the original. Series diode 
combinations are often used in high- -volt- 
age rectifiers, with resistor and capacitor 
networks to distribute the voltage equally 
among the diodes.  ' 

Switching diodes may be replaced with 
diodes that have equal or greater current 
ratings‘and a PIV greater than twice the 
peak-to-peak voltage encountered in the 
circuit. Switching time requirements are 


not critical except in RF, logic and some — 


keying circuits. Logic circuits may require 
exact replacements to assure compatible 
switching speeds and load characteristics. 
RF switching diodes used near resonant 
circuits must have exact replacements as 
the diode resistance and capacitance will 
affect the tuned circuit. 

Voltage, current and capacitance dn 
acteristics must be considered when re- 
placing varactor diodes. Once again, ex- 
act replacements are best. Zener diodes 
should be replaced with paris having the 
same Zener voltage and equal or better 


. current, power, impedance and tolerance 
specifications. Check the associated cur- ` 


rent-limiting resistor when replacing a 
Zener diode. ` 


Bipolar Transistors 


Transistors are primarily used to switch 
or amplify signals. Transistor failures oc- 
cur as an open junction, a shorted junc- 
tion, excess leakage or a change in ampli- 


fication performance. 
Most transistor failure is catastrophic. 
A transistor that has no leakage and ampli- 


fies at dc or audio frequencies will usually 


perform well over its design range. For this 
reason, transistor tests need not bé per- 
formed .at the planned operating fre- 
quency. Tests are made at dc or a low fre- 


'quency (usually 1000 Hz). The circuit 


under repair is the best test of a potential 


replacement part. Swapping in.a replace-. 
ment transistor in a failed circuit will. of- : 


ten result in.a cure. 


` A simple and reliable bipolar- Жашык 


test сап be performed with the transistor in 
acircuit and the power on. It requires a test 
lead, a 10-kQ resistor and a voltmeter. 


Connect the voltmeter across the émitter/ - 


collector leads and read the voltage. Then 
use the test lead to connect the base and 
emitter (Fig 27.25A). Under these con- 
ditions, conduction of ‘a good transistor 
will be cut off and the meter should show 
nearly the entire supply voltage across 
the emitter/collector leads. Next,. remove 


‘the clip lead and connect the 10-kQ re- 


sistor from the base to the collector. 
This should bias the transistor into con- 
duction and the emitter/collector voltage 
should drop (Fig 27.25B). (This test in- 
dicates transistor response to changes in 
bias voltage.) 

_Transistors can be tested (out of circuit) 
with an ohmmeter in the same manner as 
diodes. Look up the device characteristics 
before testing and consider the conse- 
quences of the ohmmeter-transistor cir- 
cuit. Limit junction current to 1 to 5 mA 
for small-signal transistors. Transistor 
destruction or inaccurate measurements 
may result from careless testing. 


Use the x100 Q and x1000-Q ranges for 


smiall- signal transistors. For high-power 
transistors use the x1 Q and x10-Q ranges. 
The reverse-to-forward resistance ratio for 
good transistors may vary from 30:1 to 
better than 1000:1. | 


Germanium transistors sometimes show 


high leakage when tested with ari ohm- 
meter. Bipolar transistor leakage may be 
specified from the collector to the base, 
emitter to base or emitter to collector (with 
the junction reverse biased in all cases). 


- The specification may be identified as 1, 


Tho» collector cutoff current or collector 
leakage for the base-collector junction, 


Teso» and so on for other junctions.? Leak- 


» 


3The term “lebo means “Current from collec- 
tor to base with emitter open." The sub- 
script notation indicates the status of the 
three device terminals. The terminals mea- 
sured are listed first, with the remaining 
terminal listed as "s" (shorted) or “o” 
(open). | 


Troubleshooting and Repair 


Fig 27.25 — An in-circuit 


_ semiconductor test with a clip lead, 


resistor and voltmeter. The meter 
should read V+ at (A). During test (B) 
the meter should show a decrease in : 
voltage, ranging from a slight variation 
down to a few millivolts. It will typically 
cut the voltage to about.half of its 


initial value. 


Fig 27.26 — A test circuit for measuring 
collector-base leakage with the emitter 
shorted to ground, open or connected 
to ground through a variable 
resistance, depending on the setting of 
$1. See the transistor manufacturer's 
instructions for test conditions and the 
setting of R1 (if used). Reverse battery 
polarity for PNP transistors. ` 


age current increases with junction tem- 
perature. - 

A suitable test fixture for base-collector 
leakage measurements is shown in Fig 
27.26. Make the required connections and 
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i 


set the voltage as stated in the transistor 
specifications and compare the measured 
leakage current with that specified. Small- 
signal germanium transistors exhibit I 


cbo 


Fig 27.27 — A test circuit for measuring 
transistor beta. Values for R1 and R2 
are dependent on the current range of 
the transistor tested. Reverse the 
battery polarity for PNP transistors. 


Several MN, Reverse 
Biased (On X1M Range) 


SOURCE 


N—CHANNEL 
JFET 


500—1000 Q, 
Forward Biased 


SOURCE 


N—CHANNEL 
JFET 


Fig 27.28 — Ohmmeter tests of a JFET. 
The junction is reverse biased at A and 
forward biased at B. 
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and І. leakage currents of about 15 pA. 
Leakage increases to 90 HA or more in 
high-power components. Leakage cur- 
rents for silicon transistors are seldom 
more than 1 pA. Leakage current tends to 
double for every 10?C increase above 
25°C. 

Breakdown-voltage tests actually mea- 
sure leakage at a specified voltage, rather 
than true breakdown voltage. Breakdown 
voltage is known as BV,y,, ВУ, or 
ВУ. Use the same test fixture shown for 
leakage tests, adjust the power supply until 
the specified leakage current flows, and 
compare the junction voltage against that 
specified. 

A circuit to measure dc current gain is 
shown in Fig 27.27. Transistor gain can 
range from 10 to over 1000 because it is 
not usually well controlled during manu- 
facture. Gain of the active device is not 
critical in a well-designed transistor cir- 
cuit. 

The test conditions for transistor testing 
are specified by the manufacturer. When 
testing, do not exceed the voltage, current 
(especially in the base circuit) or dissi- 
pated-power rating of the transistor. Make 
sure that the load resistor is capable of 
dissipating the power generated in the test. 

While these simple test circuits will 
identify most transistor problems, RF de- 
vices should be tested at RF. Most compo- 
nent manufacturers include a test-circuit 
schematic on the data sheet. The test cir- 
cuit is usually an RF amplifier that oper- 
ates near the high end of the device fre- 
quency range. 

Semiconductor failure is sometimes the 
result of environmental conditions. Open 
junctions, excess leakage (except with 
germanium transistors) and changes in 
amplification performance result from 
overload or excessive current. Electro- 
static discharge can destroy a semiconduc- 
tor in microseconds. Shorted junctions are 
caused by voltage spikes. Check surround- 
ing parts for the cause of the transistor’s 
demise, and correct the problem before 
installing a replacement. 


JFETs 


Junction FETs can be tested with an 
ohmmeter in much the same way as bipo- 
lar transistors (see text and Fig 27.28). 
Reverse leakage should be several meg- 
ohms or more. Forward resistance should 
be 500 to 1000 Q. 


MOSFETs 


MOS (metal-oxide semiconductor) lay- 
ers are extremely fragile. Normal body 
static is enough to damage them. Even 
“gate protected” (a diode is placed across 
the MOS layer to clamp voltage) 


MOSFETs may be destroyed by a few 
volts of static electricity. 

Make sure the power is off, capacitors 
discharged and the leads of aMOSFET are 
shorted together before installing or re- 
moving it from a circuit. Use a voltmeter 
to be sure the chassis is near ground poten- 
tial, then touch the chassis before and dur- 
ing MOSFET installation and removal. 
This assures that there is no difference of 
potential between your body, the chassis 
and the MOSFET leads. Ground the sol- 
dering-iron tip with a clip lead when sol- 
dering MOS devices. The FET source 
should be the first lead connected to and 
the last disconnected from a circuit. The 
insulating layers in MOSFETs prevent 
testing with an ohmmeter. Substitution is 
the only practical means for amateur test- 
ing of MOSFETs. 


FET Considerations 


Replacement FETs should be of the 
same kind as the original part: JFET or 
MOSFET, P-channel or N-channel, en- 
hancement or depletion. Consider the 
breakdown voltage required by the circuit. 
The breakdown voltage should be at least 
two to four times the power-supply and 
signal voltages in amplifiers. Allow for 
transients of ten times the line voltage in 
power supplies. Breakdown voltages are 
usually specified as V(gg)Gss or У ввусро: 

The gate-voltage specification gives the 
gate voltage required to cut off or initiate 
channel current (depending on the mode 
of operation). Gate voltages are usually 
listed as Vgsorr) Vp(pinch off), Утн 
(threshold) or Ip(ON) or Iry. 

Dual-gate MOSFET characteristics are 
more complicated because of the interac- 
tion of the two gates. Cutoff voltage, 
breakdown voltage and gate leakage are 
the important traits of each gate. 


Integrated Circuits 


The basics of integrated circuits are 
covered in earlier chapters of this book. 
Amateurs seldom have the sophisticated 
equipment required to test ICs. Even a 
multitrace ’scope can view only their sim- 
plest functions. We must be content to 
check every other possible cause, and only 
then assume that the problem lies with an 
IC. Experienced troubleshooters will tell 
you that — most of the time anyway — if 
a defective circuit uses an IC, it is the IC 
that is bad. 

Linear ICs — There are two major 
classes of ICs: linear and digital. Linear 
ICs are best replaced with identical units. 
Original equipment manufacturers are the 
best source of a replacement; they are the 
only source with a reason to stockpile 
obsolete or custom-made items. If substi- 


tution of an IC is unavoidable, first try the 
cross-reference guides published by sev- 


eral distributors. You can also look in. 


manufacturers’ databooks and compare 
pinouts and other specifications. 

Digital ICs — Yt is usually not a good 
` idea to substitute digital devices. While it 
may be okay to substitute an 
AB74LSOOYZ from manufacturer “A” 
with a CD74LS00WX from a different 
manufacturer, you will usually not be able 
to replace an LS (low-power Schottky) 
device with an S (Schottky), C (CMOS) or 
any of a number of other families. The 
different families all have different speed, 


current-consumption, input and output. ` 


characteristics. You would have to ana- 
lyze the circuit to determine if you could 
substitute one type for another. The char- 
acteristics of various digital families are 
discussed in the Digital chapter. 


‘Semiconductor Substitution 


In all cases try to obtain exact replace- 
ment semiconductors. Specifications vary 
slightly from one manufacturer to the next. 
Cross-reference equivalents are useful, 
but not infallible. Before using an equiva- 
lent, check the specifications against those 
for the original part. When choosing a re- 
placement, consider: | 


* Is it silicon or germanium? 

* Is ita PNP or an NPN? 

* What are the operating frequency and 
input/output capacitance? 


* How much power does it dissipate (often . 


1 less than Vinay X Imax)?’ 

• Will it fit the original mount? 

* Are there unusual circuit demands (low 
noise and so on)? 

* What is the frequency of operation? 


Remember that cross-reference equiva- 
lents are not guaranteed to work in every 


application. There may be cases where two | 


dissimilar devices have the same part num- 
ber, so it pays to compare the listed re- 
placement specifications with the in- 
tended use. If “the book” says to use a 
diode in place of an RF transistor, it isn’t 
going to work! Derate power specifica- 
tions, as recommended by the manufac- 
turer, for high-temperature operation. 


Tubes 


The most common tube failures in ama- 
teur service are caused by cathode deple- 
tion and gas contamination. Whenever a 
tube is operated, the coating on the cath- 
ode loses some of its ability to produce 
electrons. It is time to replace the tube 


when electron production (cathode cur- ` 


rent, I,) falls to 50 - 60% of that exhibited 
by a new tube. 
Gas contamination in a tube can often 


be identified easily because there may be 
agreenish or whitish-purple glow between 
the elements during operation. (A faint 
deep-purple glow is normal in most tubes.) 
The gas reduces tube resistance and leads 
to runaway plate current evidenced by a 
red glow from the anode, interelectrode 
arcing or ablown power-supply fuse. Less 
common tube failures include an open fila- 
ment, broken envelope and interelectrode 


: shorts. 


The best test of a tube is to substitute a 
new one. Another alternative is a tube 
tester; these are now rare. You can also do 
some limited tests with an ohmmeter. Tube 
tests should be made out of circuit so 
circuit resistance does not confuse the 
results: 


Use an ohmmeter to check for an open - 


filament (remove the tube from the circuit 
first). A broken envelope is visually ob- 
vious, although a cracked envelope may 
appear as a gassy tube. Interelectrode 
shorts are evident during voltage checks 
on the operating stage. Any two ele- 
ments that show the same voltage are prob- 
ably shorted. (Remember that some 
interelectrode shorts, such as the cathode- 
suppressor grid, are normal.) 

Generally, a tube may be replaced with 
another that has the same type number. 
Compare the data sheets of similar tubes 
to assess their compatibility. Consider the 
base configuration and pinout, inter- 
electrode capacitances (a small variation 


‘is okay except for tubes in oscillator 
service), dissipated power ratings of the . 


plate and screen grid and current limita- 
tions (both peak and average). For ex- 
ample, the 6146A may be replaced with a 
6146B (heavy duty), but not vice versa. 


In some cases, minor type-number dif- 


ferences signify differences in filament 
voltages, or even base styles, so check all 
specifications before making a replace- 
ment. (Even tubes of the same model num- 
ber, prefix and suffix vary slightly, in 
some respects, from one supplier to the 
next.) 


AFTER THE REPAIRS 


Once you have completed your trouble-. 


shooting and repairs, it is time to put the 


equipment back together. Take a little . 
‘extra time to make sure you have done 


everything correctly. 


All Units 


Give the entire unit a complete visual 
inspection. Look for any loose ends left 
over from your troubleshooting proce- 
dures — you may have left a few compo- 
nents temporarily soldered in place or 
overlooked some other repair error. Look 
for cold solder joints and signs of damage 


` 
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incurred during the repair. Double check 
the position, leads and polarity of compo- 
nents that were removed or replaced. 
Make sure that all ICs are properly ori- 
ented in their sockets and all of the pins 
are properly inserted in the IC socket or 
printed-circuit board holes. Test fuse con- 
tinuity with an ohmmeter and verify that 


‘the current rating matches the circuit 


specification. 

Look at the position of all of the wires 
and components. Make sure that wires and 
cables will be clear of hot components, 
screw points and other sharp edges. Make 
certain that the wires and components will 
not be in the way when covers are installed 
and the unit is put back together... 

Separate the leads that carry dc, RF, 
input and output as much as possible. 
Plug-in circuit boards should be firmly 
seated with screws tightened and lock 
washers installed if so specified. Shields 
and ground straps should be installed just 
as they were on the original. 


For Transmitters Only 


Since the signal produced by an HF 
transmitter can be heard the world over, a 
thorough check is necessary after any ser- 
vice has been performed. Do not exceed 
the transmitter duty cycle while testing. 
Limit transmissions to 10 to 20 seconds 
unless otherwise specified by the owner’s 
manual. 

1. Set all controls as Specified in the 
operation manual, or at midscale. 

2. Connect a dummy load and a power 
meter to the transmitter output. 

3. Set the drive or carrier control for 
low output. 

4. Switch the power on. 

5. Transmit and quickly set the final- 
amplifier bias to specifications. 

6.. In narrowband equipment, slowly 
tune the output network through reso- 
nance. The current dip should be smooth 
and repeatable. It should occur simulta- 


. neously with the maximum power output. 


Any sudden jumps or wiggles of the cur- 
rent meter indicate that the amplifier is 
unstable. Adjust the neutralization circuit 
(according to the manufacturer's instruc- 
tions) if one is present or check for oscil- 
lation. An amplifier usually requires neu- 


tralization whenever active devices, 


components or lead dress (that affect the 
output/input capacitance) are changed. 
7. Check to see that the output power is 
consistent with the amplifier class used in 
the PA (efficiency should be about 2596 


. for Class A, 50 to 6096 for Class AB or B, 


and 70 to 75% for Class C). 

8. Repeat steps 4 through 6 for each 
band of operation from lowest to highest 
frequency. 
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9. Check the carrier balance (in SSB 
transmitters only) and adjust for minimum 
power output with maximum RF drive and 
no microphone gain. 

10. Adjust the VOX controls. 

11. Measure the passband and distor- 
tion levels if equipment (wideband ’scope 
or spectrum analyzer) is available. 


Other Repaired Circuits 


After the preliminary checks, set the 
circuit controls per the manufacturer’s 
specifications (or to midrange if specifi- 
cations are not available) and switch the 
power on. Watch and smell for smoke, and 
listen for odd sounds such as arcing or 
hum. Operate the circuit for a few min- 
utes, consistent with allowable duty cycle. 
Verify that all operating controls function 
properly. 

Check for intermittent connections by 
subjecting the circuit to heat, cold and 
slight flexure. Also, tap or jiggle the chas- 
sis lightly with an alignment tool or other 
insulator. 

If the equipment is meant for mobile or 
portable service, operate it through an 
appropriate temperature range. Many mo- 
bile radios do not work on cold mornings, 
or on hot afternoons, because a tempera- 
ture-dependent intermittent was not found 
during repairs. 


Button It Up 


After you are convinced that you have 
repaired the circuit properly, put it all back 
together. If you followed the advice in this 
book, you have all the screws and assorted 
doodads in a secure container. Look at the 
notes you took while taking it apart; put it 
back together in the reverse order. Don’t 
forget to reconnect all internal connec- 
tions, such as ac-power, speaker or an- 
tenna leads. 

Once the case is closed, and all appears 
well, don’t neglect the final, important 
step — make sure it still works. Many an 
experienced technician has forgotten this 
important step, only to discover that some 


Fig 27.29 — Ship equipment packed 
securely in a box within a box. 
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minor error, such as a forgotten antenna 
connector, has left the equipment non- 
functional. 


PROFESSIONAL REPAIRS 


This chapter does not tell you how to 
perform all repairs. Repairs that deal with 
very complex and temperamental circuits, 
or that require sophisticated test equip- 
ment, should be passed on to a profes- 
sional. 

The factory authorized service person- 
nel have a lot of experience. What seems 
like a servicing nightmare to you is old hat 
to them. There is no one better qualified to 
service your equipment than the factory. 

If the manufacturer is no longer in busi- 
ness, check with your local dealer or look 
in the classified ads in electronics and 
Amateur Radio magazines. You can usu- 
ally find one or more companies that ser- 
vice “all makes and models.” Your local 
TV shop might be willing to tackle a re- 
pair, especially if you have located a 
schematic. 

If you are going to ship your equipment 
somewhere for repair, notify the repair 
center first. Get authorization for shipping 
and an identification name or number for 
the package. 


Packing It Up 


You can always blame shipping dam- 
age on the shipper, but it is a lot easier for 
all concerned if you package your equip- 
ment properly for shipping in the first 
place. Firmly secure all heavy compo- 
nents, either by tying them down or block- 
ing them off with shipping foam. Large 
vacuum tubes should be wrapped in pack- 
ing material or shipped separately. Make 
sure that all circuit boards and parts are 
firmly attached. 

Use a box within a box for shipping. 
(See Fig 27.29.) Place the equipment and 
some packing material inside a box and 
seal it with tape. Place that box inside 
another that is at least six inches larger in 
each dimension. Fill the gap with packing 
material, seal, address and mark the outer 
box. Choose a good freight carrier and 
insure the package. 

Don’t forget to enclose a statement of 
the trouble, a short history of operation 
and any test results that may help the ser- 
vice technician. Include a good descrip- 
tion of the things you have tried. Be hon- 
est! At current repair rates you want to tell 
the technician everything to help ensure 
an efficient repair. 

Even if you ended up sending it back to 
the factory, you can feel good about your 
experience. You learned a lot by trying, 


and you have sent it back knowing that it 
really did require the services of a “pro.” 
Each time you troubleshoot and repair a 
piece of electronic circuitry, you learn 
something new. The down side is that you 
may develop a reputation as a real elec- 
tronics whiz. You may find yourself 
spending a lot of time at club meetings 
offering advice, or getting invited over to 
a lot of shacks for a late-evening pizza 
snack. There are worse fates. 


References 


J. Bartlett, “Calculating Component Values,” 
QST, Nov 1978. 

J.Carr, How to Troubleshoot and Repair 
Amateur Radio Equipment, Blue Ridge 
Summit, PA: TAB Books Inc, 1980. 

D. DeMaw, “Understanding Coils and Mea- 
suring their Inductance,” QST, Oct 1983. 
H. Gibson, Test Equipment for the Radio 
Amateur, London, England: Radio Society 

of Great Britain, 1974. 

C. Gilmore, Understanding and Using Mod- 
ern Electronic Servicing Test Equipment, 
TAB Books, Inc, 1976. 

F. Glass, Owner Repair of Amateur Radio 
Equipment, Los Gatos, CA: RQ Service 
Center, 1978. 

R. Goodman, Practical Troubleshooting with 
the Modern Oscilloscope, TAB Books, Inc, 
1979. 

A. Haas, Oscilloscope Techniques, New 
York: Gernsback Library, Inc, 1958. 

C. Hallmark, Understanding and Using the 
Oscilloscope, TAB Books, Inc, 1973. 

A. Helfrick, Amateur Radio Equipment Fun- 
damentals, Englewood Cliffs, NJ: Prentice- 
Hall Inc, 1982. 

K. Henney, and C. Walsh, Electronic Compo- 
nents Handbook, New York: McGraw-Hill 
Book Company, 1957. 

L. Klein, and K. Gilmore, /t's Easy to Use 
Electronic Test Equipment, New York: 
John R. Rider Publisher, Inc (A division of 
Hayden Publishing Company), 1962. 

J. Lenk, Handbook of Electronic Test Proce- 
dures, Prentice-Hall, Inc 1982. 

G. Loveday, and A. Seidman, Troubleshoot- 
ing Solid-State Circuits, New York: John 
Wiley and Sons, 1981. 

A. Margolis, Modern Radio Repair Tech- 
niques, TAB Books Inc, 1971. 

H. Neben, “An Ohmmeter with a Linear 
Scale,” QST, Nov 1982. 

H. Neben, “A Simple Capacitance Meter You 
Can Build,” QST, Jan 1983. 

F. Noble, “A Simple LC Meter,” QST, Feb 
1983. 

J. Priedigkeit, “Measuring Inductance and 
Capacitance with a Reflection-Coefficient 
Bridge,” QST, May 1982. 

Н. Sartori, “Solid Tubes — A New Life for Old 
Designs,” QST, Apr 1977; “Questions on 
Solid Tubes Answered,” Technical Corre- 
spondence, QST, Sep 1977. 

B. Wedlock, and J. Roberge, Electronic Com- 
ponents and Measurements, Prentice- 
Hall, Inc, 1969. 

“Some Basics of Equipment Servicing,” 
series, QST, Dec 1981-Mar 1982; Feed- 
back May 1982. 


Electromagnef 


THE SCOPE OF THE PROBLEM 


s our lives become filled with 
technology, the likelihood of 

electronic interference increases. 
Every lamp dimmer, garage-door opener 
or other new technical “toy” contributes 
to the electrical noise around us. Many of 
these devices also “listen” to that growing 
noise and may react unpredictably to their 
electronic neighbors. 

Sooner or later, nearly every Amateur 
Radio operator will have a problem with 
interference. Most cases of interference 
can be cured! The proper use of “diplo- 
macy” skills and standard cures will usu- 
ally solve the problem. 

This chapter, by Ed Hare, КАІСУ, is 
only an overview. The ARRL RFI book, 
Radio Frequency Interference: How to 
Find It and Fix It contains detailed infor- 
mation on the causes of and cures for 
nearly every type of interference prob- 
lem.! 


Important Terms 


Bypass capacitor — a capacitor used 
to provide a low-impedance radio-fre- 
quency path around a circuit element. 

Common-mode signals — signals that 
are in phase on both (or several) conduc- 
tors in a system. 

Conducted signals — signals that 
travel by electron flow in a wire or other 
conductor. 

Decibel (dB) — a logarithmic unit of 
relative power measurement that ex- 


'Radio Frequency Interference — How to 
Find It and Fix It, ISBN 0-87259-375-4, 
ARRL Order no. 3754, available from 
ARRL Publication Sales Department or 
your local Amateur Radio equipment 
dealer. 


presses the ratio of two power levels. 

Differential-mode signals — Signals 
that arrive on two or more conductors such 
that there is a 180? phase difference be- 
tween the signals on some of the conduc- 
tors. 

Electromagnetic compatibility (EMC) 
— the ability of electronic equipment to 
be operated without performance degra- 
dation from interference. 

Electromagnetic interference (EMD 
— any electrical disturbance that inter- 
feres with the normal operation of elec- 
tronic equipment. 

Emission — electromagnetic energy 
propagated from a source by radiation. 

Filter — a network of resistors, induc- 
tors and/or capacitors that offer little re- 
sistance to certain frequencies while 
blocking or attenuating other frequencies. 

Fundamental overload — interference 
resulting from the fundamental signal of a 
radio transmitter. 

Ground — a low-impedance electrical 
connection to the earth. Also, a common 
reference point in electronic circuits. 

Harmonics — signals at exact mul- 
tiples of the operating (or fundamental) 
frequency. 

High-pass filter — a filter designed to 
pass all frequencies above: a cutoff fre- 
quency, while rejecting frequencies below 
the cutoff frequency. 

Induction — the transfer of electrical 
signals via magnetic coupling. 

Interference — the unwanted interac- 
tion between electronic systems. 

Intermodulation — the undesired mix- 
ing of two or more frequencies in a non- 
linear device, which produces additional 
frequencies. 

Low-pass filter — a filter designed to 
pass all frequencies below a cutoff fre- 
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quency, while rejecting frequencies above 
the cutoff frequency. 

Noise — any signal that interferes with 
the desired signal in electronic communi- 
cations or systems. 

Nonlinear — having an output that is 
not in linear proportion to the input. 

Notch filter — a filter that rejects or 
suppresses a narrow band of frequencies 
within a wider band of frequencies. 

Passband — the band of frequencies 
that a filter conducts with essentially no 
attenuation. 

Radiated emission — radio-frequency 
energy that is coupled between two sys- 
tems by electromagnetic fields. 

Radio-frequency interference (RFI) 
— interference caused by a source of 
radio-frequency signals. This is a subclass 
of EMI. 

Spurious emission — An emission, on 
frequencies outside the necessary band- 
width of a transmission, the level of which 
may be reduced without affecting the in- 
formation being transmitted. 

Susceptibility — the characteristic of 
electronic equipment that permits unde- 
sired responses when subjected to electro- 
magnetic energy. 

TVI — interference to television sys- 
tems. 


Pieces of the Problem 


Every interference problem has two 
components — the equipment that is in- 
volved and the people who use it. A solu- 
tion requires that we deal with both the 
equipment and the people effectively. 

First, define the term "interference" 
without emotion. The ARRL recommends 
that the hams and their neighbors cooper- 
ate to find solutions. This view is shared 
by the FCC. 
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Responsibility 


When an interference problem occurs, 
we may ask "Who is to blame?" The ham 
and the neighbor often have different 
opinions. It is almost natural (but un- 
productive) to fix blame instead of the 
problem. 

No amount of wishful thinking (or de- 
mands for the "other guy" to solve the 
problem) will result in a cure for inter- 
ference. Each individual has a unique 
perspective on the situation, and a differ- 
ent degree of understanding of the per- 
sonal and technical issues involved. On 
the other hand, each person has certain 
responsibilities to the other and should 
be prepared to address those responsibi- 
lities fairly. 


FCC Regulations 


A radio operator is responsible for the 
proper operation of the radio station. This 
responsibility is spelled out clearly in 
Part 97 of the FCC regulations. If inter- 
ference is caused by a spurious emission 
from your station, you must correct the 
problem there. 

Fortunately, most cases of interference 
are not the fault of the transmitting sta- 
tion. Most interference problems involve 
some kind of electrical noise or fundamen- 
tal overload. 


Personal Diplomacy 


What happens when you first talk to 
your neighbor sets the tone for all that 
follows. Any technical solutions cannot 
help if you are not allowed in your 
neighbor's house to explain them! If the 
interference is not caused by spurious 
emissions from your station, however, you 
should be a locator of solutions, not a pro- 
vider of solutions. 

Your neighbor will probably not under- 
stand all of the technical issues — at least 
not at first. Understand that, regardless of 
fault, an interference problem is annoying 
to your neighbor. Let your neighbor know 
that you want to help find a solution and 
that you want to begin by talking things 
over. 

Talk about some of the more important 
technical issues, in nontechnical terms. 
Interference can be caused by unwanted 
signals from your transmitter. Assure 
your neighbor that you will check your 
station thoroughly and correct any 
problems. You should also discuss the 
possible susceptibility of consumer 
equipment. If you have a copy of the 
consumer pamphlet “What to Do If 
You Have an Electronic Interference 
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Problem,” give it to your neighbor.2 
Here is a good analogy: If you tune your 
TV tochannel 3, and see channel 8 instead, 
would you blame channel 8? No. You 
might check another set to see if it has the 
same problem, or call channel 8 to see if 
the station has a problem. If channel 8 was 
operating properly, you would likely de- 
cide that your TV set is broken. Now, if 
you tune your TV to channel 3, and see 
your local shortwave radio station (quite 
possibly Amateur Radio), don’t blame the 
shortwave station without some investiga- 
tion. In fact, many televisions respond to 
strong signals outside the television bands. 
They may be working as designed, but re- 
quire added filters and/or shields to work 
properly near a strong, local RF signal. 
Your neighbor will probably feel much 
better if you explain that you will help find 
a solution, even if the interference is not 
your fault. This offer can change your 
image from neighborhood villain to hero, 
especially if the interference is not caused 
by your station. (This is often the case.) 


PREPARE YOURSELF 


Learn About EMI 


In order to troubleshoot and cure EMI, 
you need to learn more than just the 
basics. This is especially important when 
dealing with your neighbor. If you visit 
your neighbor’s house and try a few dozen 
things that don’t work (or make things 
worse), your neighbor may lose confi- 
dence in your ability to help cure the prob- 
lem. If that happens, you may be asked to 
leave. 


Local Help 


If you are not an expert (and even ex- 
perts can use moral support), you should 
find some local help. Fortunately, such 
help is often available from your Section 
Technical Coordinator (TC). The TC 
knows of any local RFI committees, and 
may have valuable contacts in the local 
utility companies. Even an expert can 
benefit from a TC’s help. 


2The ARRL “EMI/RFI Package” contains 
additional information about EMI, a list of 
EMI-filter sources, EMl-resistant tele- 
phones, telephone-company contacts and 
a pamphlet that explains interference in 
nontechnical terms. It is available from the 
ARRL Technical Department Secretary. 
Send a 9x12-inch SASE with three units of 
First-class postage and a specific request 
for the “EMI/RFI Package." 


The easiest way to find your TC is 
through your ARRL Section Manager 
(SM). There is alistof ARRL Officers and 
SMs on page 8 of any recent QST. Contact 
your SM through the address or telephone 
number listed. He or she can quickly put 
you in contact with the best source of 
local help. 

Even if you can't secure the help of a 
local expert, a second ham can be a valu- 
able asset. Often a second party can help 
defuse any hostility. It is also helpful to 
have someone to operate your station 
while you and your neighbor run through 
troubleshooting steps and try various 
cures. 


Prepare Your Home 


The first step toward curing an inter- 
ference problem is to make sure your own 
signal is clean. You must eliminate all 
interference in your own house to be sure 
you are not causing the interference! This 
is also a valuable troubleshooting tool: If 
you know your station is clean, you have 
cut the size of the problem in half! If the 
FCC ever gets involved, you can demon- 
strate that you are not interfering with your 
own equipment. 

Apply EMIcures to your own consumer 
electronics equipment. When your neigh- 
bor sees your equipment working well, it 
demonstrates that filters work and cause 
no harm. 

To clean up your station, clean up the 
mess! A rat's nest of wires, unsoldered 
connections and so on in your station can 
contribute to EMI. To help build a better 
relationship, you may want to show your 
station to your neighbor. A clean station 
looks professional; it inspires confidence 
in your ability to solve the EMI problem. 

Install a transmit filter (low-pass or 
band-pass) and a reasonable station 
ground. (If the FCC becomes involved, 
they will ask you about both items.) Show 
your neighbor that you have installed the 
necessary filter on your transmitter and 
explain that if there is still interference, it 
is necessary to try filters on the neighbor's 
equipment, too. 

Operating practices and station-design 
considerations can affect EMI. Don't 
overdrive a transmitter or amplifier; that 
can increase its harmonic output. You can 
take steps to reduce the strength of your 
signal atthe victim equipment. This might 
include reducing transmit power. Locate 
the antenna as far as possible from suscep- 
tible equipment or its wiring (ac line, tele- 
phone, cable TV). Antenna orientation 


Table 28.1 
EMI Survival Kit 


Literature: 
• The ARRL Handbook 


* Radio Frequency Interference — How to Find It and Fix It ` 
* “What To Do If You Have an Electronic Interference Problem: (the consumer 


, pamphlet) ` 
* The ARRL “EMI/RFI Package" 


* The ARRL “EMI/RFI — Telephone" information package 


Filters: 


' (2) 300-0 high-pass filter (different brands recommended) 


(2) 75-Q high-pass filter (different brands recommended) 


(2) Commercially available common-mode chokes 
(12) Assorted ferrite cores: 43, 63 and 75 material, FT-140 and FT-240 size 
(3) Telephone RFI filters (different brands recommended)»: 


(2) Brute-force ac line filters 

(6) 0.01t-uF ceramic capacitors 
(6) 0.001-uF ceramic capacitors 
(2) Speaker-lead filters 


Miscellaneous: 


Ы 


• Hand tools, assorted screwdrivers, wire cutters, pliers 


* Hookup wire 
Electrical tape 


* Soldering iron and solder ГРА with. caution) 
* Assorted lengths 75-Q coaxial cable with. connectors 


* Spare F connectors, male 
* F-connector female-female "barrel" 


_ * Alligator clips E | 5 


* Notebook and pencil 
* Portable multimeter 


may be important. For'example, if your 
НЕ dipole at 30 ft is coupling into the 
neighbor's overhead cable-TV drop, that 
coupling could be reduced 20 dB by chang- 
ing to a vertical antenna — even more by 
orienting the antenna so that the drop is off 
its end. Try different modes; CW or FM 
usually do not generate nearly as much 
telephone interference as AM or SSB, for 
example. 


Call Your. Neighbor 


Now that you have learned more about 
EMI, located some local help (we’ll as- 
sume it’s the TC) and done all of your 
homework, make contact with your neigh- 
bor. First, arrange an appointment conve- 
nient for you, the TC and your neighbor. 
After you introduce the TC, allow him or 


EMC Fundamentals 


Knowledge is one of the most valuable 


tools for solving EMI problems. A suc- 


cessful EMI cure usually requires famil- : 
iarity with the relevant technology and 


troubleshooting procedures. 


SOURCE-PATH-VICTIM 
All cases of EMI involve a source of 


, 


` computing devices, 
lightning and other natural sources. 


x 


her to explain the issues to your neighbor. . 


Your TC will be able to answer most ques- 


: tions, but be prepared to assist with sup- 
port and additional information as re-. 


quired. 
Invite the neighbor to visit your station. 
Show your neighbor some of the things 


. you do with your radio equipment. Point . 


out any test equipment you use to keep 
your station in good working order. Of 
course, you want to show the filters you 
have installed on your transmitter. 

_ Next, have the TC operate your station 
on several different bands. Show your 
neighbor that your home electronics 
equipment is working properly while your 
'station is in operation. Point out the filters 


you have installed to correct any suscepti- ` 
bility problems. | 


electromagnetic energy, a device that 
responds to this electromagnetic energy . 
(victim) and a transmission path that 


allows energy to flow from the source 


to the victim. Sources include radio 


transmitters, receiver local oscillators, 
electrical noise, 


š | Electromagnetic Interference (EMI) 


Warning: Performing 
Repairs | 
You are the best judge of a local 
_situation, but the ARRL strongly 
recommends that you do not work 
on your neighbor's equipment. The 
minute you take the back off a TV 
or open up a telephone, you may 
become liable for problems. 
Internal modifications to your 
neighbor's equipment may cure the 
interference problem, but months 
later, when that 25-year-old clunker 
gives up the ghost, you may be 
held to blame. In many states, it is 
illegal for you to do any work on 
electronic equipment other than 
your own. — Ed Hare, KA1CV, 
ARRL Laboratory Supervisor 


: At this point, tell your neighbor that the 


‘next step is to try some of these cures on 


his or her equipment. This is a good time 
to emphasize that the problem is probably 
not your fault; but that you and the TC will 
try to help find a solution anyway. 

Table 28.1 is a list of the things needed 
to troubleshoot and solve most EMI prob- ` 
lems. Decide ahead of time which of these 


“items are needed and take them with you. 


At Your Neighbor's Home 


You and the TC should now visit the 
neighbor's home. Inspect the equipment . 
installation and ask when the interference 
occurs, what equipment is involved and 
what frequencies or channels are affected. 
The answers are valuable clues. Next, 
either you or the TC should operate your 
station while the other observes the ef- 
fects. Try all bands and modes that you ' 
use. Ask the neighbor to demonstrate the ` 
problem. 

The tests may show that your station 
isn’tinvolved at all. You may immediately 
recognize electrical noise or some kind of 
equipment malfunction. If so, explain your 
findings to the neighbor and suggest that 
he or she contact appropriate service 


personnel. 


There are three ways that EMI can travel 
from the source to the victim: radiation, 
conduction and induction. Radiated EMI 
propagates by electromagnetic radiation - 
from the source, through space to the 
victim. A conducted signal travels over 
wires connected to the source and the · 
victim. Induction occurs when two circuits 
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Susceptible 
Equipment 


No Signal 
on Earth 
Ground 


Susceptible 
Equipment 


Return Path 
is via the 
{ Earth Ground 


Two- Wire Pair 
or Coaxial Cable 


Two-Wire Pair 
or Cooxial Cable 


Fig 28.1 — A shows a differential-mode, while B shows a common-mode signal. 
The two kinds of signals are described In the text. 


are magnetically coupled. Most EMI oc- 
curs via conduction, or some combination 
of radiation and conduction. For example, 
a signal is radiated by the source and 
picked up by a conductor attached to the 
victim (or directly by the victim’s cir- 
cuitry) and is then conducted into the vic- 
tim. EMI from induction is rare. 


DIFFERENTIAL VS COMMON- 
MODE 


It is important to understand the differ- 
ences between differential-mode and 
common-mode conducted signals (see 
Fig 28.1). Each of these conduction modes 
requires different EMI cures. Differen- 
tial-mode cures, (the typical high-pass 
filter, for example) do not attenuate com- 
mon-mode signals. On the other hand, a 
typical common-mode choke does not af- 
fect interference resulting from a differ- 
ential-mode signal. 

Differential-mode currents usually have 
two easily identified conductors. In a two- 
wire transmission line, for example, the 
signalleaves the generator on one line and 
returns on the other. When the two con- 
ductors are in close proximity, they form 
a transmission line and there is a 180? 
phase difference between their respective 
signals. It's relatively simple to build a 
filter that passes desired signals and shunts 
unwanted signals to the return line. Most 
desired signals, such as the TV signal in- 
side a coaxial cable are differential-mode 
signals. 

In a common-mode circuit, many wires 
of a multiwire system act as if they were а 
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single wire. The result can be a good an- 
tenna, either as a radiator or as a receptor 
of unwanted energy. The return path is 
usually earth ground. Since the source and 
return conductors are usually well sepa- 
rated, there is no reliable phase difference 
between the conductors and no convenient 
place to shunt unwanted signals. Toroid 
chokes are the answer to common-mode 
interference. (The following explanation 
applies to rod cores as well as toroids, but 
since rod cores may couple into nearby 
circuits, use them only as a last resort.) 

Toroids work differently, but equally 
well, with coaxial cable and paired con- 
ductors. A common-mode signal on a co- 
axial cable is usually a signal that is 
present on the outside of the cable shield. 
When we wrap the cable around a ferrite- 
toroid core the choke appears as a reac- 
tance in series with the outside of the 
shield, but it has no effect on signals inside 
the cable because their field is (ideally) 
confined inside the shield. With paired 
conductors such as zip-cord, signals with 
opposite phase set up magnetic fluxes of 
opposite phase in the core. These “differ- 
ential" fluxes cancel each other, and there 
is no net reactance for the differential sig- 
nal. To common-mode signals, however, 
the choke appears as a reactance in series 
with the line. 

Toroid chokes work less well with 
single-conductor leads. Because there is 
no return current to set up a canceling flux, 
the choke appears as a reactance in series 
with both the desired and undesired 
signals. 


SOURCES OF EMI 


The basic causes of EMI can be grouped 
into several categories: 


* Fundamental overload effects 

* External noise 

* Spurious emissions from a transmitter 

* Intermodulation distortion or other ex- 
ternal spurious signals 


As an EMI troubleshooter, you must 
determine which of these are involved in 
your interference problem. Once you do, 
it is easy to select the necessary cure. 


Fundamental Overload 


Most cases of interference are caused 
by fundamental overload. The world is 
filled with RF signals. Properly designed 
equipment should be able to select the 
desired signal, while rejecting all others. 
Unfortunately, because of design deficien- 
cies such as inadequate shields or filters, 
some equipment is unable to reject strong 
out-of-band signals. 

A strong fundamental signal can enter 
equipment in several different ways. Most 
commonly, it is conducted into the equip- 
ment by wires connected to it. Possible 
conductors include antennas and feed 
lines, interconnecting cables, power lines 
and ground wires. TV antennas and feed 
lines, telephone or speaker wiring and ac 
power leads are the most common points 
of entry. 

The effect of an interfering signal is 
directly related to its strength. The 
strength of a radiated signal diminishes 
with the square of the distance from the 
source: When the distance from the source 
doubles, the strength of the electromag- 
netic field decreases to one-fourth of its 
strength at the original distance from the 
source. This characteristic can often be 
used to help solve EMI cases. You can 
often make a significant improvement by 
moving the victim equipment and the an- 
tenna farther away from each other. 


External Noise 


Most cases of interference reported to 
the FCC involve some sort of external 
noise source. The most common of these 
noise sources are electrical. External 
“noise” can also come from transmitters 
or from unlicensed RF sources such as 
computers, video games, electronic mice 
repellers and the like. 

Electrical noise is fairly easy to identify 
by looking at the picture of a susceptible 
TV or listening on an HF receiver. A photo 
of electrical noise on a TV screen is shown 
in the TVI section of this chapter. On a 
receiver, it usually sounds like a buzz, 
sometimes changing in intensity as the arc 
or spark sputters a bit. If you determine 


the problem to be caused by external noise, 
it must be cured at the source: Refer to the 
Electrical Noise section of this chapter: and 
the ARRL RFI book. : 


Spurious Emissions 


All transmitters generate some (hope- 
fully few) RF signals that are outside their 
allocated frequency bands. Thèse out-of- 
band signals are called spurious emis- 
‘sions, or spurs. Spurious emissions can be 
discrete signals or wideband noise. Har- 


monics, the most common spurious emis-, 


sions, are signals at exact multiples of the 


operating (or fundamental) frequency.: 


Other discrete spurious signals are usually 
caused by the superheterodyne mixing 
process used in most modern transmitters. 
Fig 28.2 shows the spectral output of 
a transmitter, including harmonics and 
mixing products. ; 

Transmitters may also produce broad- 
band noise and/or “parasitic” oscillations. 


(Parasitic oscillations are discussed in ће 


Amplifiers chapter.) If these unwanted 
‘signals cause interference to another radio 
service, FCC regulations require the 
owner to correct the problem. 


Troubleshooting EMI 


Most EMI cases are complex. They in- 
volve a source, a path and a victim. Each 
of these main components has a number of 
variables: Is the problem caused by har- 
monics, fundamental overload, conducted 
emissions, radiated emissions or a combi- 
nation of all of these factors? Should it be 
. fixed with a low-pass filter, high-pass fil- 
ter, common-mode chokes or ac-line fil- 
ter? How about shielding, isolation trans- 
formers, a different ground or antenna 
configuration? 

By the time you finish with these ques- 
tions, the possibilities could number in the 
millions. You probably will not see your 
exact problem and cure listed in this book 
or any other. You must diagnose the 
problem! 

Troubleshooting an EMI Problemi is a 
three-step process, and all three steps are 
equally important: 


* Identify the problem 


Cures 


At Your Station — Make sure that your 
own station and consumer equipment are 
clean. This cuts the size of the problém in 


half! Once this is done, you won't need to: 


diagnose or troubleshoot your station later. 
‘Also, any cures successful at your house 
may work at your neighbor's as well. If 
you do have problems in your own house, 
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Sweep: О to 50 MHz (CF = 25 MHz, 5 MHz/div) 
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Fig 28.2 — The spectral output of a typical amateur transmitter. The fundamental is 
at 7 MHz. There are visible harmonics at 14, 21 and 28 MHz. Unlabeled lines are 
nonharnionic spurious emissions. This transmitter complies with the stringent 
FCC spectral-purity regulations regarding amateur transmitters with less than 5 W 


of RF output. 


г 


,* Diagnose the problem 
* Cure the problem. - 


IDENTIFY THE PROBLEM 


Is It Really EMI? — Before trying to 
solve a suspected case of EMI, verify that 
the symptoms actually result from exter- 
nal causes. A variety of equipment mal- 
functions or external noise can look like 
interference. “Your” EMI problem might 
be caused by another ham or a radio trans- 
mitter of another radio service, such as a 
local CB or police transmitter. 

Is It Your Station? — If it appears that 
your státion is involved, operate your sta- 
tion on each band, mode and power level 
that you use. Note all conditions that pro- 
duce interference. If no transmissions pro- 


duce the problem, your station may not be | 


the cause. (Although some contributing 
factor may have been missing in the test.) 
Have your neighbor keep notes of when 
and how the interference appears: what 
time of day, what station, what other ap- 
pliances were in use, what was the 
weather? You should do the same when- 
ever you operate. If you can readily repro- 
duce the problem with your station, you 


refer first to the Transmitter section of this 


- chapter, or continue through the trouble- 


shooting steps and. specific cures and take 
care of your own problem first. 
Simplify the Problem — Don't tackle a 
-complex system — such as a telephone 
system in which there are two lines running 


to 14 rooms — all at once. You could spend 
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can start to troubleshoot the problem. 


5 DIAGNOSE THE PROBLEM 


Look Around — Aside from the brain, 
eyes are a troubleshooter’s best tool. Look 
around. Installation defects contribute to 
many EMI problems. Look for loose cori- 
nections, shield breaks in a cable-TV in- 

_Stallation or corroded. contacts in a tele- 
phone installation. Fix these first. 

Problems that occur only on harmonics 
of the fundamental signal usually indicate 
the transmitter. Harmonics can also be gen- 
erated in nearby semiconductors, such as 
an unpowered VHF receiver left connected 
to an antenna, or a corroded connection in 
a tower guy wire. Harmonics can also be 
generated in the front-end components of 
the TV or radio experiencing interference. 

Is the wiring connected to the victim 
equipment resonant on one or more ama- 
teur bands? If so, a common-mode choke 
placed at the middle of the wiring may be 
an easy cure. ] 

These are only a few of the questions 
you might need to ask. Any information 
you gain about the systems involved will 
help find the EMI cause and cure. 


the rest of your life running in circles and 
never find the true cause of the problem. 
There’s a better way. In our hypothetical 
telephone system, first locate the tele- 
phone jack closest to the telephone ser- 
vice entrance. Disconnect the lines to more 
remote jacks and connect one EMI- 
resistant telephone at the remaining jack. 
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Fig 28.3 — An example of a low-pass 
filter response curve. 
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Fig 28.5 — An example of a high-pass 
filter response curve. 


If the interference remains, try cures until 
the problem is solved, then start adding 
lines and equipment back one at a time, 
fixing the problems as you go along. If 
you are lucky, you will solve all of the 
problems in one pass. If not, at least you 
can point to one piece of equipment as the 
source of the problem. 

Multiple Causes — Many EMI prob- 
lems have multiple causes. These are usu- 
ally the ones that give new EMI trouble- 
shooters the most trouble. If, for example, 
a TVI problem is caused by harmonics 
from the transmitter, an arc in the trans- 
mitting antenna, an overloaded TV 
preamp, differential-mode fundamental 
overload generating harmonics in the TV 
tuner, induced and conducted RF in the 
ac-power system and a common-mode sig- 
nal picked up on the shield of the TV's 
coaxial feed line, you would never find a 
cure by trying only one at a time! 

In this case, the solution requires that 
you apply all of the cures at the same time. 
When troubleshooting, if you try a cure, 
leave it in place. When you finally try a 
cure that really works, start removing the 
"temporary" attempts one at a time. If the 
interference returns, you know that there 
were multiple causes. 


OVERVIEW OF TECHNIQUES 
Shields 


Shields are used to set boundaries for 
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Fig 28.4 — A low-pass filter for amateur transmitting use. Complete construction 
information appears in the Transmitters chapter of the ARRL RFI book. 


75 0 
Coaxial Cable 
to Antenna 


Z=75 0 
to TV Set 


Fig 28.6 — A differential-mode high-pass filter for 75-Q coax. It rejects HF signals 
picked up by a TV antenna or that leak into a cable-TV system. It is ineffective 
against common-mode signals. All capacitors are high-stability, low-loss, NPO 
ceramic discs. Values are in pF. The inductors are all #24 enameled wire on T-44-0 
toroid cores. L4 and L6 are each 12 turns (0.157 uH). L5 is 11 turns (0.135 рн). 


radiated energy. Thin conductive films, 
copper braid and sheet metal are the most 
common shield materials. Maximum 
shield effectiveness usually requires solid 
sheet metal that completely encloses the 
source or susceptible circuitry or equip- 
ment. Small discontinuities, such as holes 
or seams, decrease shield effectiveness. 


Filters 


A major means of separating signals 
relies on their frequency differences. Fil- 
ters offer little opposition to certain fre- 
quencies while blocking others. Filters 
vary in attenuation characteristics, fre- 
quency characteristics and power-han- 
dling capabilities. The names given to 
various filters are based on their uses. 

Low-pass filters pass frequencies below 
some cutoff frequency, while attenuating 
frequencies above that cutoff frequency. 
A typical low-pass filter curve is shown in 
Fig 28.3. A schematic is shown in Fig 
28.4. These filters are difficult to construct 
properly so you should buy one. Many 
retail Amateur Radio stores that advertise 
in QST stock low-pass filters. 

High-pass filters pass frequencies 
above some cutoff frequency while attenu- 
ating frequencies below that cutoff fre- 
quency. A typical high-pass filter curve is 
shown in Fig 28.5. Fig 28.6 shows a sche- 
matic of a typical high-pass filter. Again, 
it is best to buy one of the commercially 
available filters. 


to 
0.0047 uF i 
125 V AC Equipment 


(4 places) 


Fig 28.7 — A “brute-force” ac-line filter. 


Bypass capacitors can be used to cure 
EMI problems. A bypass capacitor is usu- 
ally placed between a signal or power lead 
and circuit ground. It provides a low- 
impedance path to ground for RF signals. 
Bypass capacitors for HF signals are usu- 
ally 0.01 uF, while VHF bypass capaci- 
tors are usually 0.001 uF. 

AC-line filters, sometimes called 
“brute-force” filters, are used to filter RF 
energy frorn power lines. A schematic is 
shown in Fig 28.7. Use ac-rated compo- 
nents as specified. We strongly recom- 
mend UL-listed, commercially made ac- 
line filters; the ac-power lines are no place 
for home-brew experimentation. 


Common-Mode Chokes 


Common-mode chokes may be the best- 
kept secret in Amateur Radio. The differ- 
ential-mode filters described earlier are 


Warning: Surplus Toroidal 
Cores 


Don’t use an unknown core or an 
old TV yoke core to make a 
common-mode choke. Such cores 
may not be suitable for the 
frequency you want to remove. If 
you try one of these “unknowns” 
and it doesn’t work, you may 
incorrectly conclude that a common- 
mode choke won't help. Perhaps 
the correct material would have 
done the job. 

Ferrite beads are also used for 
EMI control, both as common-mode 
chokes and low-pass filters. It takes 
quite a few beads to be effective at 
the lower end of the HF range, 
though. It is usually better to form a 
common-mode choke by wrapping 
about 10 to 20 turns of wire or 
coaxial cable around an FT-140 
(1.4-inch OD) or FT-240 (2.4-inch 
OD) core of the correct material. 
Mix 43 is a good material for most 
of the HF and VHF ranges. — Ed 
Hare, KA1CV, ARAL Laboratory 
Supervisor 


Fig 28.8 — Several styles of common- 
mode chokes. 
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Fig 28.10 — A shows a stereo system grounded as an undesirable “ground 
loop.” B is the proper way to ground a multiple-component system. 


not effective against common-mode sig- 
nals. To eliminate common-mode signals 
properly, you need common-mode chokes. 
They may help nearly any interference 
problem, from cable TV to telephones to 
audio interference caused by RF picked 
up on speaker leads. 

Common-mode chokes usually have 
ferrite core materials. These materials are 
well suited to attenuate common-mode 
currents. Several kinds of common-mode 
chokes are shown in Fig 28.8. 

The optimum size and ferrite material 
are determined by the application and fre- 
quency. For example, an ac cord with a 
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Fig 28.9 — Impedance vs frequency plots for “101” size ferrite beads. 
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plug attached cannot be easily wrapped on 
a small ferrite core. The characteristics of 
ferrite materials vary with frequericy, as 
shown by the graph in Fig 28.9. 


Grounds 


An electrical ground is not a huge sink 
that somehow swallows noise and un- 
wanted signals. Grounding is the estab- 
lishment of an electrically conductive path 
between two electrical systems. Ground is 
a circuit concept, whether that circuit is 
small, like a radio receiver, or large, like 
the propagation path between a transmit- 
ter and a cable TV installation via a com- 
mon-mode signal. Think of ground as a 
universal reference. The ideal reference 
point (a zero-impedance, zero-potential 
body) can only be approximated. 

Many amateur stations have several 
grounds: a safety ground that is part of the 
ac-wiring system, another at the antenna 
for lightning protection, another at the 
station for EMI control and so on. These 
grounds can interact in ways that are dif- 
ficult to predict. 

The EMI or station ground is used for: 
1. cable-shield and equipment ground- 

ing, 

2. as an EMI filter reference point and 

3. as a circuit reference point common to 
the various circuits used as station com- 
ponents. 
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Fig 28.11 — When a transmitter is 
located on an upper floor, the ground 
lead may act as an antenna for VHF/ 
UHF energy. Such stations may be 
better off without a normal ground. 


Ground Loops 


All of these station grounds can form a 
large ground loop. This loop can act as a 
large loop antenna, with increased sus- 
ceptibility to lightning or EMI problems. 
Fig 28.10 shows a ground loop and a 
proper single-point ground system. 


When is Ground not a Ground? 


In many stations, it is impossible to 
get a good RF connection to earth 
ground. Most practical installations re- 
quire several feet of wire between the sta- 
tion ground connection and an outside 
ground rod. Many troublesome harmon- 
ics are in the VHF range. At VHF, a 
ground wire length can be several wave- 
lengths long — a very effective long-wire 
antenna! Any VHF signals that are put on 
that ground wire-antenna will be radiated. 
This is usually not the intended result of 
grounding. 

Take a look at the station shown in 
Fig 28.11. In this case, the ground wire 
could very easily contribute to an inter- 
ference problem in the downstairs TV set. 

While a station ground may cure some 
transmitter EMI problems — either by 
putting the transmitter chassis at a low- 
impedance reference point or by rearrang- 


28.8 Chapter 28 


ing the problem so the “hot spots” are far- 
ther away from susceptible equipment — 
it is not the cure-all that some literature 
has suggested. A ground is easy to try, 
however, and it may reduce stray funda- 
mental or harmonic currents on your an- 
tenna lead; it is worth a try. 


SPECIFIC CURES 


Now that you have learned some EMI 
fundamentals, you can work on technical 
solutions. A systematic approach will 
identify the problem and suggest a cure. 
Armed with your EMI knowledge, a kit of 
filters and tools, your local TC and a de- 
termination to solve the problem, it is time 
to diagnose the problem. 

Most EMI problems can be solved by 
the application of standard cures. If you 
try these cures and they work, you may not 
need to troubleshoot the problem at all. 
Perhaps if you can install a low-pass filter 
on your transmitter or a common-mode 
choke ona TV, the problem will be solved. 

Here are some specific cures for differ- 
ent interference problems. You should 
also get acopy of the ARRL RFI book. It’s 
comprehensive and picks up where this 
chapter leaves off. Here are several stan- 
dard cures. 


Transmitters 


We start with transmitters not because 
most interference comes from transmit- 
ters, but because your station transmitter 
is under your direct control. Many of the 
troubleshooting steps in other parts of this 
chapter assume that your transmitter is 
“clean” (free of unwanted RF output). 

Controlling Spurious Emissions — 
Start by looking for patterns in the inter- 
ference. If the interference is only on fre- 
quencies that are multiples of your oper- 
ating frequency, you clearly have 
interference from harmonics. (Although 
these harmonics may not come from your 
station!) 

If HF-transmitter spurs are interfering 
with a VHF service, a low-pass filter on 
the transmitter will usually cure the prob- 
lem. Install it after the amplifier (if used) 
and before the antenna tuner. (A second 
filter between the transmitter and ampli- 
fier may occasionally help as well.) Install 
a low-pass filter as your first step in any 
interference problem that involves another 
radio service. 

Interference from nonharmonic spuri- 
ous emissions is extremely rare in com- 
mercially built radios. Any such problem 
indicates a malfunction that should be 
repaired. 


Television Interference (TVI) 
For a TV signal to look good, it must 


have about a 45 to 50 dB signal-to-noise 
ratio. This requires a good signal at the TV 
antenna-input connector. This brings up an 
important point: to have a good signal, you 
must be in a good signal area. The FCC 
does not protect fringe-area reception. 

TVI, or interference to any radio ser- 
vice, can be caused by one of several 
things: 


* Spurious signals within the TV channel 
coming from your transmitter or station. 

* The TV set may be overloaded by your 
transmitter's fundamental signal. 

* Signals within the TV channel from 
some source other than your station, 
such as electrical noise, an overloaded 
mast-mounted TV preamplifier or a 
transmitter in another service. 

* The TV set might be defective or 
misadjusted, making it look like there 
is an interference problem. 


All of these potential problems are made 
more severe because the TV set is hooked 
up to two antenna systems: (1) the incom- 
ing antenna and its feed line and (2) the ac 
power lines. These two “long-wire” an- 
tennas can couple a /ot of fundamental or 
harmonic energy into the TV set! Your job, 
as a TVI sleuth, is to figure out which one 
(or more) of these possibilities is actually 
at fault and locate the appropriate cures. 


Fundamental Overload 


A television set can be overloaded by a 
strong, local RF signal. This happens be- 
cause the manufacturer did not install the 
necessary filters and shields to protect the 
TV set from other signals present on the 
air. These design deficiencies can some- 
times be corrected externally. 

Start by determining if the interference 
is affecting the video, the sound or both. If 
it is present only on the sound, it is prob- 
ably a case of audio rectification. (See the 
Stereos section of this chapter.) If it is 
present on the video, or both, it could be 
getting into the video circuitry or affect- 
ing either the tuner or IF circuitry. 

The first line of defense for an antenna- 
connected TV is a high-pass filter. Install 
a high-pass filter directly on the back of 
the TV set. You may also have a problem 
with common-mode interference. The sec- 
ond line of defense is a common-mode 
choke on the antenna feed line — try this 
first in a cable-television installation. 
These two filters can probably cure most 
cases of TVI! 

Fig 28.12 shows a “bulletproof” instal- 
lation. If this doesn’t cure the problem, the 
TV circuitry is picking up your signal 
directly. In that case, don't try to fix it 
yourself — it is a problem for the TV 
manufacturer. 
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Fig 28.12 — This sort of installation should cure any kind of conducted TVI. It will 
not cure direct-pickup or spurious-emission problems. 


VHF Transmitters — A VHF transmit- 
ter can interfere with over-the-air TV re- 
ception. Most ТУ tuners are not very se- 
lective and a strong VHF signal can 
overload the tuner easily. In this case, a 
VHF notch or stop-band filter at the TV 
can help by reducing the VHF fundamen- 
tal signal that gets to the TV tuner. Star 
Circuits is one company that sells tunable 
notch filters.? 

The Electronic Industries Association 
(EIA) maintains a list of contact people 
at each equipment manufacturer. Contact 
them directly for assistance in locating 
help. (Their address is in the References 
chapter Address List.) 


Spurious Emissions 


Start by analyzing which TV channels 
are affected. The TV Channel Chart in the 


3Star Circuits Model: 23H tunes 6 m, Model: 
1822 tunes 2 m and Model: 46FM tunes the 
FM broadcast band. Their address is in the 
References chapter Address List. 


References chapter shows the relation- 
ship of the ham allocations and their har- 
monics to over-the-air and cable channels. 
Each channel is 6-MHz wide. If the inter- 
ference is only on channels that are mul- 
tiples of your operating frequency, you 
clearly have interference from harmonics. 


(It is not certain that these harmonics are 
coming from your station, however.) 

You are responsible for spurious signals 
produced by your station. If your station is 
generating any interfering spurious sig- 
nals, the problem must be cured there. So, 
if the problem occurs only when you trans- 
mit, go back and check your station. Refer 
to the section on Transmitters. You must 
first find out if the transmitter has any 
spurs. 

If your transmitter and station check 
“clean,” then you must look elsewhere. 
The most likely cause is TV susceptibility 
— fundamental overload. This is usually 
manifest by interference to all channels, 
or at least all VHF channels. If the prob- 
lem is fundamental overload, see that sec- 
tion earlier in this chapter. If not, read on. 


Electrical Noise 


Electrical noise is fairly easy to identify 
by looking at the picture or listening on 
an HF receiver. Electrical noise on a TV 
screen is shown in Fig 28.13. On a re- 
ceiver, it usually sounds like a buzz, some- 
times changing in intensity as the arc or 
spark sputters a bit. If you have a problem 
with electrical noise, go to the Electrical 
Noise section. i 


Cable TV 


Cable TV has been a blessing and a 
curse for Amateur Radio TVI problems. 
On the plus side, the cable delivers a 
strong, consistent signal to the TV re- 
ceiver. It is also (in theory) a shielded sys- 
tem, so an external signal can’t get in and 
cause trouble. On the minus side, the cable 
forms a large, long-wire antenna that can 
pick up lots of external signals on its 
shield (in the common mode). Many TVs 
and VCRs and even some cable set-top 
converters are easily overloaded by such 
common-mode signals. 

Leakage into a cable-TV system is called 
ingress. Leakage out is called egress. If the 


PATTERN A 


Fig 28.13 — Two examples of TVs experiencing electrical noise. 
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PATTERN B 
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Fig 28.14 — Several turns of coax on a 
ferrite core eliminate HF and VHF sig- 
nals from the outside of a coaxial cable. 


cable isn’t leaking, there should be no ex- 
ternal signals getting inside the cable. So, 
an in-line filter such as a high-pass filter is 
not usually necessary. For a cable-con- 
nected TV, the first line of defense is acom- 
mon-mode choke. Only in rare cases is a 
high-pass filter necessary. It is important to 
remember this, because if your neighbor has 
several TVs connected to cable and you 
suggest the wrong filter (at $15 each), you 
may have a personal diplomacy problem of 
a whole new dimension. Fig 28.14 shows a 
common-mode choke. 

Fig 28.12 shows a bulletproof installa- 
tion for cable TV. (The high-pass filter is 
usually not needed.) If all of the cures 
shown have been tried, the interference 
probably results from direct pickup inside 
the TV. In this case, contact the TV manu- 
facturer through the EIA. 

Interference to cable-TV installations 
from VHF transmitters is a special case. 
Cable TV uses frequencies allocated to 
over-the-air services, such as Amateur 
Radio. When the cable shielding is less 
than perfect, interference can result. 

The TV Channel Chart in the Refer- 
ences chapter shows which cable channels 
coincide with ham bands. If, for example, 
you have interference to cable channel 18 
from amateur 2-m operation, suspect cable 
ingress. Contact the cable company; it may 
be their responsibility to locate and correct 
the problem. The cable company is not 
responsible, however, for leakage occur- 
ring in customer-owned, cable-ready 
equipment that is tuned to the same fre- 
quency as the over-the-air signal. If there 
is interference to a cable-TV installation, 
the cable company should be able to dem- 
onstrate interference-free reception when 
using a cable-company supplied set-top 
converter. 


TV Preamplifiers 
Some television owners use a preampli- 
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fier — sometimes when it's not needed. 
Preamplifiers are only needed in weak- 
signal areas, and they often cause more 
trouble than they prevent. They are sub- 
ject to the same overload problems as TVs, 
and their location on the antenna mast 
usually makes it difficult to install the 
appropriate cures. You may need to install 
a high-pass or notch filter at the input of 
the preamplifier, as well as a common- 
mode choke on the input, output and 
power-supply wiring (if separate) to ef- 
fect a complete cure. 


VCRs 


A VCR usually contains a television 
tuner, or has a TV channel output, so it is 
subject to all of the interference problems 
of a TV receiver. It is also hooked up to 
an antenna or cable system and the ac-line 
wiring. The video baseband signal extends 
from 30 Hz to 3.5 MHz, with color infor- 
mation centered around 3.5 MHz and the 
FM sound subcarrier at 4.5 MHz. The entire 
video baseband is frequency modulated 
onto the tape at frequencies up to 10 MHz. 
It is no wonder that some VCRs are quite 
susceptible to EMI. 

Many cases of VCR EMI can be cured. 
Start by proving that the VCR is the sus- 
ceptible device. Temporarily disconnect 


the VCR from the television. If there is no 
interference to the TV, then the VCR is the 
most likely culprit. 

You need to find out how the interfering 
signal is getting into the VCR. Tempo- 
rarily disconnect the antenna or cable feed 
line from the VCR. If the interference goes 
away, then the antenna line is involved. In 
this case, you can probably fix the prob- 
lem with a common-mode choke or high- 
pass filter. 

Fig 28.12 shows a bulletproof VCR in- 
stallation. If you have tried all of the cures 
shown and still have a problem, the VCR 
is probably subject to direct pickup. In 
this case, contact the manufacturer through 
the EIA. 


Nonradio Devices 


Interference to nonradio devices is not 
the fault of the transmitter. (A portion of 
the FCC Interference Handbook, 1990 
Edition, is shown in Fig 28.15.4) In es- 
sence, the FCC views nonradio devices 
that pick up nearby radio signals as im- 


4FCC Interference Handbook — 1990 Edi- 
tion is available from FCC Field Offices or 
by sending a 9x12-inch SASE with four 
units of First-Class postage to the ARRL 
Regulatory Information Branch. 


PART II 


INTERFERENCE TO OTHER 
EQUIPMENT 


CHAPTER 6 


TELEPHONES, ELECTRONIC ORGANS, AM/FM RADIOS, 
STEREO AND HI-FI EQUIPMENT 


Telephones, stereos, computers, electronic organs and home intercom 
devices can receive interference from nearby radio transmitters. When this 
happens, the device improperly functions as a radio receiver. Proper 
shielding or filtering can eliminate such interference. The device receiving 
interference should be modified in your home while it is being affected by 
interference. This will enable the service technician to determine where 
the interfering signal is entering your device. 


The device's response will vary according to the interference source. If, 
for example, your equipment is picking up the signal of a nearby two-way 
radio transmitter, you likely will hear the radio operator's voice. Electrical 
interference can cause sizzling, popping or humming sounds. 


Fig 28.15 — Part of page 18 from FCC /nterference Handbook (1990 edition) 
explains the facts and places responsibility for interference to nonradio 


equipment. 


properly functioning; contact the manu- 
facturer and return the equipment. The 
FCC does not require that nonradio devices 
include EMI protection and they don’t of- 
fer legal protection to users of these de- 


vices that are susceptible to interference. 


Telephones 


Telephones have probably become the 
number one interference problem of Ama- 
teur Radio. However, most cases of tele- 
phone interference сап Бе cured by cor- 
recting any installation defects and 
installing telephone EMI filters where 
needed. 

. Telephones can improperly function as 
radio receivers. There are devices inside 
‚ many telephones that act like diodes. 

When such a telephone is connected to the 
telephone wiring (a large antenna), an AM 
radio receiver can be formed. When a 
nearby transmitter goes on the air, these 
telephones can be affected. 

Troubleshooting techniques were dis- 
cussed earlier in the chapter. The sugges- 
tion to simplify the problem applies espe- 
cially to telephone interference. Dis- 
connect all telephones except one, right at 
the service entrance if possible, and start 
troubleshooting the problem there. 

If any one device, or bad connection in 
the phone system, detects RF and puts the 
detected signal back onto the phone line as 
audio, that audio cannot be removed with 
filters. Once the RF has been detected and 
turned into audio, it cannot be filtered out 
because the interference is at the same fre- 
quency as the desired audio signal. To ef- 
fect a cure, you must locate the detection 
point and correct the problem there. 

The telephone company lightning arres- 
tor may be defective. Defective arrestors 
can act like diodes, rectifying any nearby. 
RF energy. Telephone-line amplifiers or 
other electronic equipment may also be at 

"fault. Leavethe telephone company equip- 


ment.to the experts, however. There are . 


important safety issues that are the sole 
responsibility of the telephone company. 
Inspect the installation. Years of expo- 


sure in damp basements, walls or crawl © 


' Spaces may have caused deterioration. Be 
suspicious of anything that is corroded or 
discolored. In many cases, homeowners 
have installed their own telephone wiring, 
often using substandard wiring. If you find 
sections of telephone wiring made from 
nonstandard cable, replace it with standard 
twisted-pair wire. Radio Shack, among 
others, sells several kinds of telephone 
wire. 


Next, evaluate each of the telephone i in- - 


struments. If you find a susceptible tele- 
phone, install a telephone EMI filter on 
that telephone. Several QST advertisers 


sell small, attractive telephone EMI fil- 
ters. 

If you. determine that you | have interfer- 
ence only when you, operate on: one par- 
ticular ham band, the telephone wiring is 


probably resonant on that band. If pos-. 
` sible, install a few strategically placed in- 


line telephone EMI filters to break up the 
resonance. 

Telephone Accaciovies — Answering 
machines, fax machines and some alarm 
systems are also prone to interference 
problems. All of the troubleshooting tech- 
niques and cures that apply to telephones 


also apply to these telephone devices. In 


addition, many of these devices connect to 
the ac mains. Try a common-mode choke 


: and/or ac-line filter on the power cord 
(which may be an ac cordset, a small trans- 


former or power supply). 


Cordless Telephones — A cordless ` 


telephone is an unlicensed radio device 
that is manufactured and used under 
Part 15 of the FCC regulations. The FCC 
does not intend Part 15 devices to be pro- 
tected from interference. These devices 
usually have receivers with very wide 
front-end filters, which make them very 
susceptible to interference. A label on the 
telephone or a paragraph in the owner's 
manual should explain that the telephone 


must not cause interference to other ser- ` 


vices and: must tolerate any шешеге 
caused to it. 

It’s worthwhile to try a telephone filter 
on the base unit and properly filter its ac 


` line cord. (You might get lucky!) The best 


source of help is the manufacturer, but 
they may point out that the Part 15 device 
is not protected from interference. These 


kinds of problems are difficult to fix after . 


the fact. The necessary engineering should 
be done when the device is designed. 


Other Audio Devices | 
_ Other audio devices, such as.stereos, in- 


Pre | 


tercoms and public-address systems can 
also pick up and detect strong nearby 
transmitters. The FCC considers these 
nonradio. devices and does not protect 
‘them from licensed radio transmitters that 
may interfere with their operation. See , 
Fig 28.15 for the FCC's point of view. 

Use the standard troubleshooting tech- 
niques discussed earlier in this chapter to 
isolate problems. In a multicomponent 
stereo system (as in Fig 28.16), for ex- 
ample, you must determine what combi- 
nation of components is involved with the 
problem. First, disconnect all auxiliary 

"components to determine if there is a prob- 

lem with the main receiver/amplifier. 
.(Long speaker/interconnect cables are 
prime suspects.) | 

Stereos — If the problem remains with 

‚ the main amplifier isolated, determine if 
the interference level is affected by the 
volume control. If so, the interference is 
getting into the circuit before the volume 
-control, usually through accessory wiring. 
If the volume control has no effect on the 
level of the interfering sound, the interfer- 
ence is getting in after the control, usually 
through speaker wires. - 

Speaker wires are often resonant on the 
HF bands. In addition, they are often con- 
nected directly to the output transistors, 
where RF can be detected. Most amplifier 
designs use a negative feedback loop to 

` improve fidelity. This loop can conduct 
the detected RF signal back to the high- 
gain stages of the amplifier. The combina- 
tion of all of these factors makes the 
speaker leads the usual indirect cause of 
interference to audio amplifiers. 

There is a simple test that will help de- 
termine if the interfering signal is being 
coupled into the amplifier by the speaker 
leads. Temporarily disconnect the speaker 
leads from the amplifier, and plug in a test 


, setof headphones with short leads. If there 


is no interference with the headphones, 
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Fig 28.16 — A typical modern stereo system. 
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Warning: Bypassing 
Speaker Leads 


Older amateur literature might tell 
you to put a 0.01-uF capacitor 
across the speaker terminals to cure 
speaker-lead interference. Don’t do 
this! Some modern solid-state 
amplifiers can break into a 
destructive, full-power, sometimes 
ultrasonic oscillation if they are 
connected to a highly capacitive 
load. If you do this to your 
neighbor’s amplifier, you will have 
a whole new kind of personal 
diplomacy problem! — Ed Hare, 
KA1CV, ARRL Laboratory 
Supervisor 


To 
Turntable, 
Tope Player 
FM Player, etc. 


Shielded Audio 
Cable 


Fig 28.17 — This is how to make a 
speaker-lead common-mode choke. Be 
sure to use the correct ferrite material. 
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To To 
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Fig 28.18 — An LC filter for speaker 
leads. 


Shielded Cable 
to Input of 


First Stage 
150 0, 1/2 W 


fiso pF | 150 pF 


Fig 28.19 — A filter for use at the input 
of audio equipment. The components 
should be installed inside of the 
chassis at the connector by a qualified 
technician. 


28.12 Chapter 28 


filtering the speaker leads will cure the 
problem. 

The best way to eliminate RF signals 
from speaker leads is with common-mode 
chokes. Fig 28.17 shows how to wrap 
speaker wires around an FT- 140-43 ferrite 
core to cure speaker-lead EMI. Use the 
correct core material for the job. See the 
information about common-mode chokes 
earlier in this chapter. 

Another way to cure speaker-lead inter- 
ference is with an LC filter as shown in 
Fig 28.18. Sources for similar filters are 
listed in the ARRL Technical Information 
Service (TIS) “EMI/RFI Package.” 

Interconnect cables can couple interfer- 
ing signals into an amplifier or accesso- 
ries. The easiest cure here is also a com- 
mon-mode choke. However, it may also 
be necessary to add a differential-mode 
filter to the input of the amplifier or acces- 
sory. Fig 28.19 shows a home-brew ver- 
sion of such a filter. 

Intercoms and Public-Address Systems 
— All of these problems also apply to in- 
tercoms, public-address (PA) systems and 
similar devices. These systems usually 
have long speaker leads or interconnect 
cables that can pick up a lot of RF energy 
from a nearby transmitter. The cures dis- 
cussed above do apply to these systems, 
but you may also need to contact the manu- 
facturer to see if they have any additional, 
specific information. 


Computers and Other Unlicensed RF 
Sources 


Computers and microprocessors can be 
sources, or victims, of interference. These 
devices contain oscillators that can, and 
do, radiate RF energy. In addition, the 
internal functions of a computer generate 
different frequencies, based on the vari- 
ous data rates as software is executed. All 
of these signals are digital in nature — 
with fast rise and fall times that are rich in 
harmonics. 

Don’t just think “computer” when 
thinking of computer systems. Many 
household appliances contain micropro- 
cessors: digital clocks, video games, cal- 
culators and more. 

Computing devices are covered under 
Part 15 of the FCC regulations as uninten- 
tional emitters. The FCC has set up abso- 
Jute radiation limits for these devices. 
FCC regulations state that the operator or 
owner of Part 15 devices must take what- 
ever steps are necessary to reduce or eli- 
minate any interference they cause to a 
licensed radio service. This means that if 
your neighbor's video game interferes 
with your radio, the neighbor is respon- 
sible for correcting the problem. (Of 
course, your neighbor may appreciate your 


help in locating a solution!) 

The FCC has set up two levels of type 
acceptance for computing devices. Class 
A is for computers used in a commercial 
environment. FCC Class B requirements 
are more stringent — for computers used 
in residential environments. If you buy a 
computer or peripheral, be sure that it is 
Class B certified or it will probably gener- 
ate interference to your amateur station or 
home-electronics equipment. 

If you find that your computer system 
is interfering with your radio (not un- 
common in this digital-radio age), start 
by simplifying the problem. Temporarily 
switch off as many peripherals as possible 
and disconnect their cables from the back 
of the computer. If possible, use just the 
computer, keyboard and monitor. This test 
may indicate one or more peripherals as 
the source of the interference. 

When seeking cures, first ensure that all 
interconnection cables are shielded. Re- 
place any unshielded cables with well 
shielded ones; this often significantly re- 
duces RF noise from computer systems. 
The second line of defense is the common- 
mode choke, made from a ferrite toroid. 
The toroids should be installed as close to 
the computer and/or peripheral device as 
practical. Fig 28.20 shows the location of 
common-mode chokes in a complete com- 
puter system where both the computer and 
peripherals are noisy. 

In some cases, a switching power sup- 
ply may be a source of interference. A 
common-mode choke and/or ac-line filter 
may cure this problem. In extreme cases 
of computer interference you may need to 
improve the shielding of the computer. 
Refer to the ARRL RFI book for more 
information about how to do this. Don't 
forget that some peripherals (such as 
modems) are connected to the phone line, 
so you may need to treat them like 
telephones. 


Automobiles 


As automobiles have become more 
technologically sophisticated, questions 
about the compatibility of automobiles 
and amateur transmitters have increased 
in number and scope. The use of micro- 
processors in autos makes them computer 
systems on wheels, subject to all of the 
same problems as any other computer. In- 
stallation of ham equipment can cause 
problems, ranging from nuisances like a 
dome light coming on every time you 
transmit to serious ones such as damage to 
the vehicle electronic control module 
(ECM). 

Only qualified service personnel should 
work on automotive EMC problems. 
Many critical safety systems on modern 
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cars should not be handled by amateurs. 
Even professionals can meet with mixed 
results. The ARRL (TIS) contacted each 
of the automobile manufacturers and asked 
about their EMC policies, service bulle- 
tins and best contacts to resolve EMI prob- 
lems. About 20% of the companies never 
answered, and answers from the rest 
ranged from good to poor. One company 
even said that the answers to those ques- 
tions were “proprietary.” 

Some of the companies do have reason- 
able EMC policies, but these policies of- 
ten fall apart at the dealer level. The ARRL 
has reports of problems with nearly every 
auto manufacturer. Check with your dealer 
before you install a transceiver in a car. 
The dealer can direct you to any service 
bulletins or information that is applicable 
to your model. If you are not satisfied with 
the dealer’s response, contact the regional 
or factory customer service representa- 
tives: 

The ARRL TIS maintains a file on each 
manufacturer, as well as a list of contact 
people that can help. The TIS can also sup- 
ply a reprint of the General Motors instal- 
lation guidelines.> For additional informa- 
tion about automotive EMC, refer to the 
Automobiles chapter in the ARRL RFI 
book. 


Electrical Noise 


Many electrical appliances and power 
lines can generate electrical noise. On a 
receiver, electrical noise usually sounds 
like a rough buzz, heard across a wide fre- 
quency range. The buzz will either have a 
strong 60- or 120-Hz component, or its 
pitch will vary with the speed of a motor 
that generates the noise. The appearance 
of electrical noise on a television set is 
shown in the TVI section of this chapter. 
This kind of noise can come from power 
lines, electrical motors or switches, to 
name just a few. Here is one quick diag- 
nostic trick — if electrical noise seems to 
come and go with the weather, the source 
is probably outside, usually on the power 
lines. If electrical noise varies with the 
time of day, it is usually related to what 
people are doing, so look to your own, or 
your neighbors’, house and lifestyle. The 
ARRL RFI book describes techniques for 
locating RFI sources. 

Filters usually cure electrical noise. At 
its source, the noise can usually be filtered 
with a differential-mode filter. A differen- 


5The ARRL “EMI/RFI — GM Installations 
Guidelines” is a reprint of the General 
Motors booklet. Send a 9x12-inch SASE 


Fig 28.20 — Where to locate ferrites in a computer system. At A, the computer is 
noisy, but the peripherals are quiet. At B, the computer is quiet, but external 
devices are noisy. At C, both the computer and externals are noisy. 


with three units of First-Class postage and 
a specific request for the “EMI/RFI GM In- 
stallation Guidelines" to TIS at ARRL HQ. 
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tial-mode filter can be as simple as a 
0.01-рЕ ac-rated capacitor, such as 
Panasonic part ECQ-U2A103MN, or it 
can be a pi-section filter like that shown in 
' Fig 28.7. 

For removing signals that arrive via 
power lines, a common-mode choke is 
usually the best defense. Wrap about 10 
turns of the ac-power cord around an 
FT-240-43 ferrite core; do this as close as 
possible to the device you are trying to 
protect. 

Electrical noise can also indicate a dan- 
gerous electrical condition that needs to 
becorrected. The ARRL has recorded sev- 
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eral cases where defective or arcing door- 
bell transformers caused widespread 
neighborhood electrical interference. This 
subject is well covered in the /nterference 
Handbook or ће ARRL RFI book.® 
Power Lines — Electrical noise can 
also come from power lines. Diagnosis and 
repair of power-line problems must be left 
to professionals. It is even dangerous to 


6interference Handbook, ISBN 0-8230- 
8709-3, ARRL Order no. 6015, available 
from ARRL Publication Sales Department 
or your local Amateur Radio equipment 
dealer. 


tap poles with a hammer as a diagnostic 
tool; broken insulators can fall and possi- 
bly strike people or passing cars. If you 
have a problem with power-line noise, 
contact the utility company for help. Most 
electric utility companies have qualified, 
knowledgeable personnel to correct EMI 
problems. 


In Conclusion 


Remember that EMI problems can be 
cured. With the proper technical knowl- 
edge and interpersonal skills, you can deal 
effectively with the people and hardware 
that make up any EMI problem. 


Glossary 


Amateur Service—A radio communica- 
tion service for the purpose of self-train- 
ing, intercommunication and technical 
investigations carried out by amateurs, 
that is, duly authorized persons inter- 
ested in radio technique solely with a 
personal aim and without pecuniary 
interest. 

Auxiliary station—An amateur station 
transmitting communications point-to- 
point within a system of cooperating 
amateur stations. 

Bandwidth—The width of a transmitted 
frequency band outside of which the 
mean power of the transmitted signal is 
attenuated at least 26 dB below the mean 
power of the transmitted signal within 
the band. 

Beacon—An amateur station transmitting 
communications for the purposes of 
observation of propagation and recep- 
tion or other related experimental 
activities. 

Broadcasting—Transmissions intended 
for reception by the general public, 
either direct or relayed. 

Carrier power—The average power sup- 
plied to the antenna transmission line 
by a transmitter during ‘one RF cycle 
taken under the condition of no modula- 
tion. - 

Control operator—An amateur operator 
designated by the licensee of a station to 
be responsible for the transmissions 
from that station to assure compliance 
with the FCC Rules. 

Control point—The location at which the 
control operator function is performed. 

Covenants—Private contractual agree- 
ments between two parties. PRB-1 does 
not apply to such agreements 


CW—International Morse code telegra- 
phy emissions having designators with 
A, C, H, J or R as the first symbol; 1 as 
the second symbol; A or B as the third 
symbol; and emissions J2A and J2B. 
See the sidebar, “Classification of 
Emissions.” 

Data—Telemetry, telecommand and com- 
puter communications emissions hav- 
ing designators with A, C, D, F, G, H, J 
or R as the first symbol; 1 as the second 
symbol; D as the third symbol; and 
emission J2D. Only a digital code of a 
type specifically authorized in this Part 
may be transmitted. See the sidebar, 
“Classification of Emissions.” 

External RF power amplifier—A device 
capable of increasing power output 
when used in conjunction with, but not 
an integral part of, a transmitter. 

External RF power amplifier kit—A 
number of electronic parts, which, when 
assembled, is an external RF power am- 
plifier, even if additional parts are re- 
quired to complete assembly. 

FCC—Federal Communications Com- 
mission. j 

Frequency coordinator—An entity, rec- 
ognized in a local or regional area by 
amateur operators whose stations are 
eligible to be auxiliary or repeater sta- 
tions, that recommends transmit/re- 
ceive channels and associated operat- 
ing and technical parameters for such 
stations in order to avoid or minimize 
potential interference. 

Harmful interference—Interference 
which endangers the functioning of a 
radionavigation service or of other 
safety services or seriously degrades, 
obstructs or repeatedly interrupts a 


radiocommunication service operating 
in accordance with the Radio Regula- 
tions. 

Image—Facsimile and television emis- 
sions having designators with A, C, D, 
F, G, H, J or R as the first symbol; 1, 2 
or 3 as the second symbol; C or F as the 
third symbol; and emissions having B 
as the first symbol; 7, 8 or 9 as the sec- 
опа symbol; W as the third symbol. See 
the sidebar, “Classification of Emis- 
sions.” 

Information bulletin—A message di- 
rected only to amateur operators con- 
sisting solely of subject matter of direct 
interest to the amateur service. 

International Morse code—A dot-dash 
code as defined in International Tele- 
graph and Telephone Consultative 
Committee (CCITT) Recommendation 
F.1 (1984), Division B, 1. Morse Code. 

ITU—International Telecommunication 
Union. 

Key clicks—Undesired switching tran- 
sients beyond the necessary bandwidth 
of a Morse code transmission caused by 
improperly shaped modulation enve- 
lopes. 

Mean power—The average power sup- 
plied to an antenna transmission line 
during an interval of time sufficiently 
long compared with the lowest fre- 
quency encountered in the modulation 
taken under normal operating condi- 
tions. 

Necessary bandwidth—The width of the 
transmitted frequency band which is 
just sufficient to ensure the transmis- 
sion of information at the rate and with 
the quality required under specified 
conditions. 
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Occupied bandwidth—The width of the 
transmitted frequency band such that, 
below the lower and above the upper 
frequency limits, the mean powers emit- 
ted are each equal to 0.5% (-23dB) of 
the total mean power of a given emis- 
sion. 

Out-of-band emission (splatter)—An 
emission on a frequency immediately 
outside the necessary bandwidth caused 
by overmodulation on peaks (excluding 
spurious emissions). 

PEP (peak envelope power)—The aver- 
age power supplied to the antenna trans- 
mission line by a transmitter during one 
RF cycle at the crest of the modulation 
envelope taken under normal operating 
conditions. 

Phone—Emissions carrying speech or 
other sound information having desig- 
nators with A, C, D, F, G, H, J or R as the 
first symbol; 1, 2 or 3 as the second 
symbol; E as the third symbol. Also 
speech emissions having B as the first 
symbol; 7, 8 or 9 as the second symbol; 
E as the third symbol. See the sidebar, 
“Classification of Emissions.” 

Power—Power is expressed in three ways: 
(1) Peak envelope power (PEP); (2) 
Mean power; and (3) Carrier power. 

PRB-1—The limited federal government 
preemption of local zoning ordinances 
which states that local zoning authori- 
ties must be reasonable and that regula- 
tion must represent the minimum prac- 
ticable to accomplish its legitimate 
purpose. 


regulations govern the opera- 
a tional and technical standards of 
all radio stations. The International Tele- 
communication Union (ITU) governs tele- 
communications on the international level 
and broadly defines radio services through 
the international Radio Regulations. In the 
United States, its trust territories and pos- 
sessions, the agency responsible for non- 
governmental and nonmilitary stations is 
the Federal Communications Commission 
(FCC). Title 47 of the US Code of Federal 
Regulations governs telecommunications. 
Different rule Parts of Title 47 govern the 
various radio services in the US. The 
Amateur Radio Service is governed by 
Part 97. Some other Parts are described in 
the sidebar “Other FCC Rule ‘Parts’.” 
Experimentation has been the backbone 
of Amateur Radio for almost a century and 
the amateur rules provide a framework 
within which amateurs have wide latitude 
to experiment in accordance with the basis 


: | ` nternational and national radio 
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Pulse—Emissions having designators 
with K, L, M, P, Q, V or W as the first 
symbol; 0, 1, 2, 3, 7, 8, 9 or X as the 
second symbol; A, B, C, D, E, F, N, W 
or X as the third symbol. See the sidebar, 
“Classification of Emissions.” 

RF—Radio frequency. 

Radio Regulations—The latest ITU 
Radio Regulations to which the United 
States is a party. 

RACES (Radio Amateur Civil Emergency 
Service)——A radio service that uses 
amateur stations for civil defense com- 
munications during periods of local, 
regional or national civil emergencies. 

Remote control—The use of a control 
operator who indirectly manipulates the 
operating adjustments in the station 
through a control link to achieve com- 
pliance with the FCC Rules. 

Repeater—An amateur station that simul- 
taneously retransmits the signals of 
other stations. 

RTTY—Narrow-band direct-printing te- 
legraphy emissions having designators 
with A, C, D, F, G, H, J or R as the first 
symbol; 1 as the second symbol; B as 
the third symbol; and emission J2B. See 
the sidebar, “Classification of Emis- 
sions.” 

Space station—An amateur station lo- 
cated more than 50 km above the Earth's 
surface. 

Splatter—See Out-of-band emission. 

Spurious emission—An emission, on fre- 
quencies outside the necessary band- 
width of a transmission, the level of 
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which may be reduced without affect- 
ing the information being transmitted. 

SS—Spread-spectrum emissions using 
bandwidth-expansion modulation emis- 
sions having designators with A, C, D, 
F, G, H, J or R as the first symbol; X as 
the second symbol; X as the third sym- 
bol. Only an SS emission of a type spe- 
cifically authorized by Part 97 may be 
transmitted. See the sidebar, “Classifi- 
cation of Emissions.” 

Telecommand—A one-way transmission 
to initiate, modify, or terminate func- 
tions of a device at a distance. 

Telecommand station—An amateur sta- 
tion that transmits communications to 
initiate, modify, or terminate functions 
of a space station. 

Telemetry—A one-way transmission of 
measurements at a distance from the 
measuring instrument. 

Test—Emissions containing no informa- 
tion having the designators with N as 
the third symbol. Test does not include 
pulse emissions with no information or 
modulation unless pulse emissions are 
also authorized in the frequency band. 
See the sidebar, “Classification of 
Emissions.” 

Type acceptance—An equipment autho- 
rization granted by the FCC. It is used 
to ensure that equipment will function 
properly in the service for which it 
has been accepted. Amateur equipment 
does not require type acceptance 
although HF power amplifiers and 
amplifier kits do. 


Part 97 is just a small piece of the overall regulatory picture. The US Code 
of Federal Regulations, Title 47, consists of telecommunications rules 
numbered as Parts 0 through 200. These Parts contain specific rules for the 
many telecommunications services the FCC administers. Individuals may 
purchase a specific rule Part for a particular service from the Superintendent 
of Documents, US Government Printing Office (see the Address List in the 
References chapter). Here is a list of FCC Parts amateurs may find of 


interest: 


Part 


Commission organization 
Practice and procedure 


Frequency allocation and radio treaty matters; general rules and regula- 
tions, and type acceptance procedures 

Low-power radio-frequency transmitting devices 

Construction, marking and lighting of antenna structures 

Industrial, scientific and medical equipment 


Radio broadcast services 
Cable Television Service 


Private Land Mobile Radio Service 


Personal radio services, including CB and GMRS 


Amateur Radio Service 


Classification of Emissions 


§2.201 Emission, modulation and transmission . 
characteristics. 

The following system of designating emission, modula- 
tion and transmission characteristics shall be employed. 

(a) Emissions are designated according to their 
classification and their necessary bandwidth. | 

(b) A minimum of three symbols are used to describe 
the basic characteristics of radio waves. Emissions are 
classified and symbolized according ! to the following 
characteristics: 

(1) First symbol—type of modulation of the main 

carrier; 


(2) Second symbol—nature of signal(s) modulating the ` 


main carrier; 
(3) Third symbol—type of information to be transmitted. 


. Note: A fourth and fifth symbol are provided for 
additional information and are shown in Appendix 6, Part 
A of the ITU Radio Regulations. Use of the fourth and 
fifth symbol is optional. Therefore, the symbols may be 

_| used as described in Appendix 6, but are not required by 
the Commission. 


(c) First Бутрос зурва of modulation ої the main 
carrier: 


(1) Emission of an unmodulated carrier 
(2) Emission in which the main carrier is amplitude- 
modulated (including cases where subcarriers are 
angle-modulated): 
—Double sideband 
—Single sideband, full carrier 
—Single sideband, reduced or variable level carrier R 
—Single sideband, suppressed carrier 
*—Independent sidebands 
—Vestigial sideband 
(3) Emission in which the main carrier is angle-modulated: 
—Frequency modulation 
—Phase modulation 


Note: Whenever frequency modulation (F) is indicated, 
* phase modulation (G) is also acceptable. 


(4) Emission in which the main carrier is amplitude- and ` 
angle-modulated either simultaneously or in a pre-. . 
established sequence 

(5) Emission of pulses! 

—Sequence of unmodulated pulses 

—A sequence of pulses: 

—Modulated in amplitude 

—Modulated in width/duration 

—Modulated in position/phase: Р 

—1In which the carrier is angle- -modulated during the 
period of the pulse 


' —Which is a combination of the foregoing or is pro- 
duced by other means 

(6) Cases not covered above, in which an emission 
consists of the main carrier modulated, either simulta- 
neously or in a pre-established.sequence in a combina- |’ 
tion of two or more of the following modes: amplitude, 
angle, pulse 

(7) Cases not otherwise covered 


(d) Second Symbol—nature of signal(s) modulating the 
main carrier: 


(1) No modulating signal 

(2).A single channel containing quantized or digital 
information without the use of a modulating subcarrier, 
excluding time-division multiplex 

(3) A single channel containing quantized or digital 
information with the use of a modulating subcarrier, 
‘time-division multiplex 

(4) A single channel containing analog information 

(5) Two or more channels containing quantized or digital 

' information 


' (6) Two or more channels containing analog 


information 
(7) Composite system with one or more channels con- 
taining quantized or digital information, together with 
: one or more channels containing analog information 9 
(8) Cases not otherwise covered 


(e) Third Symbol—type of information to be transmit- 
ted:2 


(1) No information transmitted 
(2) Telegraphy, for aural reception . 


‚ (83) Telegraphy, for automatic reception 
` (4) Facsimile 
(5) Data transmission, telemetry, telecommand .... 


(6) Telephony (including sound broadcasting) 


` (7) Television (video) 


(8) Combination of the above 
(9) Cases not otherwise covered .: 


(f Type B emission: As an exception to the above 
principles, damped waves are symbolized in the 
Commission's rules and regulations as type B emission. 


. The use of type B emissions is forbidden. 


(g) Whenever the full designation of an emission is 
necessary, the symbol for that emission, as given above, 
shall be preceded by the necessary bandwidth of the 
emission as indicated in § 2.202(b)(1). 


1Emissions where the main carrier is directly modulated by a me which has been coded into quantized form (e.g., pulse code 
modulation) should be designated under (2) or (3). , 


?In this context, the word "information" does not include information of a constant, unvarying nature such as is provided by standard 


frequency emissions, continuous wave and pulse radars, etc. 


BASIS AND PURPOSE OF THE 


1 


and purpose of the service. The rules 
should be viewed as vehicles to promote 
healthy activity and growth, not as con- 
straints that lead to stagnation. A brief 
overview of Amateur Radio regulations 
follows with special emphasis on techni- 
cal standards: 


AMATEUR RADIO SERVICE 


. There's much more in the regulatory 
scheme than Part 97. The basis forthe FCC 
regulations is found in treaties, interna- 
tional agreements and statutes that pro- 
vide for the allocation of frequencies and 


place conditions on how the frequencies 
are to be used. For example, Article 32 of 
the international Radio Regulations limits 
the types of international communications 
amateur stations may transmit and man- 
dates that the technical qualifications of: 


. amateur operators be verified. 


Regulations . 29.3 


It’s the FCC’s responsibility to see that 
amateurs are able to operate their stations 
in a manner consistent with the basis and 
purpose of the amateur rules. The FCC 
must also ensure that amateurs have the 
knowledge and ability to operate powerful 
and potentially dangerous equipment 
safely without causing interference to 
other radio services. The sidebar “The 
FCC’s Role” discusses the Commission in 
a bit more detail. A review of each of the 
five basic purposes of the Amateur Radio 
Service, as they appear in Part 97, follows: 

Recognition and enhancement of the 


The FCC’s Role 


The Federal Communications 
Commission (FCC) is the US 
government agency charged by 
Congress with regulating communi- 
cations involving radio, television, 
wire, cable and satellites. This 
includes Amateur Radio. The 
objective of the FCC is to provide 
for orderly development and 
operation of telecommunications 
services. 

The FCC functions like no other 
Federal agency. It was created by 
Congress and it reports directly to 
Congress. The FCC allocates 
bands of frequencies to 
nongovernment communications 
services and assigns operator 
privileges. (The National Telecom- 
munications and Information 
Administration allocates govern- 
ment frequencies.) 


value of the amateur service to the public 
as a voluntary noncommercial commu- 
nication service, particularly with respect 
to providing emergency communications 
[97.1(a)]. 

Probably the best known aspect of 
Amateur Radio to the general public is its 
ability to provide emergency communica- 
tions. One of the most important aspects 
of the service is its noncommercial nature. 
Amateurs are prohibited from receiving 
any form of payment for operating their 
stations. 

Continuation and extension of the 
amateur's proven ability to contribute to 
the advancement of the radio art 
[97.1(b)]. 

For nearly a century, hams have carried 
on a tradition of learning by doing, and 
since the beginning have remained at the 
forefront of technology. Through experi- 
menting and building, hams have pio- 
neered advances, such as techniques for 
single-sideband transmissions, and are 
currently engaged in the development of 
new digital schemes which continue to 
improve the efficiency of such communi- 
cations. Hams' practical experience has 
led to technical refinements and cost re- 
ductions beneficial to the commercial 
radio industry. 

Encouragement and improvement of 
the Amateur Radio Service through rules 
which provide for advancing skills in 
both the communication and technical 
phases of the art [97.1(c)] 

Amateurs have always been experi- 
menters and that's what sets the Amateur 
Service apart from other services. The cost 
to the government for licensing and en- 


Federal Restrictions on the Installation of Amateur 


Antennas 


The following Federal restrictions apply to amateur antennas: 


*Amateurs must take certain actions before placing an amateur station on 
land of environmental importance or on land significant in American history, 


architecture, or culture [97.13(a)]. 


* Amateurs must protect FCC monitoring stations from harmful interference if 
an amateur is operating within one mile of such a facility [97.13(b)]. 
• Amateurs must have the FCC’s approval before installing a tower over 200 ft 


high [97.15(a)]. 


e Amateurs located near airports must meet additional limitations [97.15(b) 
and (с)). Details appear іп The FCC Rule Book. 

e Amateurs may install an antenna ир to 20 ft above the ground or other 
natural features or on top of any man-made structure except antenna 
towers. Such antennas are exempt from the rules described in 97.15(a) and 


(b). [97.15(c)]. 


* Amateurs must notify the Director of the National Radio Astronomy Observa- 
tory if a repeater or beacon antenna is planned for the National Radio Quiet 
Zone, a small area in Maryland, Virginia and West Virginia [97.205(f)] and 


[97.203(е)]. 
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forcement is minimal when compared to 
the benefit the public receives. Hams have 
contributed greatly to the development of 
computer communications techniques. 
The FCC and industry have also credited 
the amateur community with the develop- 
ment of Low-Earth-Orbit (LEO) satellite 
technology. The same can be said for a 
number of digital modes that have arrived 
on the scene in the 1990s, such as PacTOR 
and CLOVER. 

Expansion of the existing reservoir 
within the Amateur Radio Service of 
trained operators, technicians and elec- 
tronic experts [97.1(d)] 

Amateurs learn by doing. While all 
amateurs may not be able to troubleshoot 
and repair a transceiver, all amateurs have 
some degree of technical competence. 

Continuation and extension of the 
amateur's unique ability to enhance in- 
ternational goodwill [97.1(e)]. 

Amateur Radio is one of the few truly 
international hobbies. It is up to amateurs 
to maintain high standards and to repre- 
sent the US as its ambassadors, because, 
in a sense, all US amateurs serve that 
function. 


A QUICK JOURNEY THROUGH 
PART 97 


The Amateur Radio Service rules, Part 
97, are organized in six major subparts: 
General Provisions, Station Operation 
Standards, Special Operations, Technical 
Standards, Providing Emergency Commu- 
nications and Qualifying Examination 
Systems. A brief discussion of the high- 
lights of each subpart follows: 


General Provisions 


Subpart A covers the basics that apply 
to all facets of Amateur Radio. The “Basis 
and Purpose” of Amateur Radio, discussed 
above, is found at the beginning of Part 97 
[97.1]. Definitions of key terms used 
throughout Part 97 form the foundation of 
Part 97 [97.3]. 

This subpart contains a useful incorpo- 
ration of FCC policy on limited preemp- 
tion of state and local restrictions on ama- 
teur antenna installations called PRB-1. 
The federal government has a strong inter- 
est in amateurs being allowed “reason- 
able” antennas. The policy has encouraged 
open cooperation and dialogue between 
amateurs and communities that seek to 
regulate amateur towers and antennas. 
[97.15(e)]. See the sidebars “Federal Re- 
strictions on the Installation of Amateur 
Antennas” and “Local Zoning Ordinances, 
Covenants and Deed Restrictions” for 
rules concerning the installation of anten- 
nas, and ways of dealing with local zoning 
ordinances. 

The remainder of the subpart is devoted 


to other issues involving licensing and sta- 
tion location, control operators, license 
classes, and operation of stations on boats 
and airplanes. 


Local Zoning Sranane, Covenants ana Deed 
Restrictions 


Amateurs may be restricted by local antenna zoning ordinances. PRB-1 is 
а limited preemption of local zoning ordinances. It outlines three rules for 
local municipalities to follow in regulating antenna structures: (1) state and 
local regulations that operate to preclude amateur communications are in 
direct conflict with federal objectives and must be preempted; (2) local 
regulations that involve placement, screening or height of antennas based on 
health, safety or aesthetic considerations must be crafted to reasonably 
accommodate amateur communications; and (3) such local regulations must 
represent the minimum practicable regulation to accomplish the local 
authority's legitimate purpose. PRB-1 has even been codified in Part’97 
[97.15(e)]. Amateurs faced with unreasonable zoning restrictions should 
request the “PRB-1 package" from the Regulatory Information Branch at 
ARRL HQ. The FCC Rule Book gives details. | 

PRB-1 does not address deed, lease or rental covenants or restrictions; in 
fact; it specifically excludes them since such agreements are voluntarily 
entered into by the buyer or tenant and seller or landlord in their contract. 
Because these restrictions are not established by government, they don't fall 
under FCC jurisdiction. Amateurs restricted by covenants or deed restrictions 
may contact the Regulatory Information Branch at ARRL HQ for suggested 
wording that may be written into such agreements. 


Station Operation Standards 


x Subpart B, "Station Operation Stan- 
dards," concerns the basic operating prac- . 
tices that apply to all types of operation. 
Amateurs must operate their stations in 
accordance with good engineering and 
amateur practice [97.101(a)]. Part 97 
doesn’t always tell amateurs specifically - 
how to operate their stations, particularly 
concerning technical issues, but the FCC 
provides broad guidelines. The use of 
good engineering and amateur practice 
means, for example, that amateurs 
shouldn’t operate a station with a distorted 
signal and that amateurs shouldn't operate 
on a busy band like 20 m just to talk to a - 
ham across town. Also, amateurs must 
share the frequencies with others—no one: 
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ham or group has any special claim to 
any frequency [97.101(b)]. The station 
licensee is always responsible for the 
proper operation of an amateur station, 
except where the control operator is 
someone other than the station licensee, 
in which case both share responsibility 
equally [97.103(a)]. 

The requirements for control opera- 
tors and station control are also ad- 
dressed in Subpart B. Each station must 
have acontrol point [97.109(a)]. A con- 
trol operator must always be at the con- 
trol point, except in a few cases where 
the transmitter is controlled automati- 
cally [97.109(b), (c), (d) and (e)]. The 
purpose of the Amateur Radio Service 
is to communicate with other amateurs 
[97.111]. Certain one-way transmis- 
sions are allowed. Amateurs can send a 
one-way transmission to: 


* make adjustments to equipment for test 
purposes 

* call CQ 

* remotely control devices 

* communicate information in emergen- 
cies 

* send code practice and information bul- 
letins of interest to amateurs [97.111(b)] 


Broadcasting to the public is strictly 
prohibited [97.113(b)]. The section on 
prohibited transmissions states that ama- 
teurs cannot: be paid for operating a sta- 
tion, make transmissions on behalf of an 
employer, transmit music (unless other- 
wise allowed in the rules), transmit ob- 
scenity, use amateur stations for news- 
gathering purposes or transmit false 
signals and ciphers. The FCC has relaxed 
the previously restrictive business rules to 
encourage public service and personal 
communications [97.113]. 

Station identification is addressed in 


this subpart. The purpose of station iden- 
tification is to make the source of its trans- 
missions known to those receiving them, 
including FCC monitors. The rules cover 
identification requirements for the various 
operating modes. Section 97.119 details 
the station-identification requirements. 
Amateurs must transmit their call sign at 
the end of the communication and every 
10 minutes during communications. CW 
and phone may be used to identify an 
amateur station. RTTY and data (using a 
specified digital code) may be used when 
all or part of the communications are trans- 
mitted using such an emission. Images 
(Amateur Television, for example) may be 
used to identify when all or part of the 
transmission is in that mode. A final sec- 
tion addresses restricted operation and sets 
forth the conditions that must exist in an 
interference case involving a neighbor's 
TV or radio before the Commission can 
impose "quiet hours"—hours of the day 
when a particular amateur may not oper- 
ate an amateur transmitter [97.121(a)]. 
Imposition of quiet hours by the FCC is 
rare, however. 


Special Operations 


Subpart C, "Special Operations," ad- 
dresses specialized activities of Amateur 
Radio including the various types of sta- 
tions an amateur may operate. This sub- 
part gives specific guidelines concerning 
repeaters, beacons, space stations, Earth 
stations, message forwarding systems, and 
telecommand (remote control) stations. 
These rules are of particular interest to the 
technically minded amateur. An amateur 
may send ancillary functions (user func- 
tions) of a repeater on the input of the re- 
peater—to turn on and off an autopatch, 
for example. However, the primary con- 
trol links used to turn the repeater on and 


Fig 29.2—Frequency allocations for Amateur Radio and other radio services can 
differ, depending on location. There are three administrative ITU Regions, each 
with its own allocations. 
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off, for example, may be transmitted only 
above 222.150 MHz since such one-way 
transmissions are auxiliary transmissions. 
Every repeater trustee/licensee and user 
should understand the rules for repeaters 
and auxiliary links. An important regula- 
tory approach to solving interference 
problems between repeaters is addressed 
in that section: Repeater station licensees 
are equally responsible for resolving an 
interference problem, unless one of the 
repeaters has been approved for operation 
by the recognized repeater coordinator for 
the area and the other has not. In that case, 
the owner of the uncoordinated repeater 
has primary responsibility to resolve the 
problem [97.205(c)]. The control operator 
of a repeater that inadvertently retransmits 
communications in violation of the rules 
is not held accountable [97.205(g)]. The 
originator and first forwarding station of a 
message transmitted through a message 
forwarding system are held accountable 
for any violations of Part 97. Other for- 
warding stations are not held accountable 
[97.219]. 


Technical Standards 


The word standard means consistency 
and order—and this is what the technical 
standards in Subpart D are all about. The 
FCC outlines the specific frequency bands 
available to US amateurs [97.301] as well 
as the sharing agreements [97.303]. (The 
References chapter of this book includes 
a table of frequencies allocated to the 
Amateur Radio Service.) The Commission 
made these standards a basic framework 
so all types of amateur operation may 
peacefully coexist with other radio occu- 
pants in the spectrum neighborhood. 
Emission standards for RTTY, data and 
spread spectrum are discussed, as are stan- 
dards for the type acceptance of RF power 
amplifiers. FCC type acceptance is not 
needed for most amateur equipment. This 
gives amateurs the freedom to experiment 
without being bound by specific equip- 
ment standards. 


Providing Emergency 
Communications 


Subpart E, “Providing Emergency 
Communications,” addresses disaster 
communications, stations in distress, com- 
munications for the safety of life and pro- 
tection of property and the Radio Amateur 
Civil Emergency Service (RACES) 


Qualifying Examination Systems 


The final subpart of the rules, Subpart F, 
deals with the examination system and 
covers exam requirements and elements 
and standards. In 1983, the Commission 
delegated much of the exam administra- 
tion program to amateurs themselves. The 


tules provide for checks and balances on . 
volunteer examiners (VEs), who administer 
exams at the local and regional levels. These 
checks and balances protect against fraud 
and provide integrity for the exam process. 


REGULATION, THE ITU AND 
FREQUENCY SHARING 

The International Telecommunication 
` Union (ITU), an agency of the United Na-_ 
tions, plays the vital role of dividing the 


spectrum for reallocation by the telecom- . 


munications authorities of individual 
countries. For convenience in organizing 
frequency allocations for the various ser- 
vices, the ITU has divided the world into 
three Regions: 1, 2 and 3. See Fig 29.2. 
North and South America and the adjoin: 
ing waters comprise Region 2. 
Frequency allocations for Amateur 


^ Radio and other services can differ among 


ITU Regions. Today, there are numerous 
radio services vying for pieces of the spec- 
trum, all with legitimate purposes. To ac- 
commodate them all, the international and 
‘domestic regulatory agencies may allocate 
‘the same frequency bands to more than one 
service. While some of our allocations are 
exclusive, we share others on the basis of 
‘priority. In some cases, the Amateur Radio 
Service is primary. In other cases, ama- 
teurs are secondary. Stations in a second- 
ary service must not cause harmful inter- 
ference to, and are not protected from 
- interference caused by stations іп the. 
primary service. ^ 


- and what, if any, restrictions apply. Since 
the detailed list of frequencies and the 
sharing requirements is far too long to be 
included in this short chapter, they can be 
found in Subpart D of Part 97. The FCC 
Rule Book and The ARRL Operating 


Manual give details of the sharing require- , 


ments of each band. 
Guidelines based upon the Башай shar- 
ing requirements of amateur frequencies 
` outlined in Section 97.303 follow: -` 


* A station in a secondary service must not 
cause interference to and must accept in- 


terference from stations in the primary 


service. 

Stations in one ITU Region shall not 
cause harmful interference to services in 
another Region. 

Many other services share frequencies 


with amateurs on and above thé 70 cm 


band, and amateurs must be mindful of 
these services. 

Amateurs "near Mss military bases 
should check Section 97.303 carefully, 
since additional restrictions may apply. 


Voluntary Band Plans 


Another aspect of frequency sharing is - 


voluntary band plans. Although the FCC: 
Rules set aside portions of some bands for ` 
: specific modes, there's still а need to fur- 


ther divide amateur bands among user 


'groups by "gentlemen's agreements." 
These agreements usually emerge by con- 


sensus of the band occupants, and are 


` sanctioned by a national body like ARRL. 


These agreements allow. many modes of 
operation to be used by amateurs in a given 


band. For example, amateurs avoid the 


domestic “DX windows" set aside on some 
bands, so that stations can hear and work 
weak-signal DX stations. Detailed band 
plans for the amateur HF bands can be 
found in the References chapter of this 


-book. The complete band plans can be 
found in the following ARRL books: The | 
FCC Rule Book,*The Repeater Directory : 


and.The Operating Manual. 


Emission Standards and 
Bandwidth ~~ 


Like most of Part 97, the technical stan- ` 


dards exist to promote operating techniques 
that make efficient use of the spectrum and 
minimize interference. The standards in Part 
97 identify problems that must be solved. 

Section 97.307 spells out the standards FCC 
expects amateur signals to meet. It states, in 
part: “No amateur station transmission shall 


occupy more bandwidth than necessary for ` 


the information rate and emission type be- 
ing transmitted, in accordance with good 
amateur practice" [97.307(a)]. Simply 


| : stated, don’t transmit a wide signal when a 
: The FCC specifies amateur frequencies 


narrow one will do. Specific bandwidth lim- 
its are given for RTTY and data emissions. 
Specific bandwidth limits are not given for 


: other modes of operation, but amateurs must 
still observe good engineering and operator 


practice: 
Therules state: “Emissions resulting from 


modulation must be confined to the band or ` 


segment available to the-control operator” 
[97.307(b)]. Every modulated signal pro- 
duces sidebands. Amateurs must not oper- 
ate so close.to the band edge that the side- 
bands extend out of thé subband, even if the 
frequency readout says that the carrier is 


inside the band. Further: *Emissions outside. 


the necessary bandwidth must not cause 


| splatter or key-click interference to opera- 
tions on adjacent frequencies” [97.307(b)]. , 


The rules simply codify good. operating 
practice. Key clicks orover-processed voice 


. signals shoüldn't'cause interference up and 


down the.band. . 


^ 


` Spurious emissions 


“Spurious emissions include harmonic 
emissions, parasitic emissions, inter- 
modulation products and frequency_con- 


version products, but do not include splat- Ст 


ter [97.307(c)]. Definitions for necessary 


bandwidth and out-of-band emission ap- ` 


B 


pear in the Glossary at the beginning of 
this chapter. Also see Fig 29.3. 


Emission standards 

The FCC is very specific concerning. 
spurious emission standards [97.307(d)]. 
If an amateur transmitter or RF power am- 
plifier was built after April 14, 1977, or 
first marketed after December 31, 1977, 
and transmits on frequencies below 
30 MHz the mean power of any ро 


‘emissions must: 


* never be more than 50 mW; 
* be at least 30 dB below the mean power 
of the fundamental emission, if the mean 


- power output is less than 5 W; and 
‚ * be at least 40 dB below the mean power 


of the fundamental emission if the mean 
power output is 5 W or more. 


The following requirements apply be- 


‚ tween 30 and 225 MHz [97.307(e)]: 


eIn transmitters with 25 W or less mean 
output power, spurs must be at least 
40 dB, below the mean power of the fun- 
damental emission and never greater · 

` than 25 uW (microwatt), but need not be 
reduced further than 10 uW. This means 


7 that the spurs from a 25-W transmitter 


must be at least 60 dB down to meet the 
25:W restriction. 


. eIn transmitters with more фай 25 W mean 


output power, spurious emissions must 
` be at least 60 dB below the mean power 
of the fundamental emission. 


Transmitter Power Standards 


Amateurs shall not use more power than 
necessary to carry out the desired commu- 
nication [97.313(a)]. Don’t use 700 W 


when 10 m is wide open, for example. No : 


station may use more than 1.5 kW peak 
envelope power [97.313(b)] and no sta- 
tion may use more than 200 W in the 
30-m band. Novices and Technicians are 
limited to 200 W in their HF segments 
[97.313(c)]. Amateurs may use no more 
than 50 W in the 70-cm band near certain 
military installations [97.313(f) and (g)]. 


‚ : The FCC has chosen and published the 
- following standards of measurement: (1) 
: Read an in-line peak-reading RF wattme- 


ter that is properly matched; and (2) calcu- 
late the power using the peak RF voltage 


-as indicated by an oscilloscope or other 


peak-reading device. Multiply the peak RF 
voltage by 0.707, square the result and 
divide by. the load resistance. The SWR 
must be 1:1. 


External RF Power Amplifiers: 
Type Acceptance and Standards 
turé and marketing of any external RF 


power amplifier or amplifier kit capable 
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In 1978, the FCC banned the manufac- ` ` 


of operation on any frequency below 
144 MHz, unless the FCC has issued a 
grant of type acceptance for that model 
amplifier. The FCC also banned the manu- 
facture and marketing of HF amplifiers 
that were capable of operation on 10 m to 
stem the flow of amplifiers being distrib- 
uted for illegal use in and around frequen- 
cies used by CB operators. 

Amateurs may still use amplifiers ca- 
pable of operation on 10 m. While the rules 
may make it difficult to buy a new ampli- 
fier capable of operation on 10 m, the FCC 
allows amateurs to modify an amplifier to 
restore or include 10-m capability. An 
amateur may modify no more than one unit 
of the same model amplifier in any year 
without a grant of type acceptance 
[97.315(a)]. 


———» 
Frequency 


аге ees 


Necessary 
Bandwidth 


Parasitics 


Of course, amateurs are permitted to 
build amplifiers, convert equipment from 
any other radio service for this use or to 
buy used amplifiers. Nonamateurs are spe- 
cifically prohibited from building or 
modifying amplifiers capable of operation 
below 144 MHz without FCC type accep- 
tance [97.315(a)]. All external amplifiers 
and amplifier kits capable of operation be- 
low 144 MHz must be type accepted by 
the FCC in order to be marketed 
[97.315(b)]. A number of amplifiers, 
manufactured prior to the April 28, 1978, 
cutoff were issued a waiver of the new 
regulations [97.315(b)(2)]. Amateurs may 
buy orsell an amplifier that has either been 
type accepted, granted a waiver or modi- 
fied so that the grant is no longer valid. 
There are restrictions that would be valid 


Harmonic 
Signal 


Fig 29.3—Some of the keying sidebands are outside the necessary bandwidth. These 
are out-of-band emissions, but they are not considered spurious emissions. On the 
other hand, these sidebands must not interfere with other stations [97.307(b)]. The 
harmonics and parasitics shown in this figure are spurious emissions, and they 
must be reduced to the levels specified in Part 97. The FCC states that all spurious 
emissions must be reduced "to the greatest extent practicable" [97.307(c)]. Further, 
if any spurious emission, including chassis or power-line radiation, causes harmful 
interference to the reception of another radio station, the licensee of the interfering 
amateur station is required to take steps to eliminate the interference. 
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regardless of whether the amplifier was 
capable of operation below 144 MHz. 
Some amplifiers marketed before April 
28, 1978, are covered under the waiver if 
they are the same model that was granted 
a waiver [97.315(b)(2)]. An individual 
amateur may sell his amplifier regardless 
of grants or waivers, provided that he sells 
it only to another amateur operator 
[97.315(b)(4)]. Amateurs may also sell a 
used amplifier to a bona fide amateur 
equipment dealer (97.315(b)(5)]. The 
dealer could sell those amplifiers only to 
other hams [97.315(b)(5)]. 

In some cases, the FCC will deny type 
acceptance. Some features that may cause 
a denial are (1) any accessible wiring 
which, when altered, would permit opera- 
tion in a manner contrary to FCC rules; (2) 
circuit boards or similar circuitry to facili- 
tate the addition of components to change 
the amplifier’s operation characteristics in 
a manner contrary to FCC rules; (3) for 
operation or modification of the amplifier 
in a manner contrary to FCC rules; (4) any 
internal or external controls or adjust- 
ments to facilitate operation of the ampli- 
fier in a manner contrary to FCC rules; (5) 
any internal RF sensing circuitry or any 
external switch, the purpose of which is to 
place the amplifier in the transmit mode; 
(6) the incorporation of more gain than is 
necessary to operate in the amateur 
service. 


CONCLUSION 


A common thread in Amateur Radio's 
history has been a dynamic regulatory 
environment that has nurtured technologi- 
cal growth and diversity. This thread con- 
tinues to sew together the elements of 
Amateur Radio today and prepare it for 
tomorrow's challenges. 
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Abbreviations List 


a—atto (prefix for 10-18) 

A—ampere (unit of electrical current) 
ac—alternating current 
ACC—Affiliated Club Coordinator 


ACSSB—amplitude-compandored single 
sideband 


A/D—-analog-to-digital 
ADC—analog-to-digital converter 
AF—audio frequency 
AFC—automatic frequency control 
AFSK—audio frequency-shift keying 
AGC—automatic gain control 
A/h—ampere hour 


AIRS—ARRL Interference Recording 
System 


ALC—automatic level contro! 
AM—amplitude modulation 


AMRAD—Amateur Radio Research and 
Development Corp 


AMSAT—Radio Amateur Satellite Corp 


AMTOR—Amateur Teleprinting Over 
Radio 


ANT—antenna 
ARA—Amateur Radio Association 
ARC—Amateur Radio Club 


ARES—Amateur Radio Emergency 
Service 


ARQ—Automatic repeat request 
ARRL—American Radio Relay League 
ARS—Amateur Radio Society (station) 


ASCII—American National Standard 
Code for Information Interchange 


ASSC—Amateur Satellite Service Council 
ATV—amateur television 
AVC—automatic volume control 
AWG--American wire gauge 
az-el—azimuth-elevation 


B—bel; blower; susceptance; flux density 
(inductors) 


balun—balanced to unbalanced (trans- 
former) 


BC—broadcast 
BCD—binary coded decimal 
BCI—broadcast interference 


Bd—baud (bit/s in single-channel binary 
data transmission) 


BER—bit error rate 
BFO—beat-frequency oscillator 
bit—binary digit 

bit/s—bits per second 
BM—Bulletin Manager 
BPF—band-pass filter 
BPL—Brass Pounders League 
BT—battery 

BW—bandwidth 


c—centi (prefix for 10-2) 
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C—coulomb (quantity of electric charge); 
capacitor 


CAC—Contest Advisory Committee 
CATVi—cable television interference 
CB—Citizens Band (radio) 
CBBS—computer bulletin-board service 


CBMS—computer-based message 
system 


CCIR—International Research Consulta- 
tive Committee 


CCITT—International Telegraph and 
Telephone Consultative Committee 


CCTV—closed-circuit television 
CCW—coherent CW 
ccw—counterclockwise 
CD—civil defense 
cm—centimeter 


CMOS—complimentary-symmetry metal- 
oxide semiconductor 


coax—coaxial cable 
COR—carrier-operated relay 
CP—code proficiency (award) 
CPU—central processing unit 
CRT—cathode ray tube 
CT—center tap 


CTCSS—continuous tone-coded squelch 
system 


cw—clockwise 
CW—continuous wave 


d—deci (prefix for 10-1) 
D—diode 

da—deca (prefix for 10) 
D/A—digital-to-analog 
DAC—digital-to-analog converter 
dB—decibel (0.1 bel) 


dBi—decibels above (or below) isotropic 
antenna 


dBm—decibels above (or below) one 
milliwatt 


DBM—doubly balanced mixer 


dBV—decibels above/below 1 V (їп video, 
relative to 1 V P-P) 


dBW—decibels above/below 1 W 
dc—direct current 

D-C—direct conversion 

DDS—direct digital synthesis 
DEC—District Emergency Coordinator 
deg—degree 

DET—detector 

DF—direction finding; direction finder 
DIP—dual in-line package 
DMM—digital multimeter 


DPDT—double-pole double-throw 
(switch) 


DPSK—differential phase-shift keying 
DPST—double-pole single-throw (switch) 


DS—direct sequence (spread spectrum); 
display 


DSB—double sideband 
DSP—digital signal processing 
DTMF—dual-tone multifrequency 
DVM—digital voltmeter 
DX—long distance; duplex 
DXAC—DX Advisory Committee 
DXCC—DX Century Club 


e—base of natural logarithms (2.71828) 
E—Voltage 

EA—Educational Advisor 
EC—Emergency Coordinator 


ECAC—Emergency Communications 
Advisory Committee 


ECL—emitter-coupled logic 


EHF—extremely high frequency (30-300 
GHz) 


EIA— Electronic Industries Assn 
EIRP——effective isotropic radiated power 
ELF—extremely low frequency 
ELT—emergency locator transmitter 
EMC—electromagnetic compatibility 
EME—earth-moon-earth (moonbounce) 
EMF—electromotive force 
EMI—electromagnetic interference 
EMP—electromagnetic pulse 
EOC—emergency operations center 


EPROM—erasable programmable read 
only memory 


f—femto (prefix for 10-15); frequency 

F—farad (capacitance unit); fuse 

fax—facsimile 

FCC— Federal Communications Commis- 
sion 

FD—Field Day 

FEMA—Federal Emergency Management 
Agency 

FET—field-effect transistor 

FFT—fast Fourier transform 

FL—filter 

FM—frequency modulation 

FMTV—frequency-modulated television 

FSK—frequency-shift keying 

FSTV—fast-scan (real-time) television 

ft—foot (unit of length) 


g—gram (unit of mass) 

G—giga (prefix for 109); conductance 
GaAs—gallium arsenide 

GDO—grid- or gate-dip oscillator 
GHz—gigahertz (109 Hz) 
GND—ground 


h—hecto (prefix for 102) 
H—henry (unit of inductance) 
HF—high frequency (3-30 MHz) 


HFO—high-frequency oscillator; hetero- 
dyne frequency oscillator 


HPF—highest probable frequency; high- 
pass filter 


Hz—hertz (unit of frequency, 1 cycle/s) 


I—current, indicating lamp 


IARU—International Amateur Radio 
Union 


IC—integrated circuit 

ID—identification; inside diameter 

IEEE—Institute of Electrical and Electron- 
ics Engineers 

IF—intermediate frequency 

IMD—intermodulation distortion 

in.—inch (unit of length) 

in./s—inch per second (unit of velocity) 

l/O—input/output 

IRC—international reply coupon 

ISB—independent sideband 

ITF—Interference Task Force 


ITU—International Telecommunication 
Union 


j—operator for complex notation, as for 
reactive component of an impedance 
(+j inductive; –/ capacitive) 

J—joule (kg m2/s2) (energy or work unit); 
jack 

JFET—junction field-effect transistor 


k—kilo (prefix for 103); Boltzmann's 
constant (1.38 x 10-23 J/K) 


K—kelvin (used without degree symbol) 
(absolute temperature scale); relay 


kBd—1000 bauds 
kbit—1024 bits 

kbit/s—1024 bits per second 
kbyte—1024 bytes 
kg—kilogram 

kHz—kilohertz 
km—kilometer 

kV—kilovolt 

kW—kilowatt 

kQ—kilohm 


I—liter (liquid volume) 

L—tambert; inductor 

ib—pound (force unit) 
LC—inductance-capacitance 
LCD—liquid crystal display 
LED—light-emitting diode 

LF—low frequency (30-300 kHz) 
LHC—left-hand circular (polarization) 
L.O—local oscillator; League Official 
LP—log periodic 

LS—loudspeaker 

Isb—least significant bit 
LSB—lower sideband 
LSI—large-scale integration 
LUF—lowest usable frequency 


m—meter (length); milli (prefix for 10-3) 

M—mega (prefix for 106); meter (instru- 
ment) 

mA—milliampere 

mAh—milliamperehour 


MCP—multimode communications 
processor 


MDS—Multipoint Distribution Service; 
minimum discernible (or detectable) 
signal 

MF—medium frequency (300-3000 kHz) 

mH-—millihenry 

MHz—megahertz 

mi—mile, statute (unit of length) 

mi/h—mile per hour 

mi/s—mile per second 

mic—microphone 

min—minute (time) 

MIX—mixer 

mm-—millimeter 

MOD—modulator 

modem—modulator/demodulator 

MOS—metal-oxide semiconductor 


MOSFET—metal-oxide semiconductor 
field-effect transistor 


MS—meteor scatter 
ms—millisecond 

m/s—meters per second 
msb—most-significant bit 
MSI—medium-scale integration 
MSK—minimum-shift keying 
MSO—message storage operation 
MUF—maximum usable frequency 
mV—millivolt 

mW—milliwatt 

MQ—megohm 


n—nano (prefix for 10-9); number of turns 
(inductors) 

NBFM—narrow-band frequency modula- 
tion 

NC—no connection; normally closed 


NCS—net-control station; National 
Communications System 


nF—nanofarad 

NF—noise figure 

nH—nanohenry 

NiCd—nickel cadmium 

NM—Net Manager 

NMOS—N-channel metal-oxide silicon 

NO—normaily open 

NPN—negative-positive-negative 
(transistor) 


NPRM—Notice of Proposed Rule Making 
(FCC) 

NR—Novice Roundup (contest) 

ns—nanosecond 

NTS—National Traffic System 


OBS—Official Bulletin Station 
OD—outside diameter 


OES—Official Emergency Station 
OO—Official Observer 

op amp—operational amplifier 
ORS—Official Relay Station 
OSC—oscillator 


OSCAR-—Orbiting Satellite Carrying 
Amateur Radio 


OTC—Old Timer's Club 
OTS—Official Traffic Station 
oz—ounce (force unit, 1/16 pound) 


p—pico (prefix for 10-12) 
P—power; plug 
PA—power amplifier 


PacTOR—digital mode combining 
aspects of packet and AMTOR 


PAM—pulse-amplitude modulation 

PBS—packet bulletin-board system 

PC—printed circuit 

Pp—power dissipation 

PEP—peak envelope power 

PEV—peak envelope voltage 

pF—picofarad 

pH—picohenry 

PIA—Public Information Assistant 

PIN—positive-intrinsic-negative (semi- 
conductor) 

PIO—Public Information Officer 

PIV—peak inverse voltage 

PLL—phase-locked loop 

PM—phase modulation 


PMOS—P-channel (metal-oxide semicon- 
ductor) 


PNP—positive-negative positive (transis- 
tor) 

pot—potentiometer 

P-P—peak to peak 

ppd—postpaid 

PRAC—Public Relations Advisory 
Committee 


PROM—programmable read-only 
memory 


PSHR—Public Service Honor Roll 
PTO—permeability-tuned oscillator 
PTT—push to talk 


Q—figure of merit (tuned circuit); 
transistor 


QRP—low power (less than 5-W output) 


R—resistor 


RACES—Radio Amateur Civil Emergency 
Service 


RAM—random-access memory 
RC—resistance-capacitance 
R/C—radio control 

RCC—Rag Chewer's Club 
RDF—radio direction finding 
RF—radio frequency 
RFC—radio-frequency choke 
RFI—radio-frequency interference 
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RHC—right-hand circular (polarization) 

RIT—receiver incremental tuning 

RLC—resistance-inductance-capacitance 

RM—rule making (number assigned to 
petition) 

r/min—revolutions per minute 

RMS—root mean square 

ROM—read-only memory 

r/s—revolutions per second 

RST—readability-strength-tone (CW 
signal report) 

RTTY—radioteletype 

RX—receiver, receiving 


s—second (time) 
S—siemens (unit of conductance; switch 


SASE—self-addressed stamped 
envelope 


SCF—switched capacitor filter 
SCR-—silicon controlled rectifier 
SEC—Section Emergency Coordinator 
SET—Simulated Emergency Test 
SGL—State Government Liaison 
SHF—super-high frequency (3-30 GHz) 
SM—Section Manager; silver mica 
(capacitor) 
S/N—signal-to-noise ratio 
SPDT—single pole double-throw (switch) 
SPST—single-pole single-throw (switch) 
SS—Sweepstakes; spread spectrum 
SSB—single sideband 
SSC—Special Service Club 
SSI—small-scale integration 
SSTV—slow-scan television 
STM—Section Traffic Manager 
SX—simplex 
sync—synchronous, synchronizing 
SWL—shortwave listener 
SWR-—standing-wave ratio 


T—tera (prefix for 1012); transformer 
TA—Technical Advisor 
TC—Technical Coordinator 
TCC—Transcontinental Corps (NTS) 


TCP/IP—Transmission Control Protocol/ 
Internet Protocol 


TD—Technical Department (ARRL HQ) 

tfc—traffic 

TNC—terminal node controller (packet 
radio) 

TR--transmit/receive 

TS—Technical Specialist 

TTL—transistor-transistor logic 

TTY—teletypewriter 

TU—terminal unit 

TV—television 

TVI—television interference 

TX—transmitter, transmitting 


U—integrated circuit 


UHF—ultra-high frequency (300 MHz to 
3 GHz) 


USB—upper sideband 
UTC—Coordinated Universal Time 
UV—ultraviolet 


V—volt; vacuum tube 
VCO—voltage-controlled oscillator 
VCR—video cassette recorder 
VDT—video-display terminal 
VE—Volunteer Examiner 
VEC—Volunteer Examiner Coordinator 
VFO—variable-frequency oscillator 
VHF—very-high frequency (30-300 MHz) 
VLF—very-low frequency (3-30 kHz) 
VLSI—very-large-scale integration 


VMOS—V-topology metal-oxide semicon- 
ductor 


VOM—volt-ohm meter 
VOX-—voice operated switch 
VR—voltage regulator 


VRAC—VHF Repeater Advisory Commit- 
tee 


VSWR—voltage standing-wave ratio 
VTVM—vacuum-tube voltmeter 
VUAC—VHF/UHF Advisory Committee 
VUCC—VHF/UHF Century Club 


VXO—variable-frequency crystal 
oscillator 


W—watt (kg m?s-3), unit of power 
WAC—Worked All Continents 
WAS—Worked All States 
WBFM—wide-band frequency modulation 
WEFAX—weather facsimile 
Wh—watthour 

WPM-—words per minute 

WRC—World Radio Conference 
WVDC-—working voltage, direct current 


X—reactance 

XCVR—transceiver 
XFMR—transformer 
XIT—transmitter incremental tuning 
XO—crystal oscillator 
XTAL—crystal 

XVTR—transverter 


Y—crystal; admittance 
YIG—yttrium iron garnet 


Z—impedance; also see UTC 


5BDXCC—Five-Band DXCC 
5BWAC—Five-Band WAC 
5BWAS—Five-Band WAS 
6BWAC—Six-Band WAC 


°—degree (plane angle) 
*C—degree Celsius (temperature) 
°F—degree Fahrenheit (temperature) 


a—(alpha) angles; coefficients, attenua- 
tion constant, absorption factor, area, 
common-base forward current-transfer 
ratio of a bipolar transistor 


B—(beta) angles; coefficients, phase 
constant current gain of common- 
emitter transistor amplifiers 


yY—(gamma) specific gravity, angles, 
electrical conductivity, propagation 
constant 

Y—(gamma) complex propagation 
constant 


5—(delta) increment or decrement; 
density; angles 


A—(delta) increment or decrement 
determinant, permittivity 


e—(epsilon) dielectric constant; permittiv- 
ity; electric intensity 

6—(zeta) coordinates; coefficients 

n—(eta) intrinsic impedance; efficiency; 
surface charge density; hysteresis; 
coordinate 


6—(theta) angular phase displacement; 
time constant; reluctance; angles 


1—(iota) unit vector 
K—(kappa) susceptibility; coupling 
coefficient 


À—(lambda) wavelength; attenuation 
constant 


A—(lambda) permeance 

u—(mu) permeability; amplification factor; 
micro (prefix for 10-5) 

uC—microcomputer 

yu F—microfarad 

yuH—microhenry 

uP—microprocessor 

E—(xi) coordinates 

n—(pi) 3.14159 


p—(rho) resistivity; volume charge 
density; coordinates; reflection 
coefficient 


o—(sigma) surface charge density; 
complex propagation constant; 
electrical conductivity; leakage 
coefficient; deviation 

x—(sigma) summation 

t—(tau) time constant; volume resistivity; 
time-phase displacement; transmis- 
sion factor; density 


$—(phi) magnetic flux; angles 

@—(phi) summation 

X—(chi) electric susceptibility; angles 

w—(psi) dielectric flux; phase difference; 
coordinates; angles 


@—(omega) angular velocity 2nf 


Q—(omega) resistance in ohms; solid 
angle 
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ARRL Handbook Address List 


These companies or individuals are cited in this edition of the ARRL Handbook. Please send updates to the ARRL 
Handbook Editor at ARRL Headquarters. i 


A & A Engineering » 
2521 W LaPalma Ave, Unit K 
Anaheim, CA 92801 
714-952-2114 

fax 714-952-3280 


Advanced Electronic Applications, Inc 
PO Box C2160 

Lynnwood, WA 98036 

206-774-5554 

800-432-8873 (literature requests) 
206-775-7373 (service) 


Advanced Receiver Research 
Box 1242 

Burlington, CT 06013 
203-485-0311 


Alexander Aeroplane Co 
PO Box 909 

Griffin, GA 30224 
800-831-2949 

fax 404-229-2329 


Alinco Electronics 

438 Amapola Ave, #130 
Torrance, CA 90501 
310-618-8616 

fax 310-618-8758 


All Electronics Corp 
14928 Oxnard St 
Van Nuys, CA 91411 
800-826-5432 

fax 818-781-2653 


Allied Electronics 
7410 Pebble Dr 

Fort Worth, TX 76118 
800-433-5700 


Allstar Magnetics 
7206 NE 37 Ave 
Vancouver, WA 98665 
206-693-0213 

fax 206-693-0639 


Aluma Tower 
Box 2806 
Vero Beach, FL 32960 


AM Press/Exchange 
2116 Old Dover Rd 
Woodlawn, TN 37191 


Amateur Television Quarterly 
1545 Lee St 

Suite 73 

Des Plaines, IL 60018 
708-298-2269 


AMECO Publishing Corp 
275 Hillside Ave 
Williston Park, NY 11596 


American Design Components 
400 County Ave 

Secaucus, NJ 07094 
201-601-8999 

fax 201-601-8990 


American National Standards Institute 
(ANSI) 

11 W 42nd St 

New York, NY 10036 

212-642-4900 


American Radio Relay League (ARRL) 
225 Main St 

Newington, CT 06111-1494 
203-594-0200 

fax 203-594-0259 

bbs 203-594-0306 

MCI Mail: 215-5052 
CompuServe: 70007,3373 
America Online: HQARRL1 
GEnie: ARRL 

Prodigy: PTYSO2A 

Telex: 650215-5052 MCI 


Ameritron 

921 Louisville Rd 

Starkville, MS 39759 

601-323-9715 

fax 601-323-6551 

email: 76206. 1763 9 Compuserve.com 


Amidon, Inc 

3122 Alpine Ave 
Santa Ana, CA 92704 
714-850-4660 

fax 714-850-1163 


AMRAD 
Post Box 6148 
McLean, VA 22106 


AMSAT (Radio Amateur Satellite Corp) 
PO Box 27 

Washington, DC 20044 

301-589-6062 

email: martha @amsat.org 


Anchor Electronics 
2040 Walsh Ave 

Santa Clara, CA 95050 
408-727-3693 

fax 408-727-4424 


Angle Linear 

PO Box 35 

Lomita, CA 90717 

email: cangle @ anglelinear.com 


Antique Electronics Supply 
PO Box 27468 

Tempe, AZ 85285-7468 
602-820-5411 

fax 602-820-4643 

fax 800-706-6789 


Antique Radio Classified 
PO Box 802-B15A 
Carlisle, MA 01741 
508-371-0512 

fax 508-371-7129 


Arrow Electronics 

1860 Smithtown Ave 
Ronkonkoma, NY 11779 
800-932-7769 

fax 516-585-0878 


ARS Electronics 

7110 De Celis PI 

PO Box 7323, Dept C 
Van Nuys, CA 91409 
818-997-6200 
800-422-4250 
800-422-4277 (CA only) 


Association of North American Radio 
Clubs 

PO Box 11202 

Shawnee Mission, KS 66207-0201 
bbs 913-345-1978 

email (SWL net info) 
74756.1557 Q compuserve.com 


Atlantic Surplus Sales 
3730 Nautilus Ave 
Brooklyn, NY 11224 
718-372-0349 


ATV Research, Inc 
1301 Broadway | 

PO Box 620 

Dakota City, NE 68731 
402-987-3771 


Avantek 

3175 Bowers Ave 

Santa Clara, CA 95054-3292 
408-727-0700 


Avatar Magnetics 
see Ronald C. Williams 


Barker & Williamson Corp 
10 Canal St 

Bristol, PA 19007 
215-788-5581 

fax 215-788-9577 


Robert H. Bauman Sales 
PO Box 122 
Itasca, IL 60143 


Bird Electronic Corporation 
30303 Aurora Rd 
Cleveland, OH 44139 
216-248-1200 


Ron Boucher 

PO Box 541 

Goffstown, NH 03045-0541 
603-497-2988 


Buckmaster Publishing 
Rte 4, Box 1630 
Mineral, VA 23117 
800-282-5628 
703-894-5777 
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Calogic Corp 

237 Whitney Р! 
Fremont, CA 94539 
510-656-2900 


Cetron Communications 
715 Hamilton St 
Geneva, IL 60134 
800-238-7661 
708-208-3700 

fax 708-208-3750 


Circuit Specialists, Inc 

220 S Country Club Dr, Bldg #2 
Mesa, AZ 85210 
602-966-0764 


Coilcraft 

1102 Silver Lake Rd 
Cary, IL 60013 
800-322-2645 


Communication Concepts, Inc (CCI) 
508 Millstone Dr 

Beavercreek, OH 45434-5840 
513-426-8600 

fax 513-429-3811 


Communications Quarterly 
76 North Broadway 
Hicksville, NY 11801 
516-681-2922 


Communications Specialists, Inc 
426 W Taft Ave 

Orange, CA 92665-4296 
800-854-0547 

714-998-3021 

fax 714-974-3420 


Condenser Products Corp 
2131 Broad St 
Brooksville, FL 34609 


Contact East, Inc 

335 Willow St 

North Andover, MA 01845 
508-682-2000 

fax 508-688-7829 


Ken Cornell 
225 Baltimore Ave 
Point Pleasant, NJ 08742 


CQ Magazine 

76 North Broadway 
Hicksville, NY 11801 
516-681-2922 


CQ-TV 

British Amateur Television Club 
Dave Lawton, GOANO 
Grenehurst, Pinewood Rd 

High Wycombe, Bucks HP12 4DD 
UK 

email: dave @ bate.demon.co.uk 


Curry Communications 
852 N Lima St 
Burbank, CA 91505 
818-846-0617 
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Cushcraft Corp 

PO Box 4680 

48 Perimeter Rd 
Manchester, NH 03108 
603-627-7877 

fax 603-627-1764 
Telex 4949472 


CW Technology 

7328 Timbercreek Ct 
Reynoldsburg, OH 43068-1181 
614-759-1506 

800-547-7479 

email: cwtech Q infinet.com 


Jacques d'Avignon, VE3VIA 

965 Lincoln Dr 

Kingston, ON K7M 4Z3 Canada 
613-634-1519 

email: 70531.140 @compuserve.com 


Daiwa: see Electronic Equipment Bank 


Dallas Remote Imaging Group Bulletin- 
Board System 
214-394-7438 


Dan's Small Parts and Kits 
1935 South 3rd West #1 
Missoula, MT 59801 
406-543-2872 


DATACOM 

British Amateur Radio Teleprinter Group 
(BARTG) 

c/o Pat Beedie, GW6MOJ 

"Ffynnonlas" 

Salem, Llandeilo 

Dyfed 

Wales SA19 6EW 

UK 


Davis RF Co 

PO Box 230 
Carlisle, MA 01741 
508-371-1356 
508-369-1738 

fax 508-369-3484 


Digi-Key Corporation 

701 Brooks Ave S 

PO Box 677 

Thief River Falls, MN 56701 
800-344-4539 

fax 218-681-3380 


Digital Journal 

PO Box 2550 

Goldenrod, FL 32733-2550 
407-671-7000 

fax 47-671-0194 

bbs 813-922-5904 


Digital Vision, Inc 
270 Bridge St 
Dedham, MA 02026 
617-329-5400 

bbs: 617-329-8387 


Dots and Dashes (Periodical) 

Morse Telegraph Club, Inc 

1101 Maplewood Dr 

Normal, IL 61761 

309-454-2029 

email: wkdunbar Q heartland.bradley.edu 


Down East Microwave, Inc 
954 Rte 519 

Frenchtown, NJ 08825 
908-996-3584 

fax 908-996-3702 


EDCO: see Electronic Equipment Bank 


EDI, Inc 

1260 Karl Ct 
Wauconda, IL 60084 
708-487-3347 

fax 708-487-3346 


Edlie Electronics, Inc 

2700 Hempstead Tpke 
Levittown, NY 11756-1143 
516-735-3330 

fax 516-731-5125 


Ehrhorn Technological Operations, Inc 
4975 N 30th St 

Colorado Springs, CO 80919 
719-260-1191 

719-599-3861 


EIMAC: see Varian 


Electric Radio Magazine 
Box 57 
Hesperus, CO 81326 


Electro Sonic, Inc 

100 Gordon Baker Rd 
Willowdale, ON M2H 3B3 
Canada 

416-494-1666 
416-494-1555 


Electronic Emporium 
3621-29 E Weir Ave 
Phoenix, AZ 85040 
602-434-8633 

fax 602-437-8835 


Electronic Equipment Bank 
323 Mill St NE 

Vienna, VA 22180 
703-938-3350 

fax 703-938-6911 


Electronic Industries Assn 

Director of Consumer Affairs 
and Special Projects 

2500 Wilson Blvd 

Arlington, VA 22205 

703-907-7626 


Electronic Precepts of Florida 
7401 114th Ave N, Suite 502A 
Largo, FL 34643 
800-367-4649 


Electronics Now/Radio Electronics 
500-B Bi-County Blvd 
Farmingdale, NY 11735 
800-288-0652 (Customer Service) 
516-293-3000 

fax 516-293-3115 


Elktronics 

12536 T.77 
Findlay, OH 45840 
419-422-8206 


Elmira Electronics 

PO Box 4230, Southside Station 
Elmira, NY 14904 
607-734-6114 


Elna Ferrite Laboratories, Inc 
234 Tinker St 

PO Box 395 

Woodstock, NY 12498 
914-679-2497 

fax 914-679-7010 


EME Tracker 

Gary Meyers, KORX 
1753 Elmwood Dr 
Rockhill, SC 29730 


EMI Filter Co 
9075A 130 Ave N 
Largo, FL 34643 
800-323-7990 
fax 813-586-5138 


Encomm 
1506 Capitol Ave 
Plano, TX 75074 


Engineering Consulting 
583 Candlewood St 
Brea, CA 92621 
714-671-2009 


ESF Copy Services 
4011 Clearview Dr 
Cedar Falls, ІА 50613 


Fair Radio Sales Co, Inc 
PO Box 1105 

1016 E Eureka St 

Lima, OH 45802-1105 
419-227-6573 

fax 419-227-1313 
419-223-2196 


Fair-Rite Products Corp 

PO Box J, One Commercial Row 
Wallkill, NY 12589 
914-895-2055 


Fala Electronics 
PO Box 1376 
Milwaukee, WI 53201 


Falcon Communications 
PO Box 8979 
Newport Beach, CA 92658 


FAR Circuits 
18N640 Field Ct 
Dundee, IL 60118 
708-836-9148 


FM-RTTY Publishing 
PO Box 842 
Denver, CO 80201-0842 


Fox-Tango Corp: see International Radio 
and Computers, Inc 


G-O-Metric 

c/o Marty Manion 
909 Norwich Ave 
Delran, NJ 08075 


Gateway Electronics 
8123 Page Blvd 

St Louis, MO 63130 
800-669-5810 
314-427-6116 

fax 314-427-3147 


Glen Martin Engineering 
Rte 3, Box 322 
Boonville, MO 65233 
816-882-2734 

fax 816-882-7200 


L. L. Grace Corp 

41 Acadia Dr 
Voorhees, NJ 08043 
609-751-1018 


Grove Enterprises 

PO Box 98 

300 S Hwy 64 W 
Brasstown, NC 28902-0098 
704-837-9200 
704-837-7081 (tech) 
800-438-8155 


H&RCo 

18 Canal St 
Bristol, PA 19007 
215-788-5583 

fax 215-788-9577 


HAL Communications Corp 
PO Box 365 

1201 W Kenyon Rd 
Urbana, IL 61801 
217-367-7373 


Ham Equipment Buyers Guide 
Barbara Wixon 

189 Kenilworth 

Glen Ellyn, IL 60137 


Ham Trader Yellow Sheets 
PO Box 2057 

Glen Ellyn, IL 60138 
708-690-6230 (voice and fax) 


Hammond Mfg Co, Inc 
1690 Walden Ave 
Buffalo, NY 14225-4971 
716-894-5710 

fax 716-894-1156 


Hammond Mig, Ltd 
394 Edinburgh Rd, N 
Guelph, ON N1H 1E5 
Canada 
519-822-2960 
905-456-3770 

fax 519-822-0715 


Hamtronics, Inc 
65-Q Moul Rd 
Hilton, NY 14468 
716-392-9430 

fax 716-392-9420 


Handi-Ham Courage Center 
3915 Golden Valley Rd 
Golden Valley, MN 55422 
612-520-4515 


Heath Co 

PO Box 8589 

Benton Harbor, М! 49023-8589 
800-253-0570 


Henry Radio 
2050 S Bundy Dr 
Los Angeles, CA 90025 


HERD Electronics 

514 S Baltimore St 
Dillsburg, PA 17019-9601 
717-432-4519 


High Technology Flight 
Airport Industrial Dr 
Ypsilanti, МІ 48198 
313-482-2670 

fax 313-482-2671 

email: robertvan @ aol.com 
bbs: 313-482-2657 


Hi-Manuals 

PO Box 802 

Council Bluffs, ІА 51502-0802 
712-323-9737 


Hosfelt Electronics 
2700 Sunset Blvd 
Steubenville, OH 43952 
800-524-6464 


Howard W. Sams & Co 

2647 Waterfront Pky E Dr, #300 
Indianapolis, IN 46214 
317-298-5565 

800-428-7267 


Hy-Gain Division, Telex Communications, 
Inc: see Telex 


ICOM America, Inc 
2380-116th Ave NE 
Bellevue, WA 98004 


Idiom Press 
Box 1025 
Geyserville, CA 95441-1025 


Industrial Communications Engineers 
POB 18495 

indianapolis, IN 46218-0495 
317-545-5412 


Industrial Safety Co 
1390 Neubrecht Rd 
Lima, OH 45801 
419-227-6030 

fax 419-228-5034 


Institute of Electrical and Electronics 
Engineers (IEEE) 

345 E 47th St 

New York, NY 10017-2394 


IEEE Operations Center 
445 Hoes Ln 

PO Box 1331 

Piscataway, NJ 08855-1331 
908-981-0060 
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International Components Corp 
105 Maxess Rd 

Melville, NY 11747 
800-645-9154 

516-293-1500 (NY) 

fax 516-293-4983 


International Crystal Mfg Co 

PO Box 26330 

10 North Lee 

Oklahoma City, OK 73126-0330 
405-236-3741 

800-725-1426 

fax 800-322-9426 


International Radio and Computer, Inc 
3804 South US 1 

Fort Pierce, FL 34982 

407-489-0956 

fax 407-464-6386 


International Telecommunication Union 
(ITU) 

Place des Nations 

CH 1211 

Geneva 20 

Switzerland 


IPS Radio and Space Services 
PO Box 5606 

W Chatswood, NSW 2057 
Australia 

email: rwc @ips.gov.au 


Jade Products, inc 

East Hampstead, NH 03826-0368 
800-JADE-PRO 

fax 603-329-4499 


Jameco 

1355 Shoreway Rd 
Belmont, CA 94002 
800-831-4242 
508-475-7831 

fax 1-800-237-6948 


James Millen Electronics 
PO Box 4215BV 

Andover, MA 01810-4215 
508-975-2711 
508-475-7831 

fax 508-474-8949 


JAN Crystals 

2341 Crystal Dr 

PO Box 60017 

Fort Myers, FL 33906-6017 
800-526-9825 
941-936-2397 

fax 941-936-3750 


JDR Microdevices 

1850 S 10th St 

San Jose, CA 95122-4108 
408-494-1400 

800-538-5000 (orders) 
800-538-5001 (customer service) 


Marlin P. Jones and Assoc 

PO Box 12685 

Lake Park, FL 33403-0685 
407-848-8236 (tech assistance) 
fax 800-4 FAX YES 

fax 407-844-8764 
800-OK2ORDER (orders) 
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K-Com 

POB 83 

Randolph, OH 44265 
216-325-2110 


Kanga US 

3521 Spring Lake Dr 
Findlay, OH 45840 
419-423-4604 
419-423-5643 

email: kanga @ bright.net 


Kantronics 

1202 E 23rd St 

Lawrence, KS 66046-5099 
913-842-7745 

fax 913-842-2031 


Kenwood Communications Corp 
PO Box 22745 

2201 East Dominguez St 

Long Beach, CA 90801-5745 
310-639-5300 

310-639-4200 

fax 310-631-3913 

bbs 310-761-8284 


Kepro Circuit Systems, Inc 
630 Axminister Dr 

Fenton, MO 63026-2992 
800-325-3878 
314-343-1630 

fax 314-343-0668 


Kilo-Tec 

POB 10 

Oak View, CA 93022 
805-646-9645 (voice and fax) 


Kirby 

298 West Carmel Dr 
Carmel, IN 46032 
317-843-2212 


KLM Electronics, Inc 
PO Box 816 
Morgan Hill, CA 95037 


Kooltronic 

1700 Morse Ave 
Ventura, CA 93003 
805-642-8521 


KVG 

2240 Woolbright Rd 

Ste 320-A 

Boynton Beach, FL 33426-6325 
407-734-9007 

fax 407-734-9008 


K2AW’s Silicon Alley 

175 Friends Ln 

Westbury, NY 11590 
516-334-7024 (voice and fax) 


John Langner, WB20SZ 
115 Stedman St 
Chelmsford, MA 01824-1823 


Lashen Electronics, Inc 
21 Broadway 

Denville, NJ 07834 
201-627-3783 

fax 201-625-9501 

bbs 201-627-4959 


Lodestone Pacific 
4769 Wesley Dr 
Anaheim, CA 92807 
914-970-0900 
914-970-0800 


The Lowdown (Long Wave Club of 
America) 

William E. Oliver, Publisher 

45 Wildflower Rd 

Levittown, PA 19057 

215-945-0543 

email: naswat @aol.com 


LTA 

PO Box 77 

New Bedford, PA 16140 
216-565-9950 

bbs 412-528-8877 

email: k3lr@telerama.lm.com 


M? Enterprises 
7560 N Del Mar Ave 
Fresno, CA 93711 
209-432-8873 

fax 209-432-3059 


MA/COM, Anzac Division 
1011 Pawtucket Blvd 
PO Box 3295 

Lowell, MA 01853-3295 
508-442-4500 

fax 508-442-4436 


MAI/Prime Parts 

5736 N Michigan Rd 
Indianapolis, IN 46208 
317-257-6811 


The Manual Man 

Pete Markavage, WA2CWA 
27 Walling St 

Sayreville, NJ 08872-1818 
908-238-8964 


Mark V Electronics 
8019 E Slauson Ave 
Montebello, CA 90640 
213-888-8988 

fax 213-888-6868 


Richard Measures 
6455 LaCumbre Rd 
Somis, CA 93066 
805-386-3734 


Mendelsohn Electronics Co, Inc 
340 E First St 

Dayton, OH 45402 
800-344-4465 

513-461-3525 

fax 513-461-3391 


Metal and Cable Corp, Inc 
PO Box 117 

Twinsburg, OH 44087 
216-425-8455 

fax 216-425-3504 


MFJ Enterprises 

PO Box 494 

Mississippi State, MS 39762 
601-323-5869 

fax 601-323-6551 

email: 76206.1763G compuserve.com 


Microcraft Corp 

PO Box 513Q 
Thiensville, WI 53092 
414-241-8144 


Microvideo Products 
1334 S Shawnee Dr 
Santa Ana, CA 92704 
800-473-0538 


Microwave Components of Michigan 
PO Box 1697 

Taylor, MI 48180 

313-753-4581 (evenings) 


Microwave Filter Co, Inc 
6743 Kine St 

E Syracuse, NY 13057 
800-448-1666 
315-437-3953 

fax 315-463-1467 


Mini Circuits Labs 

PO Box 350166 

Brooklyn, NY 11235-0003 
718-934-4500 


Mirage Communications 
PO Box 1000 
Morgan Hill, CA 95037 


Model Aviation (Radio Control) 
1810 Samuel Morse Dr 
Reston, VA 22090 
703-435-0750 


Modern Radio Laboratories 
PO Box 14902-Q 
Minneapolis, MN 55414-0902 


Monitoring Times 

Grove Enterprises, Inc 

PO Box 98 

Brasstown, NC 28902-0098 
704-837-9200 

fax 704-837-2216 

bbs 704-837-9200 


Motorola Semiconductor Products, Inc 
PO Box 20912 

Phoenix, AZ 85036 

800-441-2447 


Mouser Electronics 
2401 Hwy 287 N 
Mansfield, TX 76063 
800-346-6873 


National Fire Protection Assn 
1 Batterymarch Park 

PO Box 9101 

Quincy, MA 02269-9101 
800-344-3555 


National Semiconductor Corp 
PO Box 58090 

Santa Clara, CA 95052-8090 
800-272-9959 

fax 800-432-9672 


National Technical Information Service 
5285 Port Royal Rd 

Springfield, VA 22161 

703-487-4650 


National Tower Co 

PO Box 15417 

Shawnee Mission, KS 66285 
800-762-5049 

913-888-8864 


NEDA Journal 

North East Digital Association 
PO Box 563 

Manchester, NH 03105 


Newark Electronics 

4801 N Ravenswood Ave 
Chicago, IL 60640 
312-784-5100 

fax 312-784-3670 


New Sensor Corp 

133 Fifth Ave 

New York, NY 10003 
212-529-0466 
800-633-5477 (orders) 
Fax 212-529-0486 


NOISE/COM Co 

E 49 Midland Ave 
Paramus, NJ 07652 
201-261-8797 


Northern Lights Software 

2881 CR 21 

Canton, NY 13617 

315-379-0161 

email: томе @slumus.stlawu.edu 


Nuts & Volts Magazine 
430 Princeland Ct 
Corona, CA 91719 


N6YHY TVI Filters 
928 Yellow Brick Rd 
Modesto, CA 95351 
209-531-1326 


Oak Hills Research 
20879 Madison 

Big Rapids, MI 49307 
616-796-0920 

fax 616-796-6633 


Ocean State Electronics 
6 Industrial Dr 
Westerly, RI 02891 
401-596-3080 

fax 401-596-3590 


‘Old Tech—Books & Things 
John V. Terrey 

PO Box 803 

Carlisle, MA 01741 


The Old Timer's Bulletin 
The Antique Wireless Assn 
Holcomb, NY 14469 


Osborne McGraw-Hill 
2600 Tenth St 
Berkeley, CA 94710 


Pac-Comm Packet Radio Systems, Inc 
4413 N Hesperides St 

Tampa, FL 33614-7618 

800-486-7388 (orders) 

813-874-2980 

fax 813-872-8696 

email: 76576.2003 9 compuserve.com 


Palomar Engineers 
PO Box 462222 
Escondido, CA 92046 
619-747-3343 

fax 619-747-3346 


Pasternack Enterprises 
PO Box 16759 

Irvine, CA 92713 
714-261-1920 


PC Electronics 

2522 Paxson Ln 
Arcadia, CA 91007 
818-447-4565 

fax 818-447-0489 

email: tomsmb @ aol.com 


Penta Labs/Jolida, Inc 
800-783-2555 


Peter W. Dahl Co, Inc 
5869 Waycross 

El Paso, TX 79924 
915-751-2300 

fax 915-751-0768 


Philips Components (Ferroxcube) 
5083 Kings Hwy 
Saugerties, NY 12477 


Philips-Tech Electronics 
POB 8533 

Scottsdale, AZ 85252 
602-947-7700 

fax 602-269-3283 
800-880-6637 (MMDS) 


Popular Communications 
76 North Broadway 
Hicksville, NY 11801-2953 
516-681-2922 


Power Supply Components 
677 Palomar Ave 
Sunnyvale, CA 94086 
408-737-1333 

fax 408-737-0502 


Practical Wireless 
Arrowsmith Court 
Station Approach 
Broadstone 

Dorset BH18 8PW 
England 


Pride Tubes 

8200 South Memorial Pkwy 
Huntsville, AL 35802 
800-638-3925 
205-650-5522 


PRO Distributors 
2811-B 74th St 
Lubbock, TX 79423 
800-658-2027 
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The PX Shack 
52 Stonewyck Dr 
Belle Mead, NJ 08502 


QRP Quarterly 

PO Box 776 

Alpine, TX 79831 
(Subscriptions) 

Mike Kilgore, KG5F 
2046 Ash Hill Rd 
Carrolton, TX 75007 


Quantics 
PO Box 2163 
Nevada City, CA 95959-2163 


R & B Enterprises 
20 Clipper Rd 
W Conshohocken, PA 19428 


R & D Electronics 
1224 Prospect Ave 
Cleveland, OH 44115 
216-621-1121 


R & L Electronics 
1315 Maple Ave 
Hamilton, OH 45011 
800-221-7735 
513-868-6399 

fax 513-868-6574 


Radio Age (Antique Radio) 
636 Cambridge Rd 
Augusta, GA 30909 
706-738-7227 


RADIOKIT 

PO Box 973 
Petham, NH 03076 
603-635-2235 

fax 603-635-2943 


Radio Society of Great Britain (RSGB) 
Lambda House 

Cranborne Rd 

Potters Bar, Herts EN6 3JE 

UK 


Radio Switch Corp 
Rte 79 
Marlboro, NJ 07746 


Radioware 

87 Belmont St 

N Andover, MA 01845 
800-950-9273 (orders) 


Rainy Day Books 

PO Box 775 
Fitzwilliam, NH 03447 
603-585-3448 

fax 603-215-0046 


Ramsey Electronics, Inc 
793 Canning Pkwy 
Victor, NY 14564 
716-924-4560 

fax 716-924-4555 


RATS 


PO Box 93 
Park Ridge, NJ 07656-0093 
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RF Parts Co 

435 S Pacific St 

San Marcos, CA 92069 
619-744-0900 

fax 619-744-1943 


RMS Electronics 

621 Rte 46 

Hasbrouck Heights, NJ 07064 
201-288-8833 


Rohn 
PO Box 2000 
Peoria, IL 61656 


S & S Engineering 
14102 Brown Rd 
Smithburg, MD 21783 
301-416-0661 

fax 301-416-0963 


Sentry Mfg Co 

PO Box 250 
Chickasha, OK 73023 
405-224-6780 
800-252-6780 


SHF Microwave Parts Company 
7102 W 500 S 

La Porte, IN 46350-9575 
email: prutz@shfmicro.com 


Short Wave Magazine 
PW Publishing, Ltd 
Arrowsmith Court 
Station Approach 
Broadstone 

Dorset BH18 8PW, UK 


Simple Design Implementations 
PO Box 9303 

Forestville, CT 06011-9303 
203-582-8526 


Sky & Telescope (Astronomy) 
PO Box 9111 
Belmont, MA 02178-9918 


SkymooN 
9012 Kings Dr 
Manvel, TX 77578 


Skywave Technologies 
17 Pine Knoll Rd 
Lexington, MA 02173 
617-862-6742 


Small Parts, Inc 

PO Box 4650 

13980 NW 58th Ct 

Miami Lakes, FL 33014-0650 
305-558-1255 

fax 800-423-9009 


Software Systems Consulting 
615 S Е! Camino Real 

San Clemente, CA 92672 
714-498-5784 

fax 714-498-0568 


The Solar Depot 

99 rear Washington St 
Melrose, MA 02176 
617-665-7609 

email: rmeuse Q world.std.com 


Solar Energy of South Florida (Dwayne 
Mayo) 

1024 NE 21st St 

Belle Glade, FL 33430 

407-996-6290 


Solder-It Co 

Box 20100 

Cleveland, OH 44120 
216-791-4600 
800-897-8989 

fax 216-721-3700 
email: fd006 @ apk.net 


Southern Radio Supply 
1909 Tulane Ave 

New Orleans, LA 70112 
504-524-2343 


Southwestern Bell 

Freedom Phone Accessories 
7486 Shadeland Station Way 
Indianapolis, IN 46256 
317-576-6847 


Sparks Journal 

Society of Wireless Pioneers, Inc 
PO Box 530 

Santa Rosa, CA 95402 


Sparrevohn Engineering 
143 Nieto Ave SW #1 
Long Beach, CA 90803 
714-642-7323 
310-433-7240 


SPEC-COM Journal 

PO Box 1002 

Dubuque, IA 52004-1002 
319-557-1002 


Spectrum International, Inc 
PO Box 1084 

Concord, MA 01742 
508-263-2145 

fax 508-263-7008 


Star Circuits 

POB 94917 

Las Vegas, NV 89193 
800-433-6319 


Star-Tronics 

PO Box 98102 

Las Vegas, NV 89193-8102 
702-795-7151 


Steinmetz Electronics 
7519 Maplewood Ave 
Hammond, IN 46324 
219-931-9316 


SunLight Energy Systems 
2225 Mayflower NW 
Massillon, OH 44646 


Superintendent of Documents 
US Government Printing Office 
Washington, DC 20402-9371 
202-512-1800 


Surplus Sales of Nebraska 
1502 Jones St 

Omaha, NE 68102 
402-346-4750 

fax 402-346-2939 


Surplus Traders 
PO Box 276 
Alburg, VT 05440 


TAB/McGraw-Hill, Inc 

Blue Ridge Summit, PA 17214 
800-822-8158 

fax 717-794-2080 


Tandy Nationa! Parts 
900 E Northside Dr 
Ft Worth, TX 76102 
800-322-3690 

fax 817-870-5626 


TCE Labs 

2365 Waterfront Park Dr 
Canyon Lake, TX 78133 
210-899-4575 


Technical Department Secretary: 
see American Radio Relay League 


TE Systems 
PO Box 25845 
Los Angeles, CA 90025 


Tejas RF Technology 

PO Box 720331 

Houston, TX 77272-0331 
713-879-9300 

fax 713-879-9494 


Telecom Industries 
1385 Akron St 
Copaigue, NY 11726 
516-789-5020 


Telex Communications 

8601 E Cornhusker Hwy 

Lincoin, NE 68505 

402-467-5321 

fax 402-467-3279 

402-465-7021 (parts and service) 


Ten-Tec, Inc 

1185 Dolly Parton Pkwy 
Sevierville, TN 37862 
615-453-7172 

fax 615-428-4483 


Texas Towers 

1108 Summit Ave, Suite 4 
Plano, TX 75074 
800-272-3467 

fax 214-881-0776 


Toroid Corporation of Maryland 
202 Northwood Dr 

Salisbury, MD 21801 
410-860-0300 

fax 410-860-0302 


Tri-Ex Tower Corp 
7182 Rasmussen Ave 
Visalia, CA 93291 
209-651-7859 

fax 209-651-5157 


Tucson Amateur Packet Radio (TAPR) 
8987-309 East Tanque Verde Rd, No. 337 
Tucson, AZ 85749-9399 

817-383-0000 (voice mail) 

fax 817-566-2544 


TX/RX Systems 
8625 Industrial Pky 
Angola, NY 14006 
716-549-4700 


Typetronics 
PO Box 8873 
Fort Lauderdale, FL 33310-8873 


Sam Ulbing, NAUAU 

5200 NW 48rd St 

Suite 102-177 

Gainesville, FL 32606 

email: nduau Q freenet.ufl.edu 


Unified Microsystems 

PO Box 133 

Slinger, WI 53086 
414-644-9036 

email: ppvvpp Q9 mixcom.com 


United Nations Bookstore 

UN General Assembly Building 
Room 32B 

New York, NY 10017 


Unity Electronics 
Dept H 

PO Box 213 
Elizabeth, NJ 07206 


Universal! Manufacturing Co 
43900 Groesbeck Hwy 
Clinton Twp, Mi 48036 
810-463-2560 

fax 810-463-2964 

US Electronics 

600-D No Bicycle Path 

Port Jefferson, NY 11776 
516-331-2552 


US Plastic Corp 
1390 Neubrecht Rd 
Lima, OH 45801 
800-537-9724 

fax 419-228-5034 


US Tower Corp 
8975 W Goshen Ave 
Visalia, CA 93291 


Varian Power Grid Tube Products 
301 Industrial Way 

San Carlos, CA 94070-2682 
800-414-8823 

415-592-1221 

email: power.grid 9 pgtp.varian.com 


VHF PAK 

Bob Mobile, WA10UB 

‘33 Kimball Hill Rd 
Hillsborough, NH 03244 
603-464-3187 (voice and fax) 


VISION . 

International Visual Communications Assn 
(IVCA) 

Emerald Isle 

Weed, CA 96094 

916-938-2530 

fax 916-938-3746 


VK3UM EME Planner 

Doug McArthur 

30 Rolloway Rise 

Chirnside Park 3116, Australia 
email: 

dmcarthu @ventbcas.telecom.com.au 


W5YI Group, inc 
PO Box 565101 
Dallas, TX 75356 
800-669-9594 


W6EL Software 

11058 Queensland St 

Los Angeles, CA 90034-3029 
email: ad363 @iafn.org 


W7FG Vintage Manuals 
3300 Wayside Dr 
Bartlesville, OK 74006 
918-333-7893 
800-807-6146 


Watkins Johnson Co, Components Div 
Russ Bentson, KGKLY 

3333 Hillview Ave 

Palo Alto, CA 94304 

415-493-4141, ext 2552 

fax 415-493-1027 

fax 415-813-2413 


Weatherwise (Meteorology) 
Heldref Publications 

1319 Eighteenth St, NW 
Washington, DC 20036 
800-365-9753 


Weekly Ham Trader 
PO Box 1159 
Arnold, MO 63010 


Ed Wetherhold, W3NQN 
1426 Catlyn PI 

Annapolis, MD 21401-4208 
410-268-0916 


Wilderness Radio 
PO Box 734 
Los Altos, CA 94023-0734 


Ronald C. Williams, W9JVF 
(Avatar Magnetics) 

240 Tamara Tr 
Indianapolis, IN 46217 


Winegard 
3000 Kirkwood St 
Burlington, IA 52601-1007 
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The Wireman, Inc 
261 Pittman Rd 
Landrum, SC 29356 
800-727-WIRE 
800-433-WIRE 
803-895-4195 


Worldradio 

2120 28th St 

Sacramento, CA 95818 
916-457-3655 

800-366-9192 (subscriptions) 


WSH BBS (Weather Satellite Handbook 
Bulletin-Board System) 
517-676-0368 
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Wyman Research, Inc 
8339 South, 850W 
Waldron, IN 46182 
317-525-6452 


Yaesu USA 

17210 Edwards Rd 
Cerritos, CA 90703 
310-404-2700 

fax 310-404-1210 


Z-TRAK 

RFD 1 

Box 33 

Milo, ME 04463 


624 KITS 

171 Springlake Dr 
Spartanburg, SC 29302 
803-573-6677 
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70 Route 202N 
Peterborough, NH 03458 
603-924-0058 

800-289-0388 (subscriptions) 


Technical Information Packages 


The following is a list of information packages that are available to L 
introductory information on topics of interest. To request co 
Technical Department Secretary. Include a 9x12 self- 


Most of these packages are also available electronically from the following sources: 


1. The ARRL Field Services telephone BBS. The BBS can be reached b 


eters, connect rates from 300 baud up to 14,400 baud. 


2. Electronic Mail: From CompuServe, Prodigy, 
Email Information Server. Send a message to info 
sending email to Internet). In the text of your mes 

3. File Transfer Protocol (FTP - 


eague members to provide assistance for technical problems and 
pies of these packages, send a separate written request to the ARRL 
addressed envelope with 3 units of First Class postage for each package desired. 


y dialing 203-594-0306, utilizing standard 8-n-1 param- 


America Online and similar services, you can send email to the League's Internet 
@arrl.org (this is an Internet address; contact your service provider for details on 
sage, write the single word HELP to get a set of instructions for using this service. 
Internet only). The League has a remote FTP archive site that contains all of the files from the 


email server. For the current address of this site, FTP to mgate.arrl.org and retrieve the file helpinfo.txt. 


Title 
ATV 


Bioeffects 
BIBS-List 

CX-857 Data Sheets 
DSP 

Electrical Safety 
Emergency Power 
EMI/RFI Pckg. 
EMI - Audio 

EMI - Automotive 
EMI - Bibliography 
EMI - CATVI 

EMI - CB 

EMI - Computer 
EMI - Consumer 
EMI - Electrical 
EMI - Ignition 


EMI - Intercom 
EMI - Pacemaker 


EMI - RF Bulbs 
EMI - Smoke Detector 


EMI - Telephone/FCC 
EMI - Telephones 
EMI - Television 

EMI - Touch Lamp 


EMI - VCR 
Frequency Counter 


Description 


Information about Fast-Scan Amateur 
Television 
Bioeffects of RF Energy 
(Reprint from ARRL Antenna Book) 
Listing of bibliographies available from 
the ARRL 
AM Stereo Decoding IC Data 
(for September 1992 QEX article) 
General information on Digital Signal 
Processing 
Reprint from ARRL Antenna Book 
(pp 1-8 to 1-16) 
Reference to QST, April 1993 
Lab Notes 
General information about EMI/RFI 
Interference to audio equipment 
Automotive Interference solutions 
List of QST articles about interference 
Interference to Cable Television 
Systems (Reprints from 
Communications Technology) 
Interference from Non-Amateur 
Transmitters 
Brief suggestions 
Consumer Pamphlet on RFI 
How to track and solve electrical 
interference 
Suggestions for solving ignition 
noise RFI 
Nutone RFI service bulletins 
Susceptibility of Cardiac Pacemakers 
to interference 
Information about RF-driven lamps 
Interference to Smoke Detectors 
(Reprints from QST) 
FCC Information Bulletin on Telephone 
Interference 
Reprint from QST, October 1992 
Lab Notes 
Reprint from QST, March 1994 
Lab Notes 
Various QST Hints & Kinks reprints 
Brief suggestions (see note 2) 
Reprint of 93 Hbk (pp 25-13 to 25-19) 
—Frequency Counter article 


Title 
G5RV 


Grid Squares 
Indoor Antennas 


Kits 
LCF Calculator 


Lightning Protection 
Manuals 


Mobile - Marine 


Moonbounce/EME 


Packet Parts List 
Printed Circuit Boards 
Propagation Basics 
RDF 

Receiver Tests 

RIG 

RTTY/AMTOR 
Satellites 


Software 


SSTV 
Stores 


Synchronous Detection 
SWL Tips 


TCP/IP 

TV Channels - CATV 
Vacuum Tube Data 
WEFAX 


Description 


Bibliography of G5RV articles, and 
reprint from Antenna Compendium I 

How to Locate them (Reprint from 
January 1989 QST, p 29) 

Select an Indoor Antenna (Reprint from 
QST, December 1992 Lab Notes) 

ARRL Kit Mfg. List 

Copy of an old out-of-print LCF 
Calculator 

Reprint of two-part Lab Notes column 

How to Locate Manuals and 
Documentation 

Maritime Mobile Installation 
suggestions 

Information about moonbounce 
(Reprint from QST, July 1985, 

p 18-21) 

Ch. 35 of Hbk. & QST, August 1992 
Lab Notes 

Sources for PCB prototypes and 
supplies 

Propagation Introduction and Terms 
explained 

Radio Direction Finding 

Technical Descriptions 

What Rig Should | Buy? 
(Reprints from QST) 

Getting Started with HF Digital 
Communications 

Information about amateur satellite 
operation 

Reference to QST, April 1992 
Lab Notes 

Reprint from QST, January 1993, p 20 

US stores that sell amateur radio 
equipment 

Reprint from QEX, September 1992, p 9 

General information about short-wave 
listening 

Getting Started with Amateur TCP/IP 

General Information 

General Information 

Reprint from QST, February 1993, 
pp 31-36 
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Technical Information Packages (continued) 


Article Bibliographies ots | 
The following items are lists of articles from many Amateur Radio magazines and other related publications by subject. 


File Name 


altpwr.txt 
amtor.txt 
ant16040.txt 
ant3010.txt 
antcurt.txt 
antjpole.txt 
antlimsp.txt 
antlog.txt 
antloop.txt 
antmatch.txt 
antmobil.txt 
antrot.txt 
antswitc.txt 
anttheor.txt 
antvee.txt 
antvert.txt 
antvhf.txt 
apple.txt 
atari.txt 
atv.txt 
basconst.txt 
baselect.txt 
battery.txt 
bc221.txt 
bicycle.txt 
bioeff.txt 
cbconv.txt 
clover.txt 
coax.txt 
collins.txt 
compgen.txt 
contest.txt 
crystal.txt 
ctcssbib.txt 
dfing.txt 
diverse.txt 
drake.txt 
dsp.txt 
dtmf.txt 
echo.txt 
eme.txt 
esd.txt 
fax.txt 
fiber.txt 
filteraf.txt 
filterif.txt 
filterrf.txt 
grounds.txt 
handicap.txt 
heath.txt 
historic.txt 
hmbrwemp.txt 


Description 


Alternate power 

AMTOR Articles 
Antennas, 160-40 Meter 
Antennas, 30-10 Meter 
Antennas, curtain type 
Antennas, J-Pole 
Antennas, limited space 
Antennas, log periodic 
Antennas, Loop 
Antennas, Matching 
Antennas, Mobile 
Antenna Rotators 
Antenna Switchers 
Antenna Theory 
Antennas, V 

Antennas, Vertical 
Antennas, VHF and up 
Computers, APPLE 
Computers, ATARI 
Amateur Fast-Scan Television (ATV) 
Basic Construction 

Basic Electronics 
Batteries, Nicads and Chargers 
BC-221 

Bicycle Operating 
Bio-effects of RF Energy 
CB Conversion to 10 Meters 
Clover (Digital Protocol) 
Coax cables and feedlines 
Collins equipment 
Computers, general 
Contesting 

Crystals 

CTCSS 

Direction finding, Radio (RDF) 
Diversity Reception 

Drake Equipment 

Digital Signal Processing 
DTMF - tone decoders 
Echoes (includes LDE) 
Earth-Moon-Earth Communications 
Electro-static discharge 
Amateur FAX/WEFAX 
Fiber Optics 

Filters, audio 

Filters, IF 

Filters, RF 

Grounds 

Handicap (suitable equip.) 
Heathkit 

Historical References 
Homebrew Components 
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File Name 
ibm.txt 
ic.txt 
icom.txt 
kenwood.txt 
keyer.txt 
Ightnbib.txt 
light.txt 
mfj.txt 
microwv.txt 
nbvm.txt 
oscope.txt 
packbib.txt 
pactor.txt 
pebrd.txt 
prog.txt 
projacc.txt 
prop.txt 
public.txt 
pwrsupp.txt 
qrp.txt 
radastro.txt 
rcvrhf.txt 
rcvrvhf.txt 
remote.txt 
rfi.txt 
rfipcmkr.txt 
rptr.txt 
rtty.txt 
safety.txt 
sarex.txt 
satbib.txt 
speech.txt 
spread.txt 
sstvbib.txt 
surface.txt 
surplus.txt 
swr.txt 
synth.txt 
tentec.txt 
testeqpt.txt 
time.txt 
tower.txt 
trs.txt 

tv.txt 

up.txt 
vic.txt 
vif.txt 
warc.txt 
weaksig.txt 
xmtrhf.txt 
xmtrvhf.txt 
yaesu.txt 


Description 

Computers, IBM 

Integrated Circuits 

ICOM equipment & mods 
Kenwood equipment and mods 
Keys, keyers and keying 
Lightning 

Laser Communications 

MFJ products 

Microwave Operation 

NBVM 

Oscilloscopes 

Packet Radio 

PacTOR (Digital Mode) 
Printed circuit boards 
Computers, Programs 
Station Accessories Proj. 
Propagation 

Public Service communications 
Power Supplies 

QRP - Articles on low power 
Radio Astronomy 
Receivers, HF 

Receivers, VHF and up 
Remote Control 

Radio Frequency Interference (RFI) 
RFI, Pacemaker 

Repeaters 

Radio TeleTYpe (RTTY) 
Safety 

Shuttle Amateur Radio Experiment 
Satellite (amateur) 

Speech Processing 

Spread Spectrum 
Slow-Scan Television 
Surface Mount Devices 
Surplus Equipment 
SWR/Power Meters 
Synthesizers 

Ten Tec products 

Test equipment 

Time Signals 

Towers/tower safety 
Computers, Radio Shack 
Television 

Computers, microprocessor 
Computers, VIC and Commodore 
Very Low Frequency (VLF) 
WARC Band equipment 
Weak signal reception 
Transmitters, HF 
Transmitters, VHF and up 
Yaesu equipment and mods 


Publishers and Publications 


The following is a list of publishers, periodicals, books and book sources dealing with 
Amateur Radio and other related topics. Contact information appears in the ARAL 
Handbook Address List elsewhere in this chapter. Send updates to the Handbook Editor 
at ARRL Headquarters. 


AM Press/Exchange 

Amateur Television Quarterly 

AMECO Publishing 

American Radio Relay League (ARRL) 
AMSAT 

Antique Radio Classified 

Buckmaster Publishing 

Communications Quarterly 

CQ Magazine 

CQ-TV 

Digital Journal 

Dots and Dashes 

Electric Radio Magazine 

Electronic Industries Assn 

Electronics Now/Radio Electronics 

Grove Enterprises 

Ham Equipment Buyers Guide 

Ham Trader Yellow Sheets 

Howard W. Sams 

Idiom Press 

IEEE 

The Lowdown (Long Wave Club of America) 
MFJ 

Model Aviation (Radio Control) 

Monitoring Times 

Motorola Literature Distribution Center (data books) 
Nuts & Volts Magazine 

Old Tech—Books & Things (early technical books) 
Old Timer’s Bulletin 

Osborne/McGraw-Hill 

Popular Communications 

Practical Wireless 

QRP Quarterly 

Radio Age (Antique Radio) 

Radio Communication (RSGB) 

Rainy Day Books (radio and technical books) 
Short Wave Magazine 

Sky & Telescope (Astronomy) 

Sparks Journal 

SPEC-COM Journal 

TAB/McGraw-Hill 

TAPR 

United Nations Bookstore 

VISION 

Weatherwise (Meteorology) 

Weekly Ham Trader \ 
Worldradio 

W5Y! Group 
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Gauge American U.S. 


No. or BSt 
1 0.2893 
2 0.2576 
3 . 0.2294 
4 0.2043 
5 0.1819 
6 0.1620 
7 0.1443 
8 0.1285 
9 0.1144 

10 0.1019 

11 0.09074 

12 0.08081 

13 0.07196 

14 0.06408 

15 0.05707 

16 0.05082 

17 0.04526 

18 0.04030 

19 0.03589 

20 0.03196 

21 0.02846 

22 0.02535 

23 0.02257 

24 0.02010 

25 0.01790 

26 0.01594 

27 0.01420 

28 0.01264 

29 0.01126 

30 0.01003 


31 0.008928 
32 0.007950 


33 0.007080 
34 0.006350 
35 0.005615 
36 0.005000 
37 0.004453 
38 0.003965 
39 0.003531 


40 0.003145 


Standard! 


0.28125 
0.265625 
0.25 
0.234375 
0.21875 
0.203125 
0.1875 
0.171875 
0.15625 
0.140625 
0.125 
0.109375 
0.09375 
0.078125 
0.0703125 
0.0625 
0.05625 
0.05 
0.04375 
0.0375 
0.034375 
0.03125 
0.028125 
0.025 
0.021875 
0.01875 
0.0171875 
0.015625 
0.0140625 
0.0125 
0.0109375 
0.01015625 
0.009375 
0.00859375 
0.0078125 
0.00703125 


Standard Metal Gauges 


Birmingham 
or Stubsitt 


0.300 
0.284 
0.259 
0.238 
0.220 
0.203 
0.180 
0.165 
0.148 
0.134 
0.120 
0.109 
0.095 
0.083 
0.072 
0.065 
0.058 
0.049 
0.042 
0.035 
0.032 
0.028 
0.025 
0.022 
0.020 
0.018 
0.016 
0.014 
0.013 
0.012 
0.010 
0.009 
0.008 
0.007 
0.005 
0.004 


0.006640626 — 


0.00625 


All dimensions are in inches. 


tUsed for aluminum, copper, brass and 


nonferrous alloy sheets, wire and rods. 
ttUsed for iron, steel, nickel and ferrous alloy 

sheets, wire and rods. 
ttfUsed for seamless tubes; also by some 


manufacturers for copper and brass. 


€ M € — 
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Voltage-Power Conversion Table 


Based on a 50-ohm system 


RMS 


0.01 aV 
0.02 V 
0.04 pV 
0.08 pV 
0.1 рУ 
0.2 aV 
0.4 рУ 
0.8 aV 
10 nV 
2.0 aV 
4.0 pV 
8.0 aV 
10.0 aV 
20.0 aV 
40.0 nV 
80.0 pV 
100.0 pV 
200.0 рУ 
400.0 nV 
800.0 „V 
1.0 mV 
2.0 mV 
4.0 mV 
8.0 mV 
10.0 mV 
20.0 mV 
40.0 mV 


10,000.0 V 


Peak-to-Peak 


0.0283 [У 
0.0566 pV 


0.113 aV 
0.226 nV 
0.283 aV 
0.566 aV 
1.131 pV 
2.236 nV 
2.828 aV 
5.657 aV 
11.31 pV 
22.63 aV 
28.28 „V 
56.57 pV 
113.1 aV 
226.3 nV 
282.8 „V 
565.7 pV 
1.131 mV 
2.263 mV 
2.828 mV 
5.657 mV 
11.31 mV 
22.63 mV 
28.28 mV 
56.57 mV 
113.1 mV 
226.3 mV 
282.8 mV 
565.7 mV 
632.4 mV 


1,131.0 V 
2,263.0 V 
2,828.0 V 
5,657.0 V 
11,310.0 V 
22,630.0 V 
28,280.0 V 


Voltage, Vp-p = Vnus x 2 x v2 


Voltage, dBmV = 20 x Logyo [485 


Power, Watts = 


Power, dBm = 


ыт 
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Voltage ———————————— 


dBmV 


— 100 


— 93.98 
— 87.96 
— 81.94 
— 80.0 

— 73.98 
— 67.96 
— 61.94 


Watts 


2x 10-8 
8х 10-8 
32x 10-" 
128 x 10-1 
200 x 10-8 
800 x 10-' 
3.2x 10-5 


12.8x 10-5 . 


20.0 x 10-15 
80.0 x 10-5 
320.0 x 10-5 
1.28 x 10-12 
2.0 x 10-12 
8.0 x 10-1 
32.0 x 10-1 
128.0 x 10-2 
200.0 x 10-2 
800.0 x 10-2 
3.2 x 10-® 
12.8 x 10-? 
20.0 x 10-? 
80.0 x 10-? 
320 x 10-? 
1.28 JW 
2.0 pW 

8.0 W 
32.0 uW 
128.0 JW 
200.0 „W 
800.0 „W 
1.0 mw 
3.2 mW 
12.80 mW 
20.0 mW 
80.0 mW 
320.0 mw 
1.28 W 

2.0 W 

8.0 W 

32.0 W 
128.0 W 
200.0 W 
800.0 W 
1000.0 W 
3,200.0 W 
12,800.0 W 
20,000 W 
80,000 W 
320,000 W 
1.28 MW 
2.0 MW 


Power 


Equipment 
Manufacturers List 


Contact information appears in the ARRL 
Handbook Address List elsewhere in this 
chapter. Send updates to the Handbook 
Editor at ARRL Headquarters. 


` C,D,G,H,P,Q Advanced Electronic 
Applications, Inc 
L,Q Ameritron 
J,L,Q Barker & Williamson 
L Ehrhorn Technological 
Operations, Inc 
G,H,I,P HAL Communications 
Corp 
B,E,F;H,I,L,M Hamtronics, Inc 
A,B,C,D,E,L,M,Q ICOM America, Inc 
C,G,H Kantronics 
A,B,C,D,L,M,Q,R Kenwood USA Corp 
G,H,J,P,Q,R MFJ Enterprises, Inc 
M RF Concepts 
A,F,J,L,M,P,Q Ten-Tec, Inc 
A,B,C,D,L,M Yaesu USA 
Product Coding 


A—HF Transceivers 

B—HF Receivers 
C—VHF/UHF Transceivers 
D—VHF/UHF Hand-Held Transceivers 
E—VHF/UHF Receivers 
F—VHF/UHF Transmitters 
G—RTTY/AMTOR Equipment 
H—Packet Equipment 
I—Repeater Equipment 
J—Dummy Loads 

L—HF Amplifiers 
M—VHF/UHF Amplifiers 
P—Keyers and CW Keyboards 
Q—Antenna Tuners 
R—SWR/Power Meters 


Parts Suppliers 


To the best of our knowledge, the suppliers shown here are willing to sell components to amateurs in small quantities by mail. This 
listing does not necessarily indicate that these firms have the approval of ARRL. Send updates to the ARRL Handbook Editor. 


Categories 
A—General Suppliers : 
B—Inductor Cores (Ferrite or Iron) © 


C—Circuit Board Etching Supplies: V 


D—RF Power Transistors 

E—Microwave Components 

F—Antenna Hardware 

G—Dials and Knobs 

H— Variable Capacitors 

I—Transformers 

J—IF Filters 

K—Project Cases 

L—Project Kits 

M— Surplus Parts | 

N— Vacuum Tubes. ay 

O—Mechanical TTY. Supplies. | 

P—Integrated Circuits 2 

Q—Equipment Manuals 

R— Test Equipment 

S—ATV Supplies 

T—Etched Circuit Boards 

U—Wire ` 

V—Crystals 

W—Climbing and Safety Equipment 

X—High-Voltage Components 

Y--General Semiconductors 

Z—Signal Processing and Бев 
Filters ; 


ABH-LP,LVZ '. 
„A&A LEftginesring 


*SASE Е: 


^R 


Ра 


Advanced Electronic Applications 
"тее А : 


E 


Advanced Receiver Research ` 
“free 


Aluminum tubing and hardware 
Alexander Aeroplane Co 
"free 


AB.C,D,G,H,l,J, K, L,M,P,R,U, V, Y 
All Electronics Corp 
*free 


A,C,G,H,I,K,P,R,U,V,Y 
Allied Electronics 
*free 
**$25 


Towers voa 
Aluma Tower 
*free 


B,D,G,H,N,Q 
Ameritron 
*free 


A,B,F,Il,J,K,L,U,Z р + 
Amidon Associates, Inc . 
*free 
**$15 


* catalog 
** minimum order 


A,D,F,G,I,K,P,R,U,V.Y 
Arrow Electronics : 
**$625 


N,O, WEFAX equipment 
Atlantic Surplus | Sales 
*$1 


K,M,S 
ATV Research, Inc 


. *$3 


Avatar Magnetics ` | 
see Ronald С. Williams 


A,B,F,1,Q,R,U,X_- 


` Barker, & Williamson Corp E 


*free ^ 
**$25 
H 
- Bird Electronics 


*free 
**$50 


D,E,N 
Cetron Communications 
*free 
**$50 


A,B,C,D,I,K,L,P,R,T,U,Y 
ces Specialists . . 
* 1 B 


**$15 


A,B,D,H,I,J,L,N,P,S,T,U,X,Y 
Communications Concepts 
*free 


A,R,tools i 
Contact East, Inc 
*free 


L Ес 
CW Technology 
*free i 


B,H,I,L,M,N,U,X 
Peter W. Dahl Co, Inc 
*free 


F,U;Z 
Davis RF Co 
*free 


A-D,G-K,P,R,U,V, Y : 
. Digi-Key Corporation. 


*free 


A.B,C,D,E,F,H,J,K,L,M,8,T,U,V,Y,Z,MMICs : 


‚ Down East Microwave | 


` *free ` 


~A-N,P,R,TU,V,X,Z ` 


EDI, Inc 


‘A,C,I,K,L,M,P,R,T,U,V 


Edlie Electronics, Inc 


^ *free 


**$25 


A,B,C,D,G,H,I,J,K,M,P,R,T,U,V,X,Y 
Electronic Emporium i 


$25. 
JRZ 


Electronic Equipment Bank 


` *free 
а **$1 0 


A-LN,P,R,T,U,V ` 
Electro Sonic, Inc 


B 
Elna Ferrite Laboratories 


— G,H,I,M,N,Q,R ` 


Fair Radio Sales Co 
*free - $ 
**$1 O+shipping | 


B, Ferrite EMI Suppressors 
Fair-Rite Products 
*$10 
**$500 


N . 
‘Fala Electronics 
“SASE . 


+” 
FAR Circuits 
*SASE 


A-N,P,R,S,U,V,X,Y,Z 
Gateway Electronics 
. *$10 e 04. 


А . 


` Greve Enterprises: Inc 


*free 


AJKL,MR,S,X 
H & R Company 
*free 
**$625 


LK 
Hammond Mig, Со 


L 
Hamtronics 


T 


. HERD Electronics 


*SASE : 
**$10 


Hi-Manuals 
*$2 (USA); $3 (outside USA) 


RS, 


High Technology Flight . 
*free _ 


A-D,H-L,P,T,U,V | А 
Hosfelt Electronics : 
"free 


Howard W. Sams. 
*free : - 


References 


L 
Idiom Press 


Ww 
Industrial Safety Co 


N 
International Components 


L,R,S,V,Z 
International Crystal Mfg 
*$35 


A,J,L,Q,V,Z 
International Radio and Computer 
*SASE 


F,L 
Jade Products 


V 
JAN Crystals 
*free 
**$20 


A,C,D,G,I,K,L,M,P,R,T,U,V,Y 
Jameco 
*free 


D,G,Q,V (Kantronics products only) 
Kantronics 
*free 


L 
Kanga US 
*$1 


С 
Kepro Circuit Systems 
“free 
**$1 5 


F,G,H,L,U 
Kilo-Tec 
*$1 


N 
Kirby 
*free 
**$10 


blowers 
Kooltronic 
**675 


X,Y 
K2AW's Silicon Alley 
*free 


A,C,D,J,K,N,P,Q,R,U,Y 
Lashen Electronics 
**$15 


F,S 
M? Enterprises 
*free 


mixers, signal processing 
MA/COM, Anzac Division 
*free р 
**$100 


A,B,D,F-N,P,R,U,X,Y 
MAI/Prime Parts 
*$3 


Q 
The Manual Man 
*2 First Class stamps 
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A,B,E,G,H,!,K,L,M,P,V,Y 
Marlin P. Jones and Assoc 
*free 
**$15 


F (aluminum and stainless tubing and pipe) 
Metal and Cable Corp, inc 
*free 
**$50 


A,B,F,G,H,K,L,P,Q,R,V,Y,Z 
MFJ Enterprises 
*free 


L 
Microcraft 
*free 


A,B,E,H,M 
Microwave Components of Michigan 
*SASE 


E,J,general RF filters 
Microwave Filter Co 
*free 
**$25 


B,F,G,H,J,Q,U,R,X,Z 
James Millen Electronics 
*free 


E,I,P,Z,mixers, signal processing 
Mini Circuits Labs 
*free 
**$50 


A,F,G,H,I,L,M,N,U,V,Y 
Modern Radio Laboratories 
*$2 


D,E,P,X,Y 
Motorola Semiconductor Products 


A,C,G,H,1,K,L,P,R,U,V,X,Y 
Mouser Electronics 
*free 


National Semiconductor Corp 


L 
Oak Hills Research 
*1 First Class stamp 


A-D,F-L,N,P,R-V,X,Y 
Ocean State Electronics 
*$2 
**$10 


B 
Palomar Engineers 
*free 


A,E,U,X 
Pasternack Enterprises 
*free 
*$10 


S 
PC Electronics 
*free to licensed amateurs 
**$24 (credit card) 


E.F,S 
Philips Components 
*SASE 


A,B,D,H,LK,M,P,R,U,X, Y 
R & D Electronics 
*free 


A,F,Q 
R & L Electronics 
*free 


A,B,C,D,F,G,H,I,J, K,L,M,N,P,R,T,U,W,X, Y 
RADIOKIT ` 
*$1 

U 
Radioware 


B,D,H,N,X,Y 
RF Parts 
*free 


: **$20 


J,V,Z 
Sentry Mfg 
*free 


E,F,L 
SHF Microwave Parts 
*SASE 


A,B,F,G,K,U,W (Mechanical components 
and metal) 

Small Parts 

*free 

**$15 


Solar energy supplies 
The Solar Depot 
*free 
**$5 


А, О, Solar energy supplies 
Solar Energy of South Florida 
(Dwayne Mayo) 

“free 
**$20 


A 
Solder-It Co 
*free 


Telephone RFI filters 
Sparrevohn Engineering 


F,J,S,V,Z 
Spectrum International 


G,H,M,N,P,U,X,Y 
Star-Tronics 
*free 


N 
Steinmetz Electronics 
*free 
**$10 


L,Solar panels and controls 
SunLight Energy Systems 
*free : 


A-N,P,Q,R,S,U,V,W,X 
Surplus Sales of Nebraska 


M 
Surplus Traders 
*$4 


A,D,!,K,P,R,U,V,Y 
Tandy National Parts 


A,L,Z 
TCE Labs 
*free 


C,D,F,H,J,KL,R,V,Z 
Tejas RF Technology 
#*$1 


F 
Telex Communications 
"free è ; 


H,K,L~ 
Ten-Tec 
*free 
*$15 


і . 
Toroid Corporation of Maryland 
*free 
**$50 


F А 

. Tri-Ex Tower 
“free 

L 
Tucson Amateur Packet Radio (TAPR) 
“ее 


M,N,O . 
Typetronics ES » 
SAPE E i 


Unified Microsystems 
"free - 


Fo ; 
US Plastic Corp ` 


*free 


E,Z, mixers, amps, switches 


Watkins Johnson Co, Components Div . 


*free 
**$100 


L,M 
Ed етед 
*SASE 
"$22 


| 
` Ronald С. Williams 


E,F,L,S 
Wyman Research ° 
*call 


Q 
W7FG Vintage Manuals 
A,B.H,L,P,V. Y 


624 KITS 
*2 First Class stamps 


Kit Manufacturers | 


A more extensive version of this list is also 
available from the ARRL Automated 
Electronic Mail Server, info Garrl.org. 
Contact information appears in the 
Handbook Address List elsewhere in this 


. chapter. Send updates to the Handbook . 


Editor at ARRL Headquarters. 


A&A Engineering > 
Amidon Assoc 

Antique Electronic Supply 
Communications Concepts; Inc 
Curry Communications . 
CW Technology . `: 
Peter W. Dahl Co - 

Dan’s Small Parts and Kits 
Down East Microwave . 
Edlie Electronics `, 

FAR Circuits : К. 


: Gateway Electronics, 


H&R Co ` 
Hamtronics 

Heath Co 

Hosfelt Electronics 
Idiom Press ` 


' International Radio and Computers 


Jade Products ee’ 
Jameco . . 2 
Marlin P. Jonés & Assoc . 

John Langner, WB208S2. 

Kanga US о: 

Kepro Circuit Systema ` 

Kilo-Tec : 

MAI/Prime Parts 

Mark V Electronics : 

MFJ 

Microcraft Corp 

Mini Circuits Labs 

Oak Hills Research ` 4 

Ocean State Electronics 

RADIOKIT: 

Ramsey Electronics 

SHF Microwave Parts 

Dick Smith,Electronics 

Solder-It Co. 

SunLight Energy Systems . 

Ten-Tec, Inc nA 

TCE Labs 

Tucson Amateur Packet Radio (TAPR) 
Unified Microsystems 

Ed Wetherhold “ 

Wilderness Radio 

Wyman Research 

624 Kits 


Sources of Vacuum 
Tubes 


Based on the files of the ARRL Automated 
Mail Server (info @arrl.org). Prepared as a 
membership service by the American 
Radio Relay League, Inc, Technical 
Information Service. Email: tis @arrl.org 
(Internet). Contact information appears in 
the Handbook Address List elsewhere in 
this chapter. Send updates to Handbook 
Editor at ARRL Headquarters. 


Ameritron 

Antique Electronic Supply (Antiques, 
‘Components, Kits) 

ARS Electronics 

Atlantic Surplus Sales 

Cetron Communications Division 

Communications Concepts 

Peter W. Dahl 

Elmira Electronics 

Fair Radio Sales 


'Fala Electronics 


International Components Corp 
Kirby 

Lashen Electronics 

MAI/Prime Parts 

Metal and Cable Сор 

МЕЈ ! 


. New Sensor Corporation , 
-Ocean State Electronics 


(Amateur Components, QST кы) 
Penta Labs/Jolida Inc ' 
Pride Tubes  ' 

RADIOKIT _ 

RF ‘Gain, Ltd/ Richardson 
RF Parts 

R&L Electronics 
Southern Radio Supply 


-© Star-Tronics. 
.. Steinmetz Electronics . 


Typetronics 


‘Unity Electronics 


Varian Power Grid Tube Products 


624 Kits 
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Machine-Wound Coil 
Specifications 


Machine-Wound Coil 
Specifications 


Factor to be applied to the 
inductance of coils listed 
in 30.14 for coil lengths up 


Coil Dia, Turns Inductance in 1o» Inches, Coil Dia, Turns Inductance in 
Inches Per Inch ин Inches Per Inch HH 
14 4 2.75 12 (А) 4 0.18 
6 6.3 ш , 6 0.40 
8 11.2 25 8 0.72 
10 17.5 5u 10 1.12 
16 42.5 ag 16 2.8 
`z 32 12 
1/2 4 3.9 zu 
6 8.8 EE 5/s (A) 4 0.28 
8 15.6 z 6 0.62 
10 24.5 8 1.1 
16 63 10 1.7 
16 4.4 
13/4 4 5.2 3 4 32 18 
6 11.8 LENGTH OF COILS IN INCHES 
8 21 3/4 (В) 4 0.6 
10 33 6 1.35 
16 85 8 2.4 
10 3.8 
2 4 6.6 16 9.9 
6 15 32 40 
8 26.5 
10 42 1 (B) 4 . 10 
16 108 6 2.3 
8 4.2 
21/2 4 10.2 10 6.6 
6 23 16 16.9 
8 41 32 68 
10 64 ——————————— 
3 4 14 
6 31.5 
8 56 
10 89 
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inductance of coils listed 
in 30.16, as a function 


turns per inch. The values include half-inch leads. 


of coil length. Use curve A 


for coils marked A, 
and curve B for coils 


marked B. 
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How to Use the Standard Value Capacitor (SVC) Filter Tables 


Detailed instructions for using these tables appear in the Filters 
chapter. If you are unfamiliar with filter design from tables, look 
there to learn the basics. This simple example is intended as a 
memory aid, not a tutorial. 

Let’s design a low-pass filter for a 20-m CW transmitter. Based 
on measurements of the second harmonic, insertion loss 
(attenuation) should be at least 20 dB at the minimum second- 
harmonic frequency (28 MHz). Insertion loss should be minimal 
at the maximum operating frequency (14.1 MHz). 

When choosing a filter, look for appropriate cutoff and 
attenuation frequencies, but ignore the decimal points because 
the component values are easily scaled by powers of ten. A 
5-element Chebyshev design (see Item 30.20) looks like a good 
choice because designs 20 through 22 show 20-dB frequencies 
of 2.73 and 2.77 MHz and cutoff frequencies of 1.44 to 
1.66 MHz. In fact, those numbers are foo close to our targets 
(27.7 MHz is only 1.1% under 28 MHz). Using 5% components, 
we would be lucky to get within 596 of the design targets. It's 
better to move each target value 10% or so to the safe side, 
which yields 20 dB at 25.2 MHz and f,, = 15.5 MHz rolloff. 

No 5-element design in the table can meet these criteria. 


In the 7-element Chebyshev list (Item 30.22), however, design 
25 meets the needs. It has a maximum SWR of 1.099:1, which 
is acceptable. 
FREQUENCY (MHz) 
NO. MAX C1,7 12,6 C3,5 L4 
Foo Зав 20dB 40 ав SWR (pF) (uH) (pF) (uH) 


25  1.681.93 2.35 3.03 1.099 1500 6.58 3300 7.72 


Scaling the filter is easy. We need only divide one of the 
frequencies listed into the desired frequency, round to the 
nearest power of ten and multiply all frequencies and divide all 
component values by the result: 
28/2.35 z 11.91, say 10; which gives: 
FREQUENCY (MHz) 
NO. MAX C1,7 126 C3,5 L4 
Е 3dB 20dB 40dB SWR (pF) (uH) (pF) (uH) 


25  16.819.3 23.5 30.3 1.099 150 0.658 330  .772 


in some cases, the filter terminating impedances may not be 
50 Q. Then we need to adjust the filter values to match the 
required impedance. All tabulated designs are easily scaled to 
impedance levels other than 50 Q, while keeping the conve- 
nience of standard-value capacitors and the "scan mode" of 
design selection. If the desired new impedance level differs from 
50 Q by a factor that is some power of ten, the 50-Q design is 
scaled by shifting the decimal points of the component values, 
that is multiplying or dividing by some power of ten. The other 
data remain unchanged. For example, if the impedance level is 
increased by ten or one hundred times (to 500 or 5000 Q), the 
decimal point of the capacitor is shifted to the left (dividing) one 
or two places and the decimal point of the inductor is shifted to 
the right (multiplying) one or two places. With increasing 
impedance, capacitor values decrease and inductor values 
increase. The opposite is true when impedance decreases. 


When the desired impedance level differs from the standard 
50-Q value by a factor that is not a power of ten, such as 1.2, 
1.5 or 1.86, the search criteria to select the design number must 
be adjusted by that factor: 

1. Calculate the impedance scaling ratio: 
^ (1) 
50 
where Z, is the desired new impedance level, in ohms. 


2. Calculate the cutoff frequency (fsoco) of a "trial" 50-Q filter, 


{оосо =R xfreo (2) 


where R is the impedance scaling ratio and f,., is the desired 
cutoff frequency of the filter at the new impedance level. 

3. Select a design from the SVC tables based on the calculated 
fsoco: The capacitor values of this design are taken directly, but 
the frequency and inductor values must be scaled to the new 
impedance level. 


4. Calculate the exact fxco values, where 


f'50co 
бсо = R (3) 


and f'soco is the tabulated cutoff frequency of the selected 
design. Calculate the other frequencies of the design in the 
same way. 


5. Calculate the inductor values for the new filter by multiplying 
the tabulated inductor values of the selected design by the 
square of the scaling ratio, R. 

For example, assume that our 20-m low-pass filter were to be 
used in a 1000-Q IF stage. This requires that we apply both 
methods, because a change from 50 to 1000 involves factors of 
10 and 2 (50 x 2 x 10 = 1000). Therefore, we must first scale the 
desired frequencies by from 50 Q to 100 Q (50 x 2 = 100): 

R = 100/50 = 2 
fsoco = 2 x 15.5 = 31 MHz 
{_гоав = 2х 25.2 = 50.4 MHz 

Select a filter based on these two values. Design 59 from the 
7-element low-pass Chebyshev list looks good. 

Scale all frequencies of the final design by dividing the tabulated 
frequencies impedance scaling ratio, 2: 

fco = 3.3/2 = 1.65 

{_ооав = 4.81/2 = 2.405 

The inductor values are scaled to 100 Q by multiplying them 
by the square of the impedance ratio, where R = 2 and R? = 4.0: 
L2,6 = 4.0 x 3.24 uH = 12.96 uH 
L4 = 4.0 x 3.88 pH = 15.52 uH 

The 100-Q design is now impedance scaled to 1000 Q by 
shifting the decimal points of the capacitor values to the left and 
the decimal points of the inductor values to the right. The final 
scaled component values for the 1000-Q filter are: 

C1,7 2 68 pF 
C3,5 = 160 pF 
L2,6 - 129.6 uH 
L4 = 155.2 pH 
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Filter 


5-Element Chebyshev Low-Pass Filter Designs 
50-Ohm Impedance, C-In/Out for Standard E24 Capacitor Values 


Мо. -——————— Frequency (MHz)---------- Max C1,5 12,4 Сз Filter 
Foo зав 20dB 40dB SWR (pF) (иН) (pF) Мо. ---------- Frequency (MHz)---------- Max. С1,5 124 C3 
1 101 1.15 1.53 2.25 1.355 3600 10.8 6200 сс  3dB 20dB 40dB SWR (pF) (uH) (pF) 
2 102 121 1.66 245 1.212 3000 10.7 5600 71 396 5.76 838 128 1.041 470 2.35 1100 
3 145 129 171 2.51 1.391 3300 9.49 5600 72 4.39 584 831 126 1.079 510 2.31 1100 
4 110 132 181 2.69 1.196 2700 9.88 5100 73 4.88 6.01 833 125 1.152 560 2.20 1100 
5 1.25 1.41 1.88 2.75 1.386 3000 8.67 5100 74 5.50 6.34 8.54 126 1.293 620 1.99 1100 
6 1.04 1.37 1.94 2.94 1.085 2200 9.82 4700 75 4.40 6.34 920 14.1 1.043 430 2.13 1000 
7 145 141 1.95 292 1.155 2400 9.37 4700 76 491 645 913 138 1.087 470 2.09 1000 
8 132 150 201 296 1.332 2700 829 4700 77 5.38 662 917 13.7 1.154 510 2.00 1000 
9 1.13 150 212 3.22 1.081 2000 9.00 4300 78 6.00 695 937 138 1.282 560 1.83 1000 
10 1.26 1.54 213 3.19 1.157 2200 856 4300 79 481 6.97 101 155 1.042 390 1.94 910 
11 1.39 161 218 3.21 1276 2400 788 4300 80 5.43 709 100 15.2 1091 430 1.89 910 
12 1.05 162 238 3.66 1.028 1600 835 3900 81 6.00 7.31 101 15.1 1.167 470 1.80 910 
13 1.23 1.65 234 3.55 1.076 1800 819 3900 82 6.60 7.64 103 152 1.288 510 1.66 910 
14 139 1.70 235 3.51 1.159 2000 7.75 3900 83 486 7.69 11.4 17.5 1.023 330 1.76 820 
15 155 1.79 241 3.55 1.295 2200 7.05 3900 84 551 7.76 112 17.1 1.052 360 1.74 820 
16 1.17 1.76 257 3.94 1.083 1500 7.70 3600 85 607 7.89 11.1 16.8 1.095 390 1.70 820 
17 127 1.77 255 388 1.057 1600 7.64 3600 86 6.77 8.17 11.2 167 1.184 430 1.60 820 
18 1.46 182 254 3.81 1.135 1800 7.28 3600 87 7.54 861 11.5 170 1.327 470 1.45 820 
19 165 1.92 259 3.83 1.268 2000 6.64 3600 88 5.26 840 124 192 1.022 300 1.61 750 
20 188 208 273 397 1.497 2200 5.70 3600 89 6.04 849 122 187 1.052 330 1.59 750 
21 143 1.94 277 4.21 1.068 1500 696 3300 90 6.70 864 122 184 1.101 360 1.55 750 
22 1.54 197 277 447 1.109 1600 6.79 3300 91 7.33 889 123 183 1.175 390 1.48 750 
23 176 2.07 281 417 1.238 1800 6.21 3300 92 8.24 942 126 185 1.327 430 1.33 750 
24 202 2.25 296 4.31 1.470 2000 5.31 3300 93 669 9.36 135 206 1.054 300 1.44 680 
25 1.31 2.10 3.11 479 1.022 1200 643 3000 94 7.48 9.56 134 202 1.110 330 1.40 680 
26 148 212 306 468 1.046 1300 6.39 3000 95 8.25 989 136 20.2 1.196 360 1.32 680 
27 175 2.19 3.05 4.57 1.135 1500 6.07 3000 96 9.10 104 139 204 1.328 390 1.20 680 
28 189 225 308 457 1.206 1600 5.77 3000 97 7.21 102 148 226 1.048 270 1.32 620 
29 219 245 323 4.71 1.440 1800 4.92 3000 98 8.18 105 14.7 222 1.107 300 1.28 620 
30 1.51 234 3.44 529 1.026 1100 5.78 2700 99 911 109 149 221 1.203 330 119 620 
31 1.70 236 3.40 5.17 1.057 1200 5.73 2700 100 10.1 115 153 225 1.355 360 1.08 620 
32 1.87 240 3.38 5.10 1.104 1300 5.57 2700 101 7.82 11.3 164 25.1 1.0042 240 119. 560 
33 2.20 2.56 346 5.11 1.268 1500 4.98 2700 102 9.02 116 163 246 1.105 270 1.16 560 
34 239 269 3.56 5.21 1.406 1600 4.53 2700 103 8.66 124 180 276 1.044 220 1.09 510 
35 1.75 2.63 3.85 5.91 1.033 1000 5.14 2400 104 9.64 126 179 27.1 1.088 240 1.06 510 
36 1.99 267 3.81 5.78 1.072 1100 5.05 2400 105 9.22 135 196 300 1.039 200 1.00 470 
37 219 274 381 5.71 1.135 1200 4.85 2400 106 9.85 14.7 215 330 1.034 180 0.919 430 
38 2.40 284 3.86 5.73 1.227 1300 4.55 2400 
39 1.89 287 421 647 1.030 910 4.71 2200 
40 214 291 416 6.31 1.068 1000 4.64 2200 
41 239 299 416 623 1.135 1100 4.45 2200 
42 264 311 422 625 1.238 1200 4.14 2200 L2 L4 
48 293 3.29 436 6.39 1.398 1300 3.71 2200 
44 2.05 3.16 464 7.13 1.028 820 4.28 2000 
45 236 3.20 4.57 6.94 1.068 910 4.22 2000 
46 2.68 3.28 457 686 1.135 1000 4.05 2000 „ха Ты = os T 22% 
47 2.93 3.43 465 689 1.251 1100 3.73 2000 ERG 
48 3.29 367 4.85 7.07 1.440 1200 3.28 2000 
49 234 351 5.14 7.88 1.033 750 3.85 1800 
50 2.63 356 5.08 7.71 1.069 820 3.79 1800 сї=с5 L2= L4 
51 296 366 509 7.62 1.145 910 361 1800 i 
52 330 3.84 519 7.67 1.268 1000 3.32 1800 
53 3.76 415 5.45 793 1.497 1100 2.85 1800 
54 2.70 38.96 5.76 8.82 1.039 680 3.42 1600 
55 3.06 4.03 5.71 863 1.086 750 3.34 1600 _ 40 
56 3.38 414 5.73 857 1159 820 3.18 1600 3 
57 3.82 439 5.89 867 1.311 910 2.86 1600 z 
58 2.77 421 618 9.48 1.030 620 3.21 1500 Е 20 
59 3.14 426 610 9.26 1.067 680 3.17 1500 2 
60 3.51 4.38 610 914 1.135 750 3.03 1500 Р 
61 388 456 620 9.17 1.241 820 2.82 1500 E 
62 446 495 651 948 1.473 910 241 1500 3 
63 3.39 488 7.08 108 1.044 560 277 1300 Fco Faaa Fom hoda 
64 384 498 7.02 106 1.097 620 2.70 1300 ы 
65 426 5.14 7.08 10.5 1.181 680 2.55 1300 
66 4.79 546 7.29 107 1.341 750 2.28 1300 (в) 
67 361 528 768 118 1.039 510 256 1200 А | 
68 406 5386 761 115 1.083 560 251 1200 The schematic for a S-element capacitor 
69 455 5.54 7.65 11.4 1.167 620 2.37 1200 Phebe ge EN е оо 
70 5.07 5.84 7.84 11.5 1.304 680 2.16 1200 ое: 
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Filter 
No. --------Frequency (MHz)------ Max. 
Е 3dB 20dB 40dB SWR 
1 1.02 1.10 1.31 1.65 1.254 
2 1.04 1.16 1.40 1.79 1.142 
3 1.13 1.23 1.45 1.84 1.264 
4 1.05 1.23 1.51 1.96 1.071 
5 1.12 1.26 1.53 1.96 1.123 
6 1.23 1.34 1.59 201 1.247 
7 1.03 1.30 1.63 2.15 1.030 
8 1.12 1.33 1.64 2.13 1.064 
9 1.21 1.37 1.66 2.13 1.119 
10 1.29 1.42 1.70 2.16 1.200 
11 1.10 1.41 1.79 2.36 1.023 
12 1.21 1.45 1.79 2.33 1.058 
13 1.31 1.49 1.81 2.33 1.114 
14 1.42 1.56 1.86 2.36 1.202 
15 1.54 1.65 1.93 2.43 1.336 
16 1.25 1.57 1.97 2.59 1.031 
17 1.32 1.59 1.97 257 1.050 
18 1.44 1.64 1.99 256 1.109 
19 1.57 1.72 2.05 2.60 1.205 
20 1.44 1.73 2.14 2.78 1.056 
21 1.52 1.76 2.15 2.78 1.086 
22 1.66 184 220 2.81 1.176 
23 1.83 1.96 2.30 290 1.327 
24 1.51 1.86 2.32 3.05 1.037 
25 1.68 1.93 2.35 3.03 1.099 
26 1.77 1.98 2.38 3.05 1.147 
27 1.96 2.11 249 3.14 1.294 
28 1.56 2.00 2.56 3.38 1.021 
29 1.68 2.05 256 3.35 1.042 
30 1.79 2.00 2.57 3.33 1.073 
31 1.99 2.20 2.64 3.37 1.176 
32 2.11 2.28 2.70 3.42 1.257 
33 1.75 2.25 2.84 3.75 1.023 
34 1.89 2.29 2.84 3.71 1.048 
35 2.02 2.34 2.86 3.70 1.086 
36 2.15 241 290 3.72 1.141 
37 2.44 2.61 307 3.86 1.327 
38 2.01 2.54 3.20 4.21 1.027 
39 2.17 2.59 3.20 4.17 1.056 
40 2.33 2.66 3.24 4.17 1.104 
41 2.49 2.76 3.30 4.21 1.176 
42 2.67 2.88 3.41 4.30 1,282 
43 2.15 2.76 3.49 4.60 1.024 
44 2.35 2.82 3.49 4.55 1.053 
45 2.52 2.89 352 4.54 1.099 
46 2.72 3.01 3.60 4.59 1.176 
47 2.94 3.16 3.73 4.70 1.294 
48 2.38 3.04 3.84 5.06 1.025 
49 2.57 3.09 3.84 5.01 1.050 
50 2.78 3.18 3.88 5.00 1.100 
51 2.99 3.31 3.96 5.05 1.176 
52 3.26 3.50 4.12 5.19 1.308 
53 2.67 3.38 4.26 5.61 1.027 
54 2.89 3.45 4.27 5.566 1.056 
55 3.09 3.54 4.31 555 1.100 
56 3.35 3.69 4.42 5.62 1.188 
57 3.65 3.92 4.60 5.80 1.327 
58 3.07 3.82 4.80 6.30 1.033 
59 3.30 3.90 4.81 6.25 1.064 
60 3.55 4.02 4.87 6.26 1.120 
61 3.81 4.18 4.99 6.34 1.204 
62 3.16 4.05 5.12 6.75 1.024 
63 3.45 4.13 5.12 6.68 1.053 
64 3.69 4.24 5.17 6.66 1.097 
65 3.99 4.41 5.28 6.73 1.176 
66 4.31 4.64 5.48 6.91 1.297 
67 3.81 4.72 5.90 7.74 1.036 
68 4.10 4.82 5.93 7.69 1.070 
69 4.43 4.98 6.02 7.72 1.133 
70 4.78 5.21 6.19 7.85 1.230 
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C1,7 
(pF) 
3300 
2700 
3000 
2200 
2400 
2700 
1800 
2000 
2200 
2400 
1600 
1800 
2000 
2200 
2400 
1500 
1600 
1800 
2000 
1500 
1600 
1800 
2000 
1300 
1500 
1600 
1800 
1100 
1200 
1300 
1500 
1600 
1000 
1100 
1200 
1300 
1500 
910 
1000 
1100 
1200 
1300 
820 
910 
1000 
1100 
1200 
750 
820 
910 
1000 
1100 
680 
750 
820 
910 
1000 
620 
680 
750 
820 
560 
620 
680 
750 
820 
510 
560 
620 
680 


L2,6 
(uH) 
11.2 
10.9 
10.1 
10.3 
10.0 
9.29 
9.52 
9.50 
9.27 
8.82 
8.68 
8.71 
8.50 
8.06 
7.39 
7.90 
7.91 
7.73 
7.30 
7.29 
7.22 
6.86 
6.22 
6.70 
6.58 
6.40 
5.83 
6.04 
6.09 
6.05 
5.72 
5.42 
5.45 
5.48 
5.41 
5.26 
4.66 
4.86 
4.86 
4.77 
4.57 
4.27 
4.44 
4.46 
4.38 
4.19 
3.88 
4.04 
4.06 
3.98 
3.81 
3.50 
3.64 
3.65 
3.59 
3.40 
3.11 
3.24 
3.24 
3.15 
3.00 
3.03 
3.04 
2.99 
2.86 
2.64 
2.64 
2.62 
2.54 
2.39 


C3,5 
(pF) 

6200 
5600 
5600 
5100 
5100 
5100 
4700 
4700 
4700 
4700 
4300 
4300 
4300 
4300 
4300 
3900 
3900 
3900 
3900 
3600 
3600 
3600 
3600 
3300 
3300 
3300 
3300 
3000 
3000 
3000 
3000 
3000 
2700 
2700 
2700 
2700 
2700 
2400 
2400 
2400 
2400 
2400 
2200 
2200 
2200 
2200 
2200 
2000 
2000 
2000 
2000 
2000 
1800 
1800 
1800 
1800 
1800 
1600 
1600 
1600 
1600 
1500 
1500 
1500 
1500 
1500 
1300 
1300 
1300 
1300 


30.2. 7-Element Chebyshev Low-Pass Filter Designs 
° 50-Ohm Impedance, C-In/Out for Standard E24 Capacitor Values 


L4 

(uH) 
12.6 
12.6 
11.3 
12.3 
11.7 
10.4 
11.9 
11.4 
10.8 
10.0 
11.0 
10.5 
9.91 
9.14 
8.18 
9.85 
9.62 
9.04 
8.27 
8.82 
8.54 
7.83 
6.90 
8.27 
7.72 
7.37 
6.50 
7.68 
7.47 
7.21 
6.52 
6.08 
6.89 
6.68 
6.40 
6.06 
5.18 
6.09 
5.88 
5.59 
5.22 
4.77 
5.61 
5.41 
5.15 
4.78 
4.33 
5.09 
4.93 
4.68 
4.35 
3.89 
4.57 
4.41 
4.21 
3.87 
3.45 
4.03 
3.88 
3.67 
3.39 
3.82 
3.69 
3.51 
3.26 
2.94 
3.26 
3.14 
2.94 
2.70 


Filter 
No. ------Frequency (МН2)------ 
Е. 3dB 20dB 40 ав 
71 4.13 5.11 6.39 8.38 
72 4.40 5.20 6.41 8.33 
73 4.72 5.35 6.49 8.34 
74 5.12 5.60 6.67 8.48 
75 4.49 5.57 6.97 9.15 
76 4.82 5.68 7.00 9.09 
77 5.12 5.83 7.07 9.10 
78 5.52 6.07 7.24 9.21 
79 4.93 6.12 7.67 10.1 
80 5.33 6.26 7.70 10.0 
81 5.69 6.44 7.80 10.0 
82 6.08 6.68 7.97 10.1 
83 6.63 7.09 8.32 10.5 
84 5.48 6.75 8.43 11.0 
85 5.84 6.87 8.46 11.0 
86 6.28 7.09 8.58 11.0 
87 6.75 7.39 8.80 11.2 
88 5.68 7.39 9.37 12.4 
89 6.17 7.52 9.36 12.2 
90 6.60 7.68 9.41 12.2 
91 7.01 7.89 9.53 12.2 
92 7.59 8.27 9.82 12.5 
93 6.72 8.21 10.2 13.4 
94 7.23 8.40 103 13.3 
95 7.72 8.66 10.4 13.4 
96 8.24 9.00 107 13.6 
97 7.36 9.04 11.3 14.8 
98 7.98 9.27 11.4 14.7 
99 8.58 9.59 11.6 14.8 
100 9.23 10.0 11.9 15.1 
101 7.91 9.86 12.4 162 
102 8.67 10.1 12.4 16.1 
103 9.39 10.5 12.7 162 
104 8.86 11.0 13.7 18.0 
105 9.49 11.2 13.8 17.8 
106 9.72 12.0 15.0 19.7 


Ci = С? 


СЗ» С5 


Мах. 
SWR 


1.035 
1.064 
1.116 
1.214 
1.035 
1.066 
1.112 
1.196 
1.034 
1.069 
1.122 
1.198 
1.343 
1.038 
1.068 
1.126 
1.213 
1.020 
1.043 
1.079 
1.131 
1.233 
1.042 
1.080 
1.138 
1.222 
1.039 
1.082 
1.148 
1.247 
1.032 
1.075 
1.145 
1.036 
1.068 
1.036 


С1,7 
(PF) 


470 
510 
560 
620 
430 
470 
510 
560 
390 
430 
470 
510 
560 
360 
390 
430 
470 
300 
330 
360 
390 
430 
300 
330 
360 
390 
270 
300 
330 
360 
240 
270 
300 
220 
240 
200 


2:16 


12,6 
(иН) 
2.43 
2.43 
2.37 
2.23 
2.23 
2.22 
2.18 
2.07 
2.03 
2.02 
1.97 
1.88 
1.71 
1.85 
1.84 
1.79 
1.69 
1.65 
1.66 
1.65 
1.61 
1.51 
1.52 
1.51 
1.46 
1.39 
1.38 
1.37 
1.32 
1.24 
1.26 
1.25 
1.20 
1.14 
1.13 
1.03 


C3,5 
(pF) 
1200 
1200 
1200 
1200 
1100 
1100 
1100 
1100 
1000 
1000 
1000 
1000 
1000 
910 
910 
910 
910 
820 
820 
820 
820 
820 
750 
750 
750 
750 
680 
680 
680 
680 
620 
620 
620 
560 
560 
510 


14 

(uH) 
3.01 
2.91 
2.76 
2.52 
2.76 
2.66 
2.54 
2.35 
2.51 
2.41 
2.29 
2.13 
1.89 
2.28 
2.20 
2.07 
1.91 
2.10 
2.04 
1.96 
1.86 
1.70 
1.87 
1.79 
1.69 
1.57 
1.70 
1.62 
1.52 
1.39 
1.56 
1.49 
1.39 
1.40 
1.35 
1.28 


The schematic for a 7-element Chebyshev low-pass filter. 
See 30.20 for the attenuation response curve. 


5-Element Chebyshev Low-Pass Filter 
Designs—50-Ohm Impedance, L-In/Out 
for Standard-Value L and C 


7-Element Chebyshev Low-Pass Filter 
Designs—50-Ohm Impedance, L-In/Out 
for Standard-Value L and C 


NO. | Frequency (MHz)---------- Max. 11,5 C24 L3 NO. -------- Frequency (MHz)------ Max. 11,7 C26 135 C4 

Fo  3dB 20dB 400B SWR (Н) (pF) (uH) Fo 3dB 20dB 40dB SWR (uH) (pF) (uH) (pF) 
Q1 0.744 115 169 260 1.027 5.60 4700 13.7 1 101 118 1.44 1.87 1.081 5.89 4300 13.4 5100 
2 0.901 126 1.81 2.76 1.055 5.60 4300 12.7 2 1.09 1.29 1.60 2.08 1.059 5.06 3900 12.0 4700 
з 1.06 1.38 1.94 293 1.096 5.60 3900 11.8 З 1.03 1.09 1.26 1.58 1.480 10.1 4300 17.1 4700 
4 119 1.47 2.05 307 1.138 5.60 3600 11.2 4 1.20 1.40 173 2.24 1.071 4.81 3600 11.2 4300 
5 132 158 217 3.23 1.192 5.60 3300 10.6 5 1.16 1.23 1.44 1.81 1.383 8.34 3900 14.6 4300 
6 0.911 1.39 203 3.12 1.030 4.70 3900 11.4 6 1.33 1.54 1.88 2.43 1.087 4.58 3300 10.3 3900 
7 1.08 150 2.16 3.29 1.056 4.70 3600 10.6 7 1.42 1.68 207 2.70 1.064 3.95 3000 9.27 3600 
8 125 163 230 348 1.092 4.70 3300 9.92 8 1.34 141 163 2.04 1.506 7.98 3300 13.4 3600 
9 142 177 246 368 1.142 470 3000 9.32 9 1.53 1.85 2.31 3.02 1.045 3.36 2700 8.32 3300 


10 161 1.92 2.63 3.90 1.209 4.70 2700 8.79 10 1.50 1.59 1.86 2.33 1.406 6.57 3000 11.4 3300 
11 1.05 1.64 2.41 3.72 1.025 3.90 3300 9.63 11 1.63 2.06 2.59 341 1.029 2.83 2400 7.41 3000 
12 1.29 1.80 2.60 3.96 1.054 3.90 3000 8.83 12 169 1.81 2.13 268 1.317 5.36 2700 9.70 3000 
13 154 1.99 280 4.22 1.099 3.90 2700 8.15 13 1.86 2.27 2.83 3.70 1.042 271 2200 6.78 2700 
14 180 2.19 3.03 4.53 1.164 3.90 2400 7.57 14 1.91 2.07 2.46 3.12 1.288 4.31 2400 8.19 2700 
15 199 2.35 3.20 4.75 1.222 3.90 2200 7.23 15 2.14 2.52 3.11 4.04 1.064 2.63 2000 6.18 2400 
16 134 200 293 4.49 1.034 3.30 2700 7.89 16 2.01 2.11 245 3.06 1.506 5.32 2200 8.91 2400 
17 168 225 320 4.84 1077 3.30 2400 7.15 17 2.29 2.78 3.46 452 1.045 2.24 1800 5.54 2200 
18 192 243 3.40 5.11 1.118 3.30 2200 6.73 18 2.25 2.39 2.79 3.49 1.406 4.38 2000 7.61 2200 
19 2.16 263 3.62 5.40 1.174 3.30 2000 6.35 19 2.45 3.09 3.88 5.11 1.029 1.89 1600 4.94 2000 
20 1.65 246 3.59 5.51 1.085 2.70 2200 6.43 20 2.53 2.71 3.19 402 1.317 3.57 1800 6.47 2000 
21 199 270 3.86 5.85 1069 270 2000 5.93 21 285 337 415 539 1.064 1.97 1500 4.64 1800 
22 234 297 4.15 6.24 1.118 2.70 1800 5.50 22 2.86 3.11 3.69 468 1.238 2.88 1600 5.46 1800 
2з 271 327 449 6.68 1.188 2.70 1600 5.13 23 3.13 3.84 4.79 6.27 1.039 1.59 1300 4.00 1600 
24 2.92 3.43 4.67 6.92 1.2833 2.70 1500 4.97 24 3.27 4.12 5.18 681 1.029 1.41 1200 3.70 1500 
25 2.01 3.01 4.39 6.74 1.034 2.20 1800 5.26 25 3.47 3.90 4.70 6.02 1.140 2.01 1300 4.17 1500 
26 2.52 3.37 4.80 7.27 1077 2.20 1600 4.76 26 3.99 4.61 5.64 7.28 1.087 1.53 1100 3.43 1300 
27 278 357 5.02 7.56 1.107 220 1500 4.55 27 4.27 505 622 8.09 1.064 1.32 1000 3.09 1200 
28 334 402 5.52 8.21 1.190 2.20 1300 4.18 28 4.01 4.22 4.90 6.11 1.506 2.66 1100 4.45 1200 
29 236 3.61 5.29 8.14 1.029 1.80 1500 4.38 29 4.63 5.53 6.85 8.91 1.056 1.17 910 2.81 1100 
30 3.12 4.14 5.89 8.92 1.080 1.80 1300 3.88 30 4.49 4.77 5.57 698 1.406 2.19 1000 3.81 1100 
31 351 445 6.23 9.36 1.118 1.80 1200 3.67 31 5.05 6.11 7.60 9.92 1.047 1.03 820 2.53 1000 
32 3.93 478 6.60 9.85 1.169 1.80 1100 3.48 32 4.93 5.23 6.10 7.64 1.416 2.02 910 3.49 1000 
33 437 5.15 7.01 10.4 1.233 180 1000 3.31 33 5.58 6.70 8.31 10.8 1.052 0.954 750 2.31 910 
34 310 451 6.56 10.0 1.041 1.50 1200 3.51 34 554 5.94 6.99 8.80 1.326 165 820 2.97 910 
35 365 490 6.99 10.6 1.073 1.50 1100 3.27 35 6.23 7.41 9.16 11.9 1.059 0.881 680 2.10 820 
36 421 534 747 11.2 1.118 1.50 1000 3.06 36 5.92 6.24 7.26 9.06 1.476 1.76 750 2.98 820 
37 475 577 7.95 11.9 1.173 1.50 910 2.89 37 6.79 8.12 10.0 13.1 1.055 0.796 620 1.91 750 
38 3.53 541 7.94 12.2 1029 120 1000 2.92 38 6.64 7.07 827 104 1379 1.45 680 254 750 
зз 430 594 8.53 13.0 1.060 1.20 910 2.69 39 746 8.97 111 145 1.051 0.711 560 173 680 
40 509 653 9.18 13.8 1.106 1.20 820 2.49 40 7.21 7.68 8.89 111 1.438 1.40 620 241 680 
41 5.73 7.04 9.75 14.6 1.155 1.20 750 2.35 41 8.18 9.85 12.2 15.9 1.050 0.645 510 1.57 620 
42 642 7.61 10.4 15.4 1.219 1.20 680 2.23 42 8.10 866 10.2 128 1.345 1.15 560 2.05 620 
43 440 6.60 9.65 14.8 1.033 1.00 820 2.40 43 9.21 108 13.2 17.1 1.074 0.633 470 1.46 560 
44 5.27 7.20 10.3 15.7 1.064 1.00 750 2.22 44 8.78 9.31 10.9 13.6 1.425 1.14 510 1.96 560 
45 6.15 7.87 11.1 16.7 1.108 1.00 680 2.07 45 10.1 11.8 14.44 18.7 1.081 0.589 430 1.34 510 


46 6.95 8.51 11.8 17.6 1.160 1.00 620 1.95 
47 7.80 9.22 12.6 18.6 1.227 1.00 560 1.85 
48 5.23 7.96 11.7 17.9 1.030 0.82 680 1.99 
49 6.33 8.72 12.5 19.0 1.061 0.82 620 1.83 
50 7.45 9.56 13.4 20.3 1.106 0.82 560 1.70 


51 8.44 103 14.3 21.4 1.158 0.82 510 1.60 
52 9.28 11.0 15.1 22.4 1.211 0.82 470 1.53 
53 6.41 9.66 14.1 21.7 1.032 0.68 560 1.64 
54 7.75 10.6 15.2 23.1 1.064 0.68 510 1.51 
55 8.83 114 16.1 24.3 1.100 0.68 470 1.42 
56 9.97 12.3 17.1 25.6 1.148 0.68 430 1.34 
ы L3 Ls ui L3 Ls 7 
ао Ее cede ee. ee 
c2 са ML c2 са ce кы нә. 
ы» ЫЫ к L3= L5 c2=c6 
The schematic for a 5-element inductor input/output Chebyshev The schematic for a 7-element inductor input/output Chebyshev 
low-pass filter. See 30.20 for the attenuation response curve. low-pass filter. See 30.20 for the attenuation response curve. 
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Filter 


5-Branch Elliptic Low-Pass Filter Designs 
50-Ohm Impedance, Standard E12 Capacitor Values for C1, C3 and C5 


No. Feo Fag Faas 
T (MHz)---------- 
1 0.795 0.989 1.57 
2 106 120 1.77 
3 1.47 1.57 2.15 
4 0.929 1.18 1.91 
5 127 145 2.17 
6 169 182 2.54 
7 112 1.44 2.41 
8 1.449 1.73 2.70 
9 211 227 3.27 
10 1.28 1.66 2.63 
11 1.79 2.06 2.99 


: 2.62 4.15 
17 273 3.14 4.73 
18 3.73 4.02 5.63 
19 239 3.11 5.20 
20 3.26 3.79 5.85 
21 4.88 5.17 7.30 
22 2.85 3.71 6.15 


30 863 920 12.9 
31 5.47 6.91 11.8 
32 7.55 8.59 13.5 
33, 109 115 16.8 


(А) 


Мах. 
SWR 


1.092 
1.234 
1.586 
1.077 
1.215 
1.489 
1.071 
1.183 
1.506 
1.064 
1.195 
1.525 
1.055 
1.183 
1.506 
1.064 
1.199 
1.491 
1.065 
1.185 
1.569 
1.063 
1.221 
1.547 
1.076 
1.212 
1.582 
1.079 
1.236 
1.604 
1.086 
1.242 
1.659 
1.096 
1.267 
1.635 


ATTENUATION (dB) 


> 
LÀ 


ow 


Foo 


Рзав — Fas 
FREQUENCY (Hz) 


(B) 


The schematic for a 5-branch elliptic low-pass filter is shown at A. At B is the typical attenuation response curve. 


30.30 


Chapter 30 


5-Element Chebyshev High-Pass Filter Designs 
50-Ohm Impedance, C-In/Out for Standard E24 Capacitor Values 


Filter Filter 
NO. ---------- Frequency (MHz)---------- Max. С1,5 12,4 C3 NO. -———- Frequency (MHZ)---------- Max С1,5 12,4 Оз 
Foo Зав 20dB 40dB SWR (pF) (uH) (pF) Fo Зав 20dB 40dB SWR (pF) (uH) (pF) 

1 104 0.726 0.501 0.328 1.044 5100 6.45 2200 71 522 402 284 1.88 1.095 820 1.17 390 

2 1.04 0.788 0.554 0.366 1.081 4300 5.97 2000 72 5.93 410 2.82 1.85 1.042 910 1.14 390 

3 1.17 0.800 0.550 0.359 1.039 4700 5.85 2000 73 448 395 2.96 2.02 1.355 620 1.30 360 

4 1.07 0.857 0.615 0.410 1.135 3600 5.56 1800 74 5.01 4.18 3.05 2.05 1.196 680 1.16 360 

5 1.17 0.877 0.616 0.406 1.076 3900 5.36 1800 75 5.60 4.34 3.08 2.04 1.101 750 1.09 360 

6 1.33 0.890 0.609 0.397 1.034 4300 5.26 1800 76 6.23 4.42 3.07 2.01 1.052 820 1.06 360 

7 1.12 0.938 0.686 0.461 1.206 3000 5.20 1600 77 479 425 320. 2.19 1.391 560 1.22 330 

8 1.25 0.974 0.693 0.461 1.109 3300 4.86 1600 78 544 455 3.33 2.24 1.203 620 1.07 330 

9 138 0.994 0.691 0.454 1.057 3600 4.71 1600 79 603 4.72 3.36 2.23 1.110 680 1.00 330 
10 1.54 1.00 0.683 0.444 1.028 3900 4.67 1600 80 6.77 482 3.35 2.20 1.052 750 0.970 330 
11 1.14 0.978 0.723 0.490 1.268 2700 5.09 1500 81 7.70 4.87 3.30 2.14 1.023 820 0.962 330 
12 1.28 1.03 0.738 0.492 1.135 3000 4.64 1500 82 5.28 4.68 3.53 2.41 1.386 510 1.10 300 
13 1.43 1.06 0.738 0.486 1.068 3300 4.44 1500 83 594 499 3.65 2.46 1.212 560 0.978 300 
14 1.61 1.07 0.730 0.476 1.033 3600 4.38 1500 84 6.66 520 370 2.46 1.107 620 0.910 300 
15 1.21 1.08 0.812 0.555 1.398 2200 4.82 1300 85 743 531 3.68 2.42 1.054 680 0.882 300 
16 1.35 1.14 0.841 0.567 1.227 2400 4.29 1300 86 8.56 5.36 3.62 2.35 1.022 750 0.875 300 
17 41.55 1.20 0.853 0.566 1.104 2700 3.94 1300 87 605 5.31 3.97 2.70 1.332 470 0.956 270 
18 1.75 1.23 0.848 0.555 1.046 3000 3.81 1300 88 6.69 5.58 4.07 2.74 1.196 510 0.870 270 
19 1.28 1.15 0.871 0.597 1.440 2000 4.57 1200 89 7.43 5.78 4.11 273 1.105 560 0.817 270 
20 1.45 1.24 0.909 0.614 1.238 2200 399 1200 90 8.39 5.91 4.08 2.68 1.048 620 0.792 270 
21 1.60 1.29 0.923 0.616 1.135 2400 3.71 1200 91 7.07 6.09 4.51 3.06 1.276 430 0.818 240 
22 1.84 1.32 0.921 0.605 1.057 2700 3.54 1200 92 7.84 6.38 4.61 3.08 1.155 470 0.752 240 
23 2.14 1.34 0.906 0.588 1.022 3000 3.50 1200 93 8.59 6.55 4.62 3.06 1.088 510 0.719 240 
24 157 1.34 0.989 0.669 1.251 2000 369 1100 94 9.64 666 4.58 3.00 1.042 560 0.702 240 
25 1.75 1.40 1.01 0.672 1.135 2200 3.40 1100 95 7.61 6.60 4.90 3.33 1.295 390 0.760 220 
26 1.93 1.44 1.01 0.664 1.072 2400 3.27 1100 96 8.53 6.95 5.02 3.36 1.157 430 0.690 220 
27 227 1.46 0.992 0.645 1.026 2700 3.21 1100 97 9.43 7.15 5.04 3.33 1.085 470 0.658 220 
28 1.71 1.47 1.08 0.734 1.268 1800 3.39 1000 98 10.4 7.26 5.01 3.28 1.044 510 0.644 220 
29 193 1.54 1.11 0.739 1.135 2000 3.09 1000 99 7.58 683 5.19 3.56 1.470 330 0.776 200 
30 2.15 1.58 1.11 0.730 1.068 2200 2.96 1000 100 8.53 7.33 5.42 3.67 1.268 360 0.678 200 
31 2.41 1.60 1.10 0.714 1.033 2400 2.92 1000 101 9.36 7.64 5.52 3.70 1.159 390 0.628 200 
32 1.66 1.50 1.14 0.783 1.473 1500 3.54 910 102 10.4 7.88 5.54 3.66 1.081 430 0.596 200 
33 1.82 1.59 1.18 0.803 1.311 1600 3.18 910 103 8.55 7.67 5.81 3.98 1.440 300 0.685 180 
34 2.09 1.69 1.22 0.812 1.145 1800 2.83 910 104 9.69 8.24 6.06 4.09 1.238 330 0.597 180 
35 236 1.74 1.22 0.802 1.068 2000 2.70 910 105 10.7 8.57 6.15 4.10 1.135 360 0.556 180 
36 2.68 1.76 1.20 0783 1.030 2200 2.66 910 106 9.80 8.73 6.58 4.50 1.406 270 0.595 160 


37 212 1.81 1.33 0.898 1.241 1500 2.73 820 
38 2.28 1.86 1.35 0.902 1.159 1600 2.58 820 
39 2.61 1.93 1.35 0.890 1.069 1800 2.43 820 
40 3.01 1.96. 1.33 0.866 1.028 2000 2.39 820 
41 2.17 190 1.42 0.970 1.341 1300 2.67 750 
42 257 2.06 1.48 0.985 1.135 1500 2.32 750 
43 2.76 2.10 1.48 0.978 1.086 1600 2.25 750 
44 3.21 2.14 146 0.952 1.033 1800 2.19 750 
45 2.45 213 158 1.08 1.304 1200 2.36 680 
46 2.60 223 162 1.09 1.181 1300 2.17 680 
47 3.17 2.33 1.63 1.07 1.067 1500 2.01 680 
48 3.44 2.35 1.62 1.06 1.039 1600 1.99 680 1965 ет 
49 2.70 234 1.74 1.18 1.293 1100 2.14 620 (A) 

50 2.99 246 1.78 1.19 1.167 1200 1.96 620 
51 3.28 2.53 1.79 1.19 1.097 1300 1.87 620 
52 3.93 259 1.76 1.15 1.030 1500 1.81 620 
53 3.02 260 1.93 1.31 1.282 1000 1.92 560 
54 3.37 274 1.97 1.32 1.152 1100 1.75 560 
55 3.72 2.81 198 1.31 1.083 1200 1.67 560 
56 4.10 285 1.97 1.29 1.044 1300 1.64 560 
57 3.31 286 212 1.44 1.283 910 1.75 510 
58 3.69 3.00 2.17 1.45 1.154 1000 1.60 510 
59 4.11 3.09 217 1.44 1.079 1100 1.52 510 
60 459 3.14 2.15 1.41 1.089 1200 1.49 510 


40 


20 


ATTENUATION (dB) 


61 3.49 3.05 2.28 1.55 1.327 820 1.66 470 Каоав Foods F348 Fco 

62 3.95 3.24 2.35 1.57 1.167 910 1.49 470 FREQUENCY (Hz) 

63 439 3.34 2.36 1.56 1.087 1000 1.41 470 (B) 

64 494 340 2.34 1.53 1.041 1100 1.38 470 

65 3.81 3.34 2.49 1.70 1.827 750 1.52 430 The schematic for a 5-element capacitor input/output 
66 424 3.52 2.56 1.72 1.184 820 1.38 430 Chebyshev high-pass filter is shown at A. At В is the 
67 477 3.65 2.58 1.71 1.091 910 1.29 430 typical attenuation response curve. 


68 5.36 3.72 2.56 1.68 1.043 1000 1.26 430 
69 420 3.68 2.75 1.87 1.328 680 1.38 390 
70 472 3.89 2.83 1.90 1.175 750 1.24 390 
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7-Element Chebyshev High-Pass Filter Designs 
50-Ohm Impedance, C-In/Out for Standerd E24 Capacitor Values 


Filter 
Filter 
No. -------Frequency (MHz)—— Max. C1,7 12,6 C3,5 14 No. Frequency (MHzi—- Max. C17 L2 4 
Fo Зав 20dB 40dB SWR (pF) (H) (pF) (uH) E. бы op a 2 o SWR (ЕЮ) ( 2 pd " Н) 

1 1.02 0.826 0.660 0.504 1.036 5100 6.16 2000 4.98 

2 1.00 0.880 0.724 0.563 1.109 3900 5.67 1800 4.86 Ogee aD 1 ze 1227 250 Ия hod 
3 1.08 0.905 0.732 0.563 1.058 4300 5.55 1800 4.60 73 489 415 337 260 1068 910 121 390 101 
4 1.16 0.922 0.734 0.558 1.030 4700 5.55 1800 4.45 74 527 424 339 258 1034 1000 120 390 0969 
5 1.00 0.924 0.780 0.617 1.257 3000 5.53 1600 4.93 35-248 4:13. 348 375- 1247. ово 123. -360.110 
6 1.09 0.971 0.806 0.630 1.147 3300 5.15 1600 4.48 76 486 433 359 280 1138 750 115 360 100 
7 116 1.00 0.819 0.634 1.086 3600 4.99 1600 4.22 77520447 385. 282 078 820 112—360. 0942 
8 1.23 1.02 0.824 0.632 1.050 3900 4.93 1600 4.05 78 564 458 367 280 1038 910 111 360 0.899 
9 1.34 1.04 0.825 0.625 1.023 4300 4.95 1600 3.92 79 487 449 379 299 1254 620 114 330 101 
10 1.03 0.958 0.815 0.648 1.327 2700 5.43 1500 4.89 80 526 471 391 305 1148 680 108 330 0924 
11 1.13 1.02 0.853 0.669 1.176 3000 4.92 1500 4.31 81 567 487 398 307 1080 750 103 330 0864 
12 1.22 1.06 0.871 0.676 1.099 3300 4.70 1500 4.01 82 6.07 498 400 306 1043 820 102 330 0829 
13 1.30 1.09 0.879 0.675 1.056 3600 4.63 1500 3.83 83 532 491 415 328 1264 560 104 300 0.930 
14 1.39 1.11 0.880 0.670 1.031 3900 4.63 1500 3.71 84 5.80 818 430 336 1145 620 0965 300 0838 
15 1.22 113 0.954 0.755 1.282 2400 457 1300 409 85 622 5.36 4.37 338 1.082 680 0.933 300 0.787 
17 145 1.24 1.01 0.780 1.073 3000 4.03 1300 3.38 87 7.25 5.58 4.40 3.33 1.020 820 0.931 300 0.731 
18 1.57 1.27 1.02 0.775 1.037 3300 4.00 1300 3.24 88 5.98 5.50 4.64 3.66 1.247 510 0.926 270 0.824 
19 1.31 1.21 1.03 0.816 1.294 2200 4.25 1200 3.81 89 646 577 478 374 1142 560 0867 270 0.752 
20 1.41 1.28 1.07 0.836 1.176 2400 3.94 1200 3.45 90 698 597 487 376 1075 620 0837 270 0703 
21 1.55 1.34 1.09 0.845 1.086 2700 3.74 1200 3.16 91 750 611 489 374 1039 680 0831 270 0.675 
22 1.68 1.97 1.10 0841 1.042 3000 3.70 1200 3.01 92 6.39 5.97 5.08 4.04 1.336 430 0.873 240 0.787 
23 1.41 1.32 1.12 0.887 1.308 2000 3.93 1100 3.53 93 694 632 529 416 1200 470 0798 240 0704 
24 1.54 1.39 1.16 0.912 1.176 2200 3.61 1100 3.16 94 741 655 541 421 1123 510 0.762 240 0656 
25 1.65 1.44 1.19 0.921 1.104 2400 3.46 1100 2.95 95 7.95 6.75 5.48 4.22 1.068 560 0.742 240 0.620 
26 1.80 1.49 1.20 0.919 1.048 2700 3.39 1100 2.78 96 861 690 550 419 1032 620 0740 240 0.595 
27 1.97 1.52 1.20 0.907 1.021 3000 3.41 1100 2.68 97 756 6.88 577 454 1202 430 0733 220 0.646 
28 1.54 1.44 1.22 0.971 1.327 1800 3.62 1000 3.26 98 811 716 591 460 1119 470 0.697 220 0599 
29 1.70 1.53 1.28 1.00 1.176 2000 3.28 1000 2.87 99 8.63 7.35 5.98 4.61 1.071 510 0.681 220 0.570 
30 1.82 1.59 1.31 1.01 1.099 2200 3.14 1000 2.67 100 9.28 7.51 6.00 4.58 1.036 560 0.677 220 0.548 
31 1.95 1.68 1.32 1.01 1.056 2400 3.08 1000 2.55 101 7.70 7.19 6.11 4.86 1.327 360 0.723 200 0.652 
32 215 1.67 1.32 1.00 1.023 2700 3.10 1000 2.45 102 8.30 7.56 6.34 4.99 1.205 390 0.667 200 0.589 
33 1.85 1.67 1.40 1.10 1.188 1800 3.01 910 2.64 103 8.97 7.90 651 5.06 1.114 430 0.632 200 0.542 
34 2.00 1.75 1.44 1.11 1.100 2000 2.85 910 2.43 104 9.59 8.11 6.58 5.07 1.064 470 0.618 200 0.515 
35 2.15 1.80 1.45 1.11 1.053 2200 2.81 910 2.31 105 8.72 8.09 6.86 5.44 1.294 330 0.637 180 0.571 
37 1.91 1.77 1.50 1.19 1.297 1500 2.91 820 2.61 

38 2.03 1.85 1.55 1.22 1.204 1600 2.74 820 2.42 

39 2.22 1.94 1.59 1.24 1.100 1800 2.57 820 2.19 

40 2.41 2.00 1.61 1.23 1.050 2000 2.53 820 2.08 

41 2.61 2.03 1.61 1.22 1.024 2200 2.54 820 2.01 

42 2.26 2.04 1.71 1.34 1.176 1500 2.46 750 2.16 

43 2.38 2.10 1.73 1.35 1.120 1600 2.38 750 2.04 

44 2.60 2.17 1.76 1.35 1.056 1800 2.31 750 1.91 

45 2.83 2.22 1.76 1.34 1.025 2000 2.32 750 1.84 

46 2.40 2.20 1.85 1.46 1.230 1300 2.31 680 2.05 

47 2.69 2.34 1.92 1.49 1.097 1500 2.13 680 1.81 

48 2.82 2.39 1.94 1.49 1.064 1600 2.10 680 1.75 

49 3.11 2.45 1.94 1.47 1.027 1800 2.10 680 1.67 

50 2.66 2.43 2.04 1.61 1.214 1200 2.08 620 1.84 

51 2.84 2.52 2.09 1.63 1.133 1300 1.98 620 1.71 

52 3.16 2.64 2.13 1.63 1.053 1500 1.91 620 1.58 

53 3.33 2.67 2.13 1.62 1.033 1600 1.91 620 1.54 

54 2.73 2.55 2.17 1.73 1.343 1000 2.05 560 1.85 

55 2.98 2.71 2.27 1.79 1.196 1100 1.86 560 1.64 

56 3.19 2.82 2.32 1.81 1.116 1200 1.77 560 1.52 

57 3.39 2.89 2.35 1.81 1.070 1300 1.73 560 1.45 

58 3.81 2.98 2.36 1.79 1.024 1500 1.73 560 1.37 

59 3.27 2.97 2.49 1.96 1.198 1000 1.70 510 1.49 

60 3.53 3.10 2.55 1.99 1.112 1100 1.61 510 1.38 

61 3.76 3.18 2.58 1.99 1.064 1200 1.58 510 1.31 

62 4.01 3.24 2.59 1.98 1.036 1300 1.57 510 1.27 C1#C7, СЗ» С5, L2*L6 

63 3.51 3.21 2.69 2.12 1.213 910 1.58 470 1.40 

MP ME 275 218 1182 MO MP 40 12B те schomaticfora 7-element capacitor npuvoutput - 

66 435 352 281 214 1.035 1200 145 470 117 Chebyshev high-pass filter. See 30.25 for the attenuation 

67 3.79 3.47 2.93 2.31 1.233 820 1.46 430 1.30 гегропзе CUR: 

68 4.12 3.65 3.02 2.35 1.126 910 137 430 1.18 

69 4.42 3.76 3.06 2.36 1.069 1000 1.33 430 1.11 

70 4.77 3.85 3.07 2.34 1.035 1100 1.33 430 1.07 
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5-Branch Elliptic High-Pass Filter Designs 
50-Ohm Impedance, Standard E12 Capacitor Values for C1, C3 and C5 


Filter 
No. Fy F Fas As Max C1 C3 
Боан (МН2)---------- (ав) SRO 
1 1.01 0.936 0.670 45.9 1.489 2.7 1.8 
2 1.14 0.976 0.608 50.4 1.186 3.3 1.8 
3 1.30 1.01 0.604 49.4 1.071 3.9 1.8 
4 119 1.11 0.810 45.4 1.543 2.2 1.5 
5 1.38 1.20 0.797 46.8 1199 27 1.5 
6 156 1.19 0.685 51.6 1.064 3.3 1.5 
7 151 140 1.01 45.9 1.489 1.8 1.2 
8 1.75 1.51 1.00 46.6 1180 2.2 1.2 
9 202 1.52 0.920 48.3 1.055 2.7 1.2 
10 1.78 1.65 1.15 47.8 1.506 1.5 1.0 
11 207 1.80 1.20 46.8 1.199 8 1.0 
12 238 183 1.13 47.8 1.000 2.2 1.0 
13 222 2.08 1.55 43.7 1.531 1.2 0.82 
14 252 2.17 1.39 48.7 1.186 1.5 0.82 
15 2.89 2.23 1.36 48.2 1.065 1.8 0.82 
16 2.57 240 1.68 47.8 1.5660 1.0 0.68 
17 3.05 2.68 1.85 44.7 1.215 1.2 0.68 
18 3.48 2.66 1.57 49.9 1.063 1.5 0.68 
19 3.17 296 2.13 46.1 1.554 0.82 0.56 
20 3.62 3.16 2.05 48.6 1.210 1.0 0.56 
21 4.19 3.30 2.11 46.1 1076 1.2 0.56 
22 430 379 2.55 46.9 1.283 0.82 0.47 
23 4.89 3.84 2.31 49.7 1.079 1.0 0.47 


24 5.87 3.89 2.31 47.4 1.021 1.2 0.47 
25 4.44 4.17 3.01 46.5 1.618 0.56 0.39 


26 5.14 4.52 2.99 48.0 1.236 0.68 0.39: 


27 5.88 4.67 2.90 48.0 1.085 0.82 0.39 
28 5.99 5.34 3.60 47.1 1.269 0.56 0.33 
29 6.81 548 3.37 49.0 1.006 0.68 0.33 
30 8.07 5.50 3.7 49.3 1.026 0.82 0.33 
31 6.38 5.99 4.26 47.3 1.609 0.39 0.27 
32 7.34 647 4.18 49.2 1.241 0.47 0.27 
33 839 673 4.17 48.4 1.092 0.56 0.27 
34 792 7.36 4.98 49.6 1.522 0.33 0.22 
35 921 8.05 5.27 48.1 1.217 0.39 0.22 
36 10.4 8.18 4.84 50.5 1.077 047 0.22 


сі сз cs 
c2 I I. 
-— — 
500 рә .F4 50n 
L2 L4 


(A) 


[^ S VIS 
оо т го О О оС соол ооо 


0.82 


ATTENUATION (dB) 


FREQUENCY (H2) 


Fa s 


(B) 


Ғзав 


Foo 


The schematic for a 5-branch elliptic high-pass filter is shown at A. At B is the typical attenuation response curve. . 
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NOISE TEMPERATURE ( к) 


Relationship Between 
Noise Figure and Noise 
Temperature 


Ар) 
ИШЕ ШШЕ БУ] ИЕШЕ ШЕШ ШЕШ ШЕШ: 
ILI T. 


NAnAaLmnÓ222222200000000o0 
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NOISE FIGURE (48) 


Tower Manufacturers 


Contact information appears in the 


Handbook Address List elsewhere in this 


chapter. Send updates to the Handbook 
Editor at ARRL Headquarters. 


Aluma Tower 
Glen Martin Engineering 


Hy-Gain Division, Telex Communications, Inc 


M? Enterprises 
National Tower Co 


Rohn 


Texas Towers 

Tri-Ex Tower Corp 
Universal Manufacturing Co 
US Tower Corp 
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R1 


870.0 
436.0 
292.0 
221.0 
178.6 
150.5 
130.7 
116.0 
105.0 
96.2 
89.2 
83.5 
78.8 
74.9 
71.6 
68.8 
66.4 
64.4 
62.6 
61.0 
59.7 
58.6 
57.6 
56.7 
56.0 
53.2 
51.8 
51.0 
50.5 
50.3 
50.2 
50.1 


RI 


Note: A PC board kit for the Low-Power 


(Ohms) 


R2 


,R2 
(Ohms) 


5.8 
11.6 
17.6 
23.8 
30.4 
37.3 
44.8 
52.8 
61.6 
71.2 
81.6 
93.2 

106.0 
120.3 
136.1 
153.8 
173.4 
195.4 
220.0 
247.5 
278.2 
312.7 
351.9 
394.6 
443.1 
789.7 
1405.4 
2500.0 
4446.0 
7905.6 
14,058.0 
25,000.0 


Pi-Network Resistive 
Attenuators (50 О) 


Step Attenuator (Sep 1982 QST) is 
available from FAR Circuits. Project 


details are in the 96 Handbook template 
package STEP ATTENUATOR available 


from the ARRL Technical Secretary. 


OOBONAAAWAN ә 


10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
30 
35 
40 
45 
50 
55 
60 


R1 


T-Network Resistive 


Attenuators (50 О) 


R1 
(Ohms) 


R2 
(Ohms) 


433.3 
215.2 
141.9 
104.8 
82.2 
66.9 
55.8 
47.3 
40.6 
35.0 
30.6 
26.8 
23.5 
20.8 
18.4 
16.2 
14.4 
12.8 
11.4 
10.0 
9.0 
8.0 
7.1 
6.3 
5.6 
3.2 
1.8 
1.0 
0.56 
0.32 
0.18 
0.10 


R1 


Antenna Wire Strength 


American 
Wire Gauge 


1Approximately one-tenth the breaking loa 
and there is no danger of ice loading. 


Recommended Tension! (pounds) 


Hard-drawn 
copper 


Copper-clad 

stee. 

495 214 
310 130 
195 84 
120 52 
75 32 
50 20 
31 13 
19 8 
12 5 


2“Copperweid,” 40 percent copper. 


Weight (pounds per 1000 feet) 


Copper-clad 


steel? 


Hard-drawn 
Copper 
126 
79.5 
50 
31.4 
19.8 
12.4 
7.8 
4.9 
3.1 


d. Might be increased 50 percent if end supports are firm 


Standard Sizes of Aluminum Tubing 


6061-T6 (61S-T6) round aluminum tube in 12-ft lengths 


OD Wall Thickness ID Approx Weight (Ib) OD Wall Thickness ID Approx Weight (Ib) 
(in) in Stubs ga (in) per ft per length (in) in stubs ga (їп) per ft per length 
3/16 .035 no. 20 117 .019 228 1 .083 по. 14 .834 .281 3.372 
.049 no. 18 089 -025 -330 1-1/8 .035 no. 20 1.055 .139 1.668 
1/4 .035 no. 20 .180 .027 .324 .058 по. 17 1.009 .228 2.736 
.049 no. 18 152 036 432 1-1/4 .035 по. 20 1.180 155 1.860 
:058 по. 17 134 041 ‚492 .049 по. 18 1.152 210 2.520 
5116 035 по. 20 242 .036 432 058 по. 17 1.134 .256 3.072 
.049 no. 18 214 .047 .564 .065 по. 16 1.120 .284 3.408 
.058 no. 17 .196 .055 .660 083 по. 14 1.084 .357 4.284 
3/8 .035 no. 20 .305 .043 516 1-3/8 .035 по. 20 1.305 173 2.076 
.049 no. 18 277 .060 .720 .058 по. 17 1.259 .282 3.384 
.058 no. 17 .259 .068 816 1-1/2 .035 по. 20 1.430 180 2.160 
:065 по. 16 .245 :074 .888 .049 по. 18 1.402 .260 3.120 
716 :035 по. 20 .367 051 612 058 по. 17 1.384 .309 3.708 
.049 no. 18 339 .070 .840 .065 по. 16 1.370 .344 4.128 
.065 no. 16 .307 .089 1.068 oe по: 14 1.334 434 5.208 
1/2 028 . 22 444 .049 .588 LÍ 1/8" 1.250 630 7.416 
бз dures 130 029 peo *250 1/4" 1.000 1.150 14.823 
049 no. 18 402 082 948 1-5/8 .035 по. 20 1.555 .206 2.472 
.058 no. 17 .384 .095 1.040 058 по. 17 1.509 .336 4.032 
-065 no. 16 .370 107 1.284 1-3/4 .058 no. 17 1.634 .363 4.356 
5/8 028 no. 22 569 :061 732 083 по. 14 1.584 510 6.120 
.035 no. 20 555 075 900 1-7/8 508 по. 17 1.759 .389 4.668 
-049 no. 18 527 106 1.272 2 .049 по. 18 1.902 .350 4.200 
.058 no. 17 509 121 1.452 065 по 16 1.870 "450 5.400 
065 по. 16 495 137 1.644 .083 по. 14 1.834 ‘590 7.080 
3/4 .035 no. 20 .680 .091 1.092 *.125 1/8" 1.750 870 9.960 
.049 no. 18 652 125 1.500 * 250 1/4" 1.500 1.620 19.920 
058 no. 17 634 148 1.776 2-1/4 .049 по. 18 2.152 .398 4.776 
.065 no. 16 .620 .160 1.920 065 по 16 2:120 520 6.240 
083 по. 14 584 204 2.448 .083 по.14 2.084 ‘660 7.920 
ne 099: 00120 И et? 2-1/2 065 по. 16 2.370 587 7.044 
| І ү f .083 по. 14 2.334 740 8.880 
.058 по. 17 .759 175 2.100 * 125 1/8” 2.250 1.100 12.720 
1 Me йо. 0 oo дез 1407 3 065 по. 16 2.870 710 8.520 
' : : : à *.125 1/8" 2.700 1.330 15.600 
.058 no. 17 .884 .202 2.424 "250 — 1/4" 2:500 250 31200 
.065 no. 16 .870 .220 2.640 ` : : 3 


“These sizes are extruded; all other sizes are drawn tubes. Shown here are standard sizes of aluminum tubing that are stocked by most aluminum 


suppliers or distributors in the United States and Canada. 


Standard vs American 


Wire Gauge Impedance of Various 

SWG Diam (in.) Nearest AWG Two-Conductor Lines 
12 0.104 10 
14 0.08 12 
16 0.064 14 Twist | 
18 0.048 16 Ж wists per Inch 
2 A Goa 2 Size 2% 5 7% 10 12% 

no. 20 43 39 35 
36 БОТЫ 5s no. 22 46 41 39 37 32 
28 0.0148 27 по. 24 60 45 44 43 41 
30 0.0124 28 по. 26 65 57 54 48 47 

ў по. 28 74 53 51 49 47 
32 0.0108 29 no. 30 49 46 47 
34 0.0092 31 B 
36 0.0076 32 ` 
38 0.006 34 Measured in ohms at 14.0 MHz 
40 area ке This chart illustrates the impedance of various 
42 0.00 two-conductor lines as a function of the wire size 
p 0.0032 40 and number of twists per inch. 
46 0.0024 — 


Attenuation per Foot 
for Lines in 30.35 


Twists per Inch 


Wire 

Size 25 5 7% 10 12% 
по. 20 0.11 011 0.12 

по. 22 0.11 0.12 0.12 0.12 0.12 
по. 24 0.11 0.12 0.12 0.13 0.13 
по. 26 0.11 0.13 0.13 0.13 0.13 
по. 28 0.11 0.13 0.13 0.16 0.16 
по. 30 0.25 0.27 0.27 


Measured іп decibels at 14.0 MHz 


Attenuation in dB per foot for the same lines 
as shown in 30.35. 


References 30.35 


Equivalent Values of Reflection Coefficient, Attenuation, SWR and Return Loss 


Reflection Attenuation Max. Return Reflection Attenuation Max. Return Reflection Attenuation Max. Return 

Coefficient (dB) SWR Loss Coefficient (dB) SWR Loss Coefficient (dB) SWR Loss 
(96) (dB) (9) (dB) (95) (dB) 

1.000 0.000434 1.020 40.00 23.652 0.2500 1.600 12.52 58.000 1.7809 3.762 4.73 

1.517 0.001000 1.031 36.38 24.000 0.2577 1.682 12.40 60.000 1.9382 4.000 4.44 

2.000 0.001738 1.041 33.98 25.000 0.2803 1.667 12.04 60.749 2.0000 4.095 4.33 

3.000 0.003910 1.062 30.46 26.000 0.3040 1.703 11.70 63.000 2.1961 4405 401 

4.000 0.006954 1.083 27.96 27.000 0.3287 1740 11.37 66.156 2.5000 4.000 3.59 

4.796 0.01000 1.101 26.38 28.000 0.3546 1.778 11.06 66.667 2.5528 5.000 3.52 

5.000 0.01087 1.105 26.02 30.000 0.4096 1.857 10.46 70.627 3.0000 5.809 3.02 

6.000 0.01566 1.128 24.44 31.623 0.4576 1.925 10.00 70.711 3.0103 5.829 3.01 

7.000 0.02133 1.151 23.10 32.977 0.5000 1.984 9.64 

7.576 0.02500 1.164 2241 33.333 05115 2000 954 pe aR 

8.000 0.02788 1.174 21.94 34.000 0.5335 2.030 9.37 А Є 

9.000 0.03532 1.198 20.92 35.000 0.5675 2.077 9.12 where 2 = 0.01 x (reflection coefficient in %) 

10.000 0.04365 1.222 20.00 36.000 0.6028 2.125 8.87 spl 

10.699 0.05000 1.240 19.41 37.000 0.6394 2.175 8.64 p = 10 

11.000 0.05287 1.247 19.17 38.000 06773 2226 840 where RL = return loss (dB) 

12.000 0.06299 1.273 1842 39.825 0.7500 2.324 8.00 =й өр 

13.085 0.07500 1.800 17.66 40.000 0.7572 2.333 7.96 P = v1 - (0.1) ; 

14.000 0.08597 1.326 17.08 42.000 0.8428 2.448 7.54 where X = A/10 and A = attenuation (dB) 

15.000 0.09883 1.858 16.48 42.857 0.8814 2.500 7.36 swr - EY, 

15.087 0.10000 1.855 16.43 44.000 0.9345 2571 713 =-у ут 

16.000 0.1126 1.381 15.92 45.351 1.0000 2.660 6.87 

17.783 0.1396 1.433 15.00 48.000 1.1374 2.846 6.38 Return loss (dB) = -8.68589 In (p) 

18.000 0.1430 1.489 14.89 50.000 1.2494 3.000 6.02 where In is the natural log (log to the base e) 

19.000 0.1597 1.469 14.42 52.000 1.3692 3.167 5.68 

20.000 0.1773 1.500 13.98 54.042 1.5000 3.352 5.35 Attenuation (dB) = – 4.34295 In (1 – 2) 

22.000 0.2155 1.564 13.15 56.234 1.6509 3.570 5.00 where In is the natural log (log to the base ө) 


The black bars indicate ungrounded guy wire lengths to avoid for the eight HF amateur bands. This chart is 
based on resonance within 10% of any frequency in the band. Grounded wires will exhibit resonance at odd 
multiples of a quarter wavelength. (Jerry Hall, K1TD) 
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GUY WIRE LENGTH (FEET) 
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didah 


dit 


Iommoou» 


о мю = 


Period [.]: 


Comma [,]: 


dahdididit 
dahdidahdit 
dahdidit 


dididahdit 
dahdahdit 
didididit 


didahdahdahdah 
dididahdahdah 
didididahdah 


didahdidahdidah 
dahdahdididahdah 


Question mark 
or request for 


repetition [?]: 


Error: 


Hyphen or dash [ — ]: 
Double dash [ 


Colon [:]: 


Semicolon [;]: 
Left parenthesis [(]: 
Right parenthesis [)]: 


‚ Notes 


- dididahdahdidit 
didididididididit ' 
dahdididididah 
dahdidididah 
dahdahdahdididit 
dahdidahdidahdit 
dahdidahdahdit 
dahdidahdahdidah 


NOOR 20vOZZCXxc-- 


didit ` 


dahdidah 
didahdidit 
dahdah 
dahdit 
dahdahdah 
didahdahdit 


didahdit 


dididididit 
dahdidididit 
dahdahdidid 


didahdahdah 


dahdahdidah 


dididididah 


it — – «6 


аак | 

dah ` 
dididah _ 
didididah 

: didahdah 
dahdididah 
dahdidahdah 
dahdahdidit ' 


N«xz«cao 


dahdahdahdidit 
dahdahdahdahdit 
dahdahdahdahdah 


ooo. 


Fraction bar [/]:: 
Quotation marks Г]; 
Dollar sign [$]: 


„Apostrophe []: © 


Paragraph [f]: 
Underline [__]: 


_ Starting signal: 


Wait: 


End of message or cross [+]: 


Invitation to transmit [K];  - 
End of work: 
Understood: 


` didididahdididah 


dahdididahdit 
didahdididahdit 


didahdahdahdahdit 
didahdidahdidit 
dididahdahdidah 
dahdidahdidah 
didahdididit 
didahdidahdit 
dahdidah ' 
didididahdidah 
didididahdit 


ЕЕЕ 


1. Not all Morse characters shown are used In ЕСС ой tests. License applicants are responsible for knowing, and may be tested on, the 26 letters, the numerals 0 to 9, 
the period, the comma, the question mark, AR, SK, BT and fraction bar (DN]. 
2. The following letters are used in certain European languages which use the.Latin alphabet: 


CM» 


, À, Â 
Є 


MPH TRO > >: 
m 


3. 
e 
| 
R 
Ü 


Numeral 


© о 0-001 Oto 


didahdidah 
didahdahdidah 
dahdidahdidit 
dididahdidit 
didahdididah 
dahdididahdit 


—eme 


Special Esperanto characters: 
dahdidahdidit 
didididahdit 
didahdahdahdit 
dahdidahdahdit 
dididahdah 


o———e 


О NWNeG: Z20: 


HS 


5, Ô, 6 dahdahdahdit 
dahdahdidahdah 
dididahdah 
dahdahdidit 
dahdahdididah 
dahdahdahdah 


= =- 


_—— 
——.—— 


ome - 


t 


-o 


4. Signals used in other radio services: 


Interrogatory 
Emergency s 
Executive fol 
Break-in sign. 


“Emergency si 


ilence 
lows 
al 
ignal 


Relay of distress 


Morse Abbreviated Numbers 


Long Number : 


didahdahdahdah 
dididahdahdah 
didididahdah 
dididididah 
dididididit 
dahdidididit , 
dahdahdididit 
dahdahdahdidit 
dahdahdahdahdit 
dahdahdahdahdah 


„———— 
‘ 

өе = — c 

ooo — 

ee.. — 

"өөө 

— eese 


Cut Number 
didah, 
dididah 
didididah 
dididididah 
dididididit 
dahdidididit 
dahdididit 
dahdidit 
dahdit 

dah 


esses ОГ» 


dididahdidah 
dididididahdah 
dididahdididah 
dahdahdahdahdah 
didididahdahdahdididit 
dahdididahdididahdidit 


z 


Equivalent 
-Character 


A 


у 


4 
5orE 


Azouo 


Note: These abbreviated numbers are not legal for use in call signs. They should be used only 
where there is agreement between operators and when no confusion will result., 


References 
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ITA2 (Baudot) and AMTOR Codes 


ІТА2' CCIR 476? 
Combi- Code Code Character Set 
nation Bit No. Bit No. Letters Figures Case 
No. 43210 Hex 6543210 Нех Case ITA2 U.S. TTYs* 
1 00011 03 1000111 47 A - — 
2 11001 19 1110010 72 B ? ? 
3 01110 ОЕ 0011101 1D C : : 
4 01001 09 1010011 53 D 5 $ 
5 00001 01 1010110 56 E 3 3 
6 01101 ор 0011011 1B F 4 ! 
7 11010 · 1A 0110101 35 G x & 
8 10100 14 1101001 69 H 4 # or motor stop 
9 00110 06 1001101 4D l 8 8 
10 01011 0B 0010111 17 J BELL 5 
11 01111 OF ‚ 0011110 1E K { ( 
12 10010 12 1100101 65 L ) ) 
13 11100 1С 0111001 39 М В . 
14 01100 oc 1011001 59 N " 2 
15 11000 18 1110001 71 о 9 9 
16 10110 16 0101101 2р Р 0 [0] 
17 10111 17 0101110 2E Q 1 1 
18 01010 0A 1010101 55 R 4 4 
19 00101 05 1001011 4B S , BELL 
20 10000 10 1110100 74 T 5 5 
21 00111 07 1001110 — 4E U 7 7 
22 11110 1E 0111100 3C у = Н 
23 10011 13 0100111 27 үү 2 2 
24 11101 10 0111010 ЗА X I I 
25 10101 15 0101011 2B Y 6 6 
26 10001 11 1100011 63 2 + z 
27 01000 08 1111000 78 = CR (Carriage return) 
28 00010 02 1101100 6С = LF (Line feed) 
29 11111 1F 1011010 5А Y LTRS (Letter shift) 
30 11011 18 0110110 36 4 FIGS (Figure shift) 
31 00100 04 1011100 5С SP (Space) 
32 00000 00 1101010 — 6A BLK (Blank) 


Notes Е 


11 represents the mark condition (shown as 2 in ITU recommendations) which is the higher emitted radio 
frequency for FSK, the lower audio froguaney for AFSK. 0 represents the space condition (shown as A 
in (ТО documents). Bits are numbered 0 (least significant bit) through 4 (most-significant bit). The order 
of bit transmission is LSB first, MSB last. Symbols A and Z are defined in CCIR Rec. R.140. 


1 represente the mark condition (shown as B in CCIR recommendations), which is the higher emitted ` 
radio frequency for FSK, the lower audio frequency for AFSK. 0 represents the space condition (shown 

as Y in CCIR recommendations). Bits are numbered 0 (LSB) through 6 (MSB). The order of bit trans- 
mission is LSB first, MSB last. 

*Many U.S. teletypewriters have these figures case characters. 

“At present unassigned. Reception of these signals, however, should not initiate a request for repetition. 


$ The pictorial representations of & or -indicate WRU (Who are you?), which is used for an 
answer-back function in telex networks. 


Baudot Signaling Rates and Speeds 


Signaling Data Stop 
Rate Pulse Pulse Speed Common 
(bauds) (ms) (ms) (WPM) Name 
45.45 22.0 22.0 65.00 Western 
Union 
22.0 31.0 61.33 “60 speed" 
22.0 33.0 60.61 45 bauds 
50.00 20.0 30.0 66.67 European; 
50 bauds 
56.92 17.57 25.00 76.68 “75 speed" 
17.57 26.36 75.89 57 bauds 
74.20 13.47 19.18 100.00 “100 speed” 
13.47 20.21 98.98 74 bauds 
100.0 10.00 15.00 133.33 100 bauds 
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ee nen4nnnicdodo00d00 © 


—-—---оооозз-ы-зоооо N 


з 


эз-оо-з--оо--—зоо--оо 
эо-о-о-о-зо-зо-о-зо o 


ттсо сш > оо чолом о 


“aaoo 


юозо 


DON ONERWNH =O ` 


Ууд 


' 


Quand 
кооз 


от&гхл=-тоттоош>в. 


/ 


› TNX ECCO 


[LE 


Morus 


o3g хх sae Aan сь 


The ASCII Coded Character Set - 


NAAM 


мт мю хе < с о0о чат. 


N 
DEL 


; acknowledge 


ACK = 

BEL = beil s 

BS = backspace 

CAN = cancel 

CR = carriage return 

DC1 =. device control 1 

DC2 = device control 2 

'DC3 = device control 3 

DC4 = device control 4 

DEL  - (delete) 

DLE = data link escape 

ENQ = enquiry 

EM = end of medium 

EOT = end of transmission 

ESC: “= escape 

ETB = end of block 

ETX = end of text © 
Notes 


1. “1” = mark,“0” = space. 


Hon o go Ho ata EN 


.form feed 


file separator 

group separator 
horizontal tab р 

line feed 

negátive acknowledge 
null Ы 
record separator 


-shift in 


shift out " 
start of heading 
space 

start of text 
substitute 
synchronous idle 
unit .séparator 
vertical tab 


2. Bit 6 is the most-significant bit (МВ). 
Bit О the least-significant bit (LSB). 


Й 


ASCII 


Code 
6543210 


0000000 
0000001 
0000010 
0000011 
0000100 
0000101 
0000110 
0000111 


0001000 
0001001 
0001010 
0001011 
0001100 
0001101 
0001110 
0001111 
0010000 
0010001 
0010010 
0010011 
0010100 
0010101 
0010110 
0010111 
0011000 
0011001 
0011010 
0011011 
0011100 
0011101 
0011110 
0011111 
0100000 
0100001 
0100010 
0100011 
0100100 
0100101 
0100110 
0100111 


0101000 
0101001 
0101010 
0101011 
0101100 
0101101 
0101110 
0101111 
0110000 
0110001 
0110010 
0110011 
0110100 
0110101 
0110110 
0110111 
0111000 
0111001 
0111010 
0111011 
0111100 
0111101 
0111110 
0111111 
1000000 
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Conversion from ASCII to Morse and Baudot 


Char. Code 


NUL 
SOH 
STX 
ETX 
EOT 
ENQ 
ACK 
BEL 


BS 
HT 
LF 
VT 
FF 
CR 
SO 
SI 
DLE 
DC1 
DC2 
DC3 
DC4 
NAK 
SYN 
ETB 
CAN 
EM 
SUB 
ESC 
FS 


т Ф фо <+Ф л ь ооо з о ~: 
e 
H 
H 
Н 
| 


ө Ў мил 
1 
і 
: 


Chapter 30 


int'l Morse 


Char. 


EE 


ag 
c 
+ 


> 

Р 

> 
Pe ee eee ee 


~ 


Ш 


^ 


Baudot 


Code 
1 43210 


4t 00000 


* 01001 
* 01011 
* 00101 
{+ 00010 


{#01000 


00100 


10001 
10100 
01001 


—— 


00101 
01011 
01111 
10010 


10001 
01100 
00011 
11100 
11101 
10110 
10111 
10011 
00001 
01010 
10000 
10101 
00111 
00110 
11000 
01110 
11110 


11110 
11001 


Char? 
Blank 


WRU (ITA) 
Bell (ITA) 
Bell (U.S.) 
LF 


CR 


* (ITA) 


Оо мос рь сою о ~ 


1001001 
1001010 
1001011 
1001100 
1001101 
1001110 
1001111 
1010000 
1010001 
1010010 
1010011 
1010100 
1010101 
1010110 
1010111 
1011000 
1011001 
1011010 
1011011 
1011100 
1011101 
1011110 
1011111 
1100000 
1100001 
1100010 
1100011 
1100100 
1100101 
1100110 
1100111 
1101000 
1101001 
1101010 
1101011 
1101100 
1101101 
1101110 
1101111 
1110000 
1110001 
1110010 
1110011 
1110100 
1110101 
1110110 
1110111 
1111000 
1111001 
1111010 
1111011 
1111100 
1111101 
1111110 
1111111 DEL 


—77NXXz«cdomsovozzocxe--romnmmooo» 


Iw TAN kK ES < Cm Dw трооз53 - х - зо +оаоср ` | 


Notes 


' In Baudot code, it is necessary to check to see what the 
current case is before conversion (| = letters, 1 = figures, 


+t = either case). 


Int'l Morse 


Code 


9 
w 
^ 


NXxXz«c-do0movozzcocxcec-rommooo» 


ol 
| 


N-XxX£«cC-H0mJ30v00Zzrx-—-rommooo» 


tet 4— 4— 47 4 4— ete te ete 4-4 | 


яя + +++ 4+ +444 4— a «— 4 а ee 4- 4 4—4—4— 


00011 
11001 
01110 
01001 
00001 
01101 
11010 
10100 
00110 
01011 
01111 
10010 
11100 
01100 
11000 
10110 
10111 
01010 
00101 
10000 
00111 
11110 
10011 
11101 
10101 
10001 


? Figures-case characters are the same for both ITA2 


and U.S. teletypewriters except where indicated. 


OO eS 


NXxX£«cdomovozzroexc-rommoou» 


NXxX£«cdomovozzeoexc-rommooo» 


Code Conversion, ITA1 through 4 (Notes 1 and 2) 


Combi- ITA1 Figure Letter Figure 
nation Bit No. Case Case Case 
‘No. 43210 ITA1 All Codes  ITA2-4 
1 ++++- 1 А — 
2 +--— ++ 8 B ? 
3 +--+- 9 с : 
4 +---- 0 D Note 4 
5 +++-+ 2 Е 
6 +---+ Note 3 F Note 4 
7 +-+-+ 7 G Note 4 [ 
8 t-t-- + H : Note 4 
9 ++--++ Note 3 l 8 
10 +-++- 6 J BELL 
11 --++- ( K ( 
12 --+-- = L ) 
13 --+-+ ) M з 
14 ---- + Note 3 N ; 
15 tt--—-— 5 о 9 
16 ----- % P 0 
17 2g. d Q 1 
18 ---++ - R 4 
19 -+- ++ А S: 4 
20 -+-+- Note 3 T -5 
21 ++-+- 4 U 7 
22 Se EE А у = 
23 -+--+ ? Ww 2 
24 -++--++ : X I 
25 ++- ++ 3 Y 6 
26 -++-- : 2 + i 
27 | +++-- Сагпаде геїигп Carriage return 
28 -+++- Line feed Line feed 
29: ' =++++ Letter blank (space) Letter shift 
30 .. +- +++ Figure blank (space) Figure shift 
31 -- +++ Error- Space 
32 . +++++ instrument at rest Blank 


Hm Phasing signal 
pM р Signal repetition 
== ' Signal alpha 
—— Signal beta 


Note 1: For complete specifications of these codes see the following 


International Telecommunication Union documents: ITA1 and 2 — - 


Telegraph Regulations (Geneva Revision, 1958), ITA3 — CCITT Rec. 
5.13, ITA4 — CCITT Rec. R.44. 

‘Note 2: In ITA1, + indicates positive current, — negative current. In 
ITA2 through ITA4, 1 represents mark condition (shown as Z in ITU 
recommendations, which is the higher emitted radio frequency for 
FSK, the lower for AFSK). 0 represents the space condition (shown 


) ~ 


ITA? _ ITA3 ITA4 


Bit No. Bit No. Bit No. 
43210 _ 6543210 543210 


00011 0101100 000110 
11001 , . 1001100 110010 
01110 0011001 011100 
01001 0011100 010010 
00001 0001110 000010 
01101 1100100 011010 


-< 11010 1000011 110100 


10100 0100101 101000 
00110 0000111 001100 
01011 1100010 010110 
01111 1101000 011110 
10010 0100011 100100 
11100 1000101 111000 : 
01300 0010101 011000 
11000 0110001 110000 
10110 0101001 101100 
10111 1011000 101110 
01010 0010011 010100 
00101 0101010 001010 - 
10000 1010001 100000 
00111 0100110 001110 
11110 1001001 111100 
10011 1010010 100110 
11101. 0110100 111010 
10101 1010100 101010 
10001 1000110 100010 
01000 ^ 1100001 010000 
00010 0001101 000100 
11111 0111000 111110 
11011 0110010 110110 
00100 0001011 001000 
00000 1110000 000001 
e. = 110011 Йй F 
— 0010110 — 

Note 5 . 1001010 000000 $ 

Note 6 0011010 111111 : 


as A in ITU recommendations). For meanings of A and Z see CCITT 
Rec. 140. The normal order of bit transmission is lowest significant 
bit (LSB) first. $ І 
Note 3: At the disposal of each administration for its internal service. 
Note 4: At present unassigned. Reception of these signals, however, 
should not initiate a request for repetition. See CCITT Rec. 5.4. ! 
Note 5: Permanent 0 polarity. 
Note 6: Permanent 1 polarity. 
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Data Interface Connections 


EIA-232-D V.24 
Pin СК Description No. 

1 — Shield 
2 BA Transmitted Data 103 
3 BB Received Data 104 
4 CA Request to Send 105 
5 CB Clear to Send 106 
6 СС DCE Ready : 107 
7 AB Signal Ground ` 102 
8 CF Received Line Signal Detector 109 
9 — (Reserved for Testing) 


10 — (Reserved for Testing) 
11 — Unassigned 
12 ЗСЕ/СІ Sec. Rec’d Line Sig. Detector/ 122 
Data Sig. Rate Select (DCE 
Source) 
13 SCB Sec. Clear to Send 121 
14 SBA Sec. Transmitted Data 118 
15 OB Transmission Signal Element 114 
Timing (DCE Source) 
16 SBB Sec. Received Data 119 
17 DD Receiver Signal Element Timing 115 
(ОСЕ Source) 
18 LL Local Loopback 
19 SCA Sec. Request to Send 120 
20 СО DTE Ready 108/2 
21 RL/CG Remote Loopback/Signal 110 
Quality Detector 
22 CE Ring indicator 125 
23  CH/CI Data Signal Rate Select (DTE/ 111 
DCE Source) 112 
24 DA Transmit Signal Element 113 
Timing (DTE Source) 
25 ТМ Test Mode 


Common 

Name Abbr.* 
Transmitted Data TxD 
Received Data RxD 
Request to Send RTS 
Clear to Send CTS 
Data Set Ready DSR 
Signal Ground SG 

Data Carrier Detect CD 


Backward Channel Received Line SCD 
Signal Detector 


Backward Channel Ready SCTS 

Transmitted Backward Channel Data STxD 

Transmitter Signal Element Timing TxC 
(DCE Source) 


Received Backward Channel Data SRxD 
Receiver Signal Element RxC 
Transmitted Backward Line Signal SRTS 
Data Terminal Ready DTR 
Data Signal Quality Detector SQ 
Calling Indicator RI 


Data Rate Selector 

Data Rate Selector 

Transmitter Signal Element Timing, ETxC 
(DTE Source) 


*Most abbreviations in this column are generally recognized by association with their full names. Exceptions are: 
ETxC = External Transmitter Clock, RxC = Receiver Clock and TxC = Transmitter Clock. 


EIA-449 9-Pin 
Connector Assignments 


Pin Direction Mnemonic Circuit name 


1 — SHIELD 

2 from DCE SRR Secondary 
receiver ready 

3 to DCE SSD Secondary send 
data 

4 from DCE SRD Secondary 
receive data 

5 — SG Signal ground 

6 — RC Receive common 

т to DCE SRS Secondary 
request to send 

8 from DCE SCS Secondary clear 
to send 

9 to DCE sc Send common 
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Pin Direction 


from DCE 


to DCE 
from DCE 
from DCE 
to DCE 
from DCE 
from DCE 
to DCE 
from DCE 
to DCE 
from DCE 
to DCE 
from DCE 
to DCE 


-b on c ee ad mh 
NAUN -^ OOONOD OL о Na 


17 to DCE 


.18 from DCE 


20 from DCE 
24 — 

22 to DCE 
23 from DCE 
24 from DCE 
25 to DCE 
26 from DCE 
27 from DCE 
28 to DCE 


29 from DCE 
30 to DCE 
31 from DCE 
32 to DCE 
33 from DCE 
34 to DCE 
35 to DCE 
36 from DCE 
37 to DCE 


EIA-449 37-Pin 


Connector Assignments 


Mnemonic Circuit name 


SHIELD 
SI 


Signaling rate 
indicator 


Send data 
Send timing 
Receive data 
Request to send 
Receive timing 
Clear to send 
Local loopback 
Data mode 
Terminal ready 
Receiver ready  . 
Remote loopback 
Incoming call 
Select frequency 
Signaling rate 
selector 
Terminal timing 
Test mode 
Signal ground 
Receive common 


Send data 
Send timing 
Receive data 
Request to send 
Receive timing 
Clear to send 
Terminal in 
service 
Data mode 
Terminal ready 
Receiver ready 
Select standby 
Signal quality 
New signal 
Terminal timing 
Standby indicator 
Send common 


` ISO 2593 Pin Allocations for V.35 Interfaces 


' 
А 


Pin Circuit Direction -Function | : я : -Pin Circuit Direction Function 
A 101. Соттоп Protective ground or earth ` Bx АА 114 to DTE Transmitter signal element timing 
в 102 Соттоп Signal ground or common return e" : : B-wire ә | 
С 105 from ОТЕ Request to send | i | ' Р 103 - from DTE Transmitted data A-wire 
D 106 to DTE Ready for sending | S 103 from DTE Transmitted data B-wire 
E 107 to ОТЕ . Data set ready i U 113 from DTE Transmitter signal element timing 
'F 109 from DTE Data channel received line signal ; А gen, АДА A-wire i 
: detector z = ee Fa 

H 108/1 {гот DTE Connect data set to line : -W 113 from DTE - Transmitter signal element timing 

108/2 {гот DTE Data terminal ready Я . А DIE B-wire | 

125 to DTE Calling indicator t MEN: : 7 BB I Mw Co 
K = — Fy. . 04 BR | ; cc — — F, 
L — ant Fy > Я e | DD — uL 2 Р; 
м — —: F4 cm m ,EE' — —- . F, 
N pu ud А | Е, Я КЕ . АИ FF = tote . Fs 
в 104 to DTE — Received data A-wire . | | HH — L O № 
T 104- to DTE Received data B-wire : Е JJ 2-5 EE . №, 
у 115 іо ОТЕ Receiver signal element timing A-wire E KK — — € М, 
X 115 to DTE Receiver signal element timing B-wire "^ LL =. аа №, 
Y 114 ` to DTE, Transmitter signal element timing E MM — ^ — : F 

i A-wire , . E pi NN — = F 

"№ = Pins permanently reserved for national use. _ F = Pins reserved by ISO, not for national use. 
‘Pins HH, JJ and KK are used in the U.K. for transmitter-clock control. и А - Y Subscripts indicate pins to form pairs. 


RTTY Control , f . = 
Sequences (from CCITT Ws Uy Г T à 
Recommendation S.4) : 


, 


Sequence Meaning 
.ZCZC start of message 


:NNNN end of message - i ss 
CCCC enable remote reperforator 
. ' (or other device) : 
SSSS enable remote terminal 
.FFFF - disable remote reperforator 
; KKKK ready for test Я 
KLKL enable remote reader ' 


F 


XXXXX error signal . uL is : | j 
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TVI Troubleshooting Flowchart (also see EMI chapter) 


Connect XMTR 
to Shielded 
Dummy Load 


Check XMTR 
Operating Conditions, 
Shielding, Grounding; 
Install Shield Choke 

and AC Line Filter 


Reconnect XMTR Antenna NO 


via Low—Pass or 
Band—Pass Filter 


Check Grounding,Shielding 
NO YES and RF Connectors 

Check Antenna(s) for 

Poor Connections 


Disconnect TV Antenna 
сі the Set, Terminate 
the Input 


Reconnect NO YES Install AC 
TV Antenna Line Filter 


_ | Install 
High-Pass Filter Reconnect’ 
TV Antenna 


Possible Direct Pickup Problem; 
Contact Seller or Manufacturer 


for Assistance 
NO 


Possible Overload Problem; 
Contact Seller or Manufacturer 
for Assistance 


Possible Harmonics or Parasitics, 
Recheck XMTR, also Suspect Stray 
Rectification or Overloading of 
Another TV Receiver or Booster Amp 


Contact Director of Consumer Affairs, Electronic 
Industries Association, 2001 Pennsylvania Ave NW, 

Washington, DC 20006, For Assistance in Contacting 
A Manufacturer. 
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in the United States and their relationship to the 


o 
o 
a 
3 

Е 
Ф 
c 
с 
с 

с 
о 
- 
о 
@ 
o 

© 
© 
o 
27 

E] 

v 
с 
b 

2 

- 

ч 

о 
o 
z 
o 

= 
[7] 

р 
Ll 
с 

< 
о 

С 

E 

[wd 


VHF and UHF amateur bands. 


ics of MF, HF, 


harmon 


AMATEUR 

HARMONICS 
144 222 420 
MHz MHz MHz 


= 
< 
| 
oc 
E 
o 


ALVO 


FREQ 
(MHz) 


AMATEUR 

HARMONICS 
144 222 420 
MHz MHz MHz MHz 


50 


œ 
D 
ac 
E 
o 


FREQ. 
(MHz) 


144 222 420 


14 18.068 21 24.89 28 50 


AMATEUR HARMONICS 


10.1 


7 
MHz MHz MHz MHz MHz MHz MHz MHz MHz MHz MHz MHz 


о o 


[ENS | = IW 


penunuoo2 sjeuuou) AL 4HN 


[е [oc[oo]ie[ze]se]ve|so]oe[eo]oe]oafosfisfesfesfe] NI 


540 


SN 
INN : " 
ИЕ УИЧ УУ 
se Jo] [a fis [oo [oJ Te [eo [> [om [Jo [o> [os Te e TT [s sss ses se ee e e s ЕЕЕ" 


270 
280 


ММ 


[езе [июл TT emm 3] 
зе Тае Ге аре [ee] е Ге е 


.45 


30 


References 


The FCC specifies that the spurious signals generated by 
transmitting equipment must be reduced well below the level of the 
fundamental. This graph illustrates exactly how far the spurious 
components must be reduced. This applies to amateur transmitters 
operating below 30 MHz. 


EI 
et 
f A 


SPURIOUS ATTENUATION <30MHz 
X = POWER (WATTS) 


ав 


POWER LEVEL ATTENUATION 


X« 5WATTS 3048 
- 5WATTS<X<500WATTS 4088 
Х > 500WATTS 1413+10 LOG 9 (X) dB 


ATTENUATION OF SPURIOUS OUTPUTS, dB 


10,000 
OUTPUT POWER (WATTS) 


This graph illustrates to what level spurious-output energy must be reduced for equipment designed to operate 
in the 30- to 225-MHz range. 


SPURIOUS ATTENUATION 30-235 MHz 


X = POWER (WATTS) 


POWER LEVEL (OUTPUT) ATTENUATION 
X < O.1 WATT 50 +10 LOG «o (X)dB 
04 WATT € X € 0.25 WATT 40d8 
0.25 WATT < X < 25 WATTS — 46-10 LOGi0 (X)dB 
X >25 WATTS 6048 


ATTENUATION OF SPURIOUS OUTPUTS, dB 


OUTPUT POWER (WATTS) 
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Frequency Allocation Chart 


160 METERS 
E,A,G 


1800 1900 2000 kHz 
Amateur stations operating at 1900—2000 kHz must 
not cause harmful interference to the radiolocation 
service and are afforded no protection from 
radiolocation operations. 


80 METERS 
3675 3725 
3850 N, T+ 
G 
A 
рымы $ 
4000 kHz 


5167.5 kHz (SSB only): Alaska emergency use only. 


40 METERS 
7100 7150 


7225 N.T+ 
9% G ж 
х А ж 
Е ж 
7000 7300 kHz 


x Phone operation is allowed on 7075-7100 kHz 
in Puerto Rico, US Virgin islands and areas of 
the Caribbean south of 20 degrees north latitude; 
and in Hawaii and areas near ITU Region 3, 
including Alaska. 


E.AG 


10,100 10,150 kHz 


Maximum power on 30 meters is 200 watts PEP 
output. Amateurs must avoid interference to 
the fixed service outside the US. - 


20 METERS 
14,025 14150 14,225 
55590555 6 
; А 
Е 
14,000 14,150 14,350 kHz 
17 METERS 
Ж ЕЗЕШ E,A,G 
18,068 18,110 18,168 kHz 


15 METERS 
21,100 21,200 


21,000 21,200 21,450 kHz 


12 METERS 


E,A,G 
24,890 24,930 24,990 kHz 
28,100 28,500 10 METERS 
RZ N,T+ 
SOEs E,AG 
28,000 28,300 29,700 kHz 


Novices and Technicians are limited to 
200 watts PEP output on 10 meters. 


50.1 6 METERS 


E,A,G,T+,T 
50.0 54.0 MHz 


144.1 2 METERS 
E,A,G,T+,T 


144.0 148.0 MHz 


1.25 METERS 


222.0 


225.0 MHz 


Novices are limited to 25 watts PEP output 
from 222 to 225 MHz. 


Jo 
AMATEUR 
BANDS 


December 20, 1994 


US AMATEUR POWER LIMITS 


At all times, transmitter power 
should be kept down to that 
necessary to carry out the desired 
communications. Power is rated in 
watts PEP output. Unless otherwise 
stated, the maximum power output 

18 1500 W. Power for all license 
classes is limited to 200 W in the 
10,100—10,150 kHz band and in 

ail Novice subbands below 28,100 kHz. 
Novices ond Technicians are restricted 
to 200 W in the 28,100—28,500 kHz 
subbands. In addition, Novices ore 
restricted to 25 W in the 222-225 
MHz band and 5 W in the 1270- 

1295 MHz subband. 


Operators with Technician class licenses 
and above may operate on all bands 
above 50 MHz. For more detailed 
information see The FCC Rule Book. 


——— —S KEY -—————— 
ВЯ = cw, RTTY ond data 
= CW, RTTY, data, MCW, 


test, phone and image 
и = CW, phone and image 
= CW ond SSB 
NSN- CW, RTTY, data, phone, 


and image 
С] = СМ only 


Е =EXTRA CLASS 

A =ADVANCED 

G =GENERAL 

T+ «TECHNICIAN PLUS 
Т = TECHNICIAN 

N «NOVICE 


ЖЖ Geographical and power 


70 CENTIMETERS ** 


| E,A,G,T+,T 


420.0 450.0 MHz 


33 CENTIMETERS ** 


E,A,G,T+,T 


902.0 928.0 MHz 


23 CENTIMETERS ** 
1270 1295 


E,A,G,T+,T 


1240 1300 MHz 


Novices are limited to 5 watts PEP output 
from 1270 to 1295 MHz. 


restrictions apply to these bands. 
See The FCC Rule Book for more 
information about your area. 


Above 23 Centimeters: 


All licensees except Novices are 
authorized all modes on the 
following frequencies: 
2300-2310 MHz 
2390-2450 MHz 
3300—3500 MHz 
5650-5925 MHz 
10.0—10.5 GHz 
24.0—24.25 GHz 
47.0—47.2 GHz 
75.5—81.0 GHz 
119.98—120.02 GHz 
142—149 GHz 
241—250 GHz 

All above 300 GHz 


For band plans and sharing 
arrangements, see The ARRL 
Operating Manual or The 

FCC Rule Book. 
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Voluntary HF Band Plans for Considerate US Operators 


Voluntary band plans result from mutual agreement among amateurs. They add to, and are subject to, frequency allocations and 


subbands defined by FCC regulations (see 30.55). 


Band 
(MHz) 
1.8 
3.5 


7.0 


10.1 


14 


18 


21 


24.8 


28 


Notes 


CW 


1.800-1.840 
1.830-1.840 DX 


3.500-3.580 


7.000-7.080 


10.100-10.130 


14.000-14.070 
14.100 (b) 


18.068-18.100 


21.000-21.070 


24.890-24.920 


28.000-28.070 


‚ 28.200-28.300 (b+) 


RTTY 
1.800-1.840 
1.830-1.840 DX 


3.580-3.620 
3.590 DX 


18.100-18.105 
21.070-21.090 


24.920-24.925 


. 28.070-28.120 


Phone 
1.840-2.000 
1.840-1.850 DX 


3.750-4.000 
3.790-3.800 DX 


7.150-7.300 


14.150-14.350 


18.110-18.168 


21.200-21.450 


24.930-24.990 


28.300-29.300 
29.300-29.510 
(satellite downlinks) 
29.520-29.680 
(repeaters) 

29.600 

(FM simplex calling) 


SSTVt 


1.840-2.000 
1.840-1.850 DX 


3.845 


7.171 


21.340 


28.680 


Faxtt 


7.245 


14.245 


21.345 


28.945 


Packet 


3.620-3.635 
3.5943t1t(Int) 
7.100-7.105 


7.080-7.100 
7.0383ttt(Int) 


10.140-10.150 
10.1453ttt(Int) 


10.1473tTt(NA) 


14.095-14.0995 
14.1005-14.112 
14.1023ttt(Int) 

14.1083ttt(NA) 


18.105-18.110 
18.1063ttt 
18.1083ttt 


21.090-21.100 
21.0963ttt 
21.0983ttt 


24.925-24.930 
24.9263ttt 
24.9283ttt 


28.120-28.189 
28.1023ttt 
28.1043ttt 


AM 


3.885 


7.290 


14.286 


29.000-29.200 


tEstablish contact on voice or CW first, then move off frequency to send images. A “gentlemen’s agreement” calls for SSTV operation as close to 
the calling frequencies as possible. 

tt Always establish voice or CW contact before sending fax.: 

tttAutomatic message forwarding: Int - Intercontinental; NA = North America 

(b) = beacons 

(b+) Domestically, beacons can be operating in this segment. Internationally, beacons can be found in the 28.190-28.225 segment. 
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VHF/UHF/EFH Calling Frequencies 


Band (MHz) ` - Calling Frequency f 
50 .. 50.125 SSB 


50.620 digital (packet) 
52.525 National FM simplex frequency 


144 144.010 EME 
` >. 144.100, 144.110 CW 
144.200 SSB : : 
146.520 National FM simplex frequency ae 


222 222.100 CW/SSB ` 
` ‚223.500 National FM simplex frequency 


7432 ^ 432.010 EME 
432.100 CW/SSB К 
446.000 National FM simplex frequency 


902 902.100 CW,SSB 
. 903.1 Alternate CW, SSB 
906.500 National FM simplex. frequency 


1296 © \ 1294.500 National FM simplex frequency 
x: 1296.100 CW/SSB 
-2804. >. . 23041." 
10000 ' — 10368.1 


VHF/UHF Activity Nights 


Some areas do not have enough VHF/UHF activity to support contacts at all times. This 
schedule is intended to help VHF/UHF operators make contact. This is only a starting 
point; check with others in your area to see if local hams.have a different schedule: 


Вапа (MHz) Рау. . Local Time 


‚250 : Sunday 6PM. 
144 "Monday 7 PM 
222 Tuesday 8 PM 
432 Wednesday 9 PM 
902 Friday : 9 PM 

1296 Thursday. 10 PM 


The ITU divides the world into three regions. Geographic details 
appear in The FCC Rule Book and The ARRL Operating Manual. 
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Call Sign 
Series 


AAA-ALZ 
AMA-AOZ 
APA-ASZ 
ATA-AWZ 
AXA-AXZ 
AYA-AZZ 
A2A-A2Z 
АЗА-АЗ2 
АДА-А42 
АБА-А52 
A6A-A6Z 
АТА-А72 
A8A-A8Z 
A9A-A9Z 
BAA-BZZ 
CAA-CEZ 
CFA-CKZ 
CLA-CMZ 
CNA-CNZ 
COA-COZ 
CPA-CPZ 
CQA-CUZ 
CVA-CXZ 
CYA-CZZ 
C2A-C2Z 
C3A-C3Z 
C4A-C4Z 
C5A-C5Z 
C6A-C6Z 
“C7A-C7Z 


C8A-C9Z 
DAA-DRZ 
DSA-DTZ 
DUA-DZZ 
D2A-D3Z 
D4A-D4Z 
D5A-D5Z 
D6A-D6Z 
D7A-D9Z 
EAA-EHZ 
EIA-EJZ 
t EKA-EKZ 
ELA-ELZ 
ТЕМА-ЕО2 
EPA-EQZ 
ТЕВА-ЕВ2 
TESA-ESZ 
ETA-ETZ 
EUA-EWZ 
t EXA-EXZ 
TEYA-EYZ 
ТЕ2А-Е22 
ТЕ2А-Е22 
FAA-FZZ 
GAA-GZZ 


HAA-HAZ 
HBA-HBZ 
HCA-HDZ 
HEA-HEZ 
HFA-HFZ 
HGA-HGZ 
HHA-HHZ 
HIA-HIZ 
HJA-HKZ 
HLA-HLZ 
HMA-HMZ 


У 
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Allocation of International Call Signs 


Allocated to 


United States of America 

Spain 

Pakistan 

India 

Australia 

Argentina 

Botswana 

Tonga 

Oman 

Bhutan 

United Arab Emirates 

Qatar 

Liberia 

Bahrain 

China 

Chile 

Canada 

Cuba 

Morocco 

Cuba 

Bolivia 

Portugal 

Uruguay 

Canada 

Nauru 

Andorra 

Cyprus 

Gambia 

Bahamas 

World Meteorological 
Organization 

Mozambique 

Germany 

South Korea 

Philippines 

Angola 

Cape Verde 

Liberia 

Comoros 

South Korea 

Spain 

Ireland 

Armenia 

Liberia 

Ukraine 

Iran 

Moidova 

Estonia 

Ethiopia 

Belarus 

Kyrgyzstan 

Tajikistan 

Turkmenistan 

Thailand 

France 

United Kingdom of Great 
Britain and Northern Ireland 

Hungary 

Switzerland 

Ecuador 

Switzerland 

Poland 

Hungary 

Haiti 

Dominican Republic 

Colombia 

South Korea 

North Korea 
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Call Sign 
Series 
HNA-HNZ 
HOA-HPZ 
HQA-HRZ 
HSA-HSZ 
HTA-HTZ 
HUA-HUZ 
HVA-HVZ 
HWA-HYZ 
HZA-HZZ 
H2A-H2Z 
H3A-H3Z 
H4A-H4Z 
H6A-H7Z 
H8A-H9Z 
IAA-IZZ 
JAA-JSZ 
JTA-JVZ 
JWA-JXZ 
JYA-JYZ 
JZA-JZZ 
J2A-J2Z 
J3A-J3Z 
J4A-J4Z 
J5A-J5Z 
J6A-J6Z 
J7A-J7Z 

t J8A-J8Z 


KAA-KZZ 
LAA-LNZ 
LOA-LWZ 
LXA-LXZ 
tLYA-LYZ 
LZA-LZZ 
L2A-L9Z 
MAA-MZZ 


NAA-NZZ 
OAA-OCZ 
ODA-ODZ 
OEA-OEZ 
OFA-OJZ 
OKA-OLZ 
OMA-OMZ 
ONA-OTZ 
OUA-OZZ 
PAA-PIZ 
PJA-PJZ 
PKA-POZ 
PPA-PYZ 
PZA-PZZ 
P2A-P2Z 
P3A-P3Z 
t P4A-P4Z 
P5A-P9Z 
RAA-RZZ 
SAA-SMZ 
SNA-SRZ 
* SSA-SSM 
* SSN-SSZ 
STA-STZ 
SUA-SUZ 
SVA-SZZ 
52А-532 
tS5A-S5Z 
S6A-S6Z 
57А-572 
S9A-S9Z 


Allocated to 


iraq 

Panama 

Honduras 

Thailand 

Nicaragua 

El Salvador 

Vatican City 

France 

Saudi Arabia 

Cyprus 

Panama 

Solomon Islands 

Nicaragua 

Panama 

Italy 

Japan 

Mongolia 

Norway 

Jordan 

indonesia 

Djibouti 

Grenada 

Greece 

Guinea-Bissau 

Saint Lucia 

Dominica 

St. Vincent and the 
Grenadines 

United States of America 

Norway 

Argentina 

Luxembourg 

Lithuania 

Bulgaria 

Argentina 

United Kingdom of Great 
Britain and Northern Ireland 

United States of America 

Peru 

Lebanon 

Austria 

Finland 

Czech Republic 

Slovak Republic 

Belgium 

Denmark 

Netherlands 

Netherlands Antilles 

Indonesia 

Brazil 

Suriname 

Papua New Guinea 

Cyprus 

Aruba 

North Korea 

Russian Federation 

Sweden 

Poland 

Egypt 

Sudan 

Sudan 

Egypt 

Greece 

Bangladesh 

Slovenia 

Singapore 

Seychelles 

Sao Tome and Principe 


Call Sign 
Series 
TAA-TCZ 
TDA-TDZ 
TEA-TEZ 
TFA-TFZ 
TGA-TGZ 
THA-THZ 
TIA-TIZ 
TJA-TJZ 
TKA-TKZ 
TLA-TLZ 
TMA-TMZ 
TNA-TNZ 
TOA-TQZ 
TRA-TRZ 
TSA-TSZ 
TTA-TTZ 
TUA-TUZ 
TVA-TXZ 
TYA-TYZ 
TZA-TZZ 
T2A-T2Z 
T3A-T3Z 
T4A-T4Z 
T5A-T5Z 
T6A-T6Z 
tT7A-T7Z 
t T9A-T9Z 
UAA-UIZ 
t UJA-UMZ 
tUNA-UQZ 
URA-UTZ 
tUUA-UZZ 
VAA-VGZ 
VHA-VNZ 
VOA-VOZ 
VPA-VSZ 


VTA-VWZ 
VXA-VYZ 
VZA-VZZ 
t V2A-VeZ 
t V3A-V3Z 
TV4A-V4Z 
TV5A-V5Z 
t V6A-V6Z 
t V7A-V7Z 
t V8A-V8Z 
WAA-WZZ 
XAA-XIZ 
XJA-XOZ 
XPA-XPZ 
XQA-XRZ 
XSA-XSZ 
XTA-XTZ 
XUA-XUZ 
XVA-XVZ 
XWA-XWZ 
XXA-XXZ 
XYA-XZZ 
YAA-YAZ 
YBA-YHZ 
YIA-YIZ 
YJA-YJZ 
YKA-YKZ 
tYLA-YLZ 
YMA-YMZ 
YNA-YNZ 
YOA-YRZ 


Allocated to 


Turkey 

Guatemala 

Costa Rica 

Iceland 

Guatemala 

France 

Costa Rica 

Cameroon 

France 

Central Africa 

France 

Congo 

France 

Gabon 

Tunisia 

Chad 

Ivory Coast 

France 

Benin 

Mali 

Tuvalu 

Kiribati 

Cuba 

Somalia 

Afghanistan 

San Marino 

Bosnia and Herzegovina 

Russian Federation 

Uzbekistan 

Kazakhstan 

Ukraine 

Ukraine 

Canada 

Australia 

Canada 

United Kingdom of Great 
Britain and Northern Ireland 

India 

Canada 

Australia 

Antigua and Barbuda 

Belize 

Saint Kitts and Nevis 

Namibia 

Micronesia 

Marshall Islands 

Brunei 

United States of America 

Mexico 

Canada 

Denmark 

Chile 

China 

Burkina Faso 

Cambodia 

Viet Nam 

Laos 

Portugal 

Myanmar 

Afghanistan 

Indonesia 

тад 

Vanuatu 

Syria 

Latvia 

Turkey 

Nicaragua 

Romania 


Call Sign 
Series 

YSA-YSZ 
YTA-YUZ 
YVA-YYZ 
YZA-YZZ 
Y2A-Y9Z 
ZAA-ZAZ 
ZBA-ZJZ 


ZKA-ZMZ 
ZNA-ZOZ 


ZPA-ZPZ 
ZQA-ZQZ 


ZRA-ZUZ 

ZVA-ZZZ 
t Z2A-Z2Z 
t Z3A-Z3Z 


2AA-2ZZ 


3AA-3AZ 
3BA-3BZ 
3CA-3CZ 
* 3DA-3DM 
* 3DN-3DZ 
3EA-3FZ 
3GA-3GZ 
3HA-3UZ 
3VA-3VZ 
3WA-3WZ 
3XA-3XZ 
3YA-3YZ 
3ZA-322 
4AA-4CZ 
4DA-41Z 
T 4JA-4KZ 
T4LA-4LZ 


Call Sign 
Allocated to Series 
El Salvador 4MA-4MZ 
Yugoslavia 4NA-40Z 
Venezuela 4PA-4SZ 
Yugoslavia 4TA-4TZ 
Germany * ДЈА-402 
Albania 4VA-AVZ 
United Kingdom of Great AXA-4XZ 
Britain and Northern Ireland = * AYA.4YZ 
New Zealand 
United Kingdom of Great 47А-477 
Britain and Northern Ireland БАА-5А2 
Paraguay 5BA-5BZ 
United Kingdom of Great 5CA-5GZ 
Britain and Northern Ireland 5HA-5IZ 
South Africa 5JA-5KZ 
Brazil 5LA-5MZ 
Zimbabwe 5NA-50Z 
Macedonia 5PA-5QZ 
(Former Yugoslav Republic) 5RA-5SZ 
United Kingdom of Great 5TA-5TZ 
Britain and Northern Ireland 5UA-5UZ 
Monaco 5VA-5VZ 
Mauritius 5WA-5WZ 
Equatorial Guinea 5XA-5XZ 
Swaziland 5YA-5ZZ 
Fiji 6AA-6BZ 
Panama 6CA-6CZ 
Chile 6DA-6JZ 
China 6KA-6NZ 
Tunesia 60A-60Z 
Viet Nam 6PA-6SZ 
Guinea 6TA-6UZ 
Norway 6VA-6WZ 
Poland 6XA-6XZ 
Mexico 6YA-6YZ 
Philippines 6ZA-6ZZ 
Azerbaijan 7АА-712 
Georgia 7JA-7NZ 


Allocated to 

Venezuela 

Yugoslavia 

Sri Lanka 

Peru 

United Nations 

Haiti 

Israel 

International Civil Aviation 
Organization 

Israel 

Libya 

Cyprus 

Morocco 

Tanzania 

Colombia 

Liberia 

Nigeria 

Denmark 

Madagascar 

Mauritania 

Niger 

Togo 

Western Samoa 

Uganda 

Kenya 

Egypt 

Syria 

Mexico 

South Korea 

Somalia 

Pakistan 

Sudan 

Senegal 

Madagascar 

Jamaica 

Liberia 

Indonesia 

Japan 


Call Sign 
Series 


70A-70Z 


7PA-7PZ 

7QA-7QZ 

7RA-7RZ 

7SA-7SZ 

7TA-7YZ 

7ZA-7ZZ 

8AA-8IZ 

8JA-8NZ 

80A-80Z 

8PA-8PZ 

8QA-8QZ 

8RA-8RZ 

8SA-8SZ 

8TA-8YZ 

8ZA-8ZZ Saudi Arabia 
T9AA-9AZ Croatia 

9BA-9DZ Iran 

9EA-9FZ Ethiopia 

9GA-9GZ Ghana 

9HA-9HZ Malta 

9ІА-9Ј2 Zambia 

9KA-9KZ Kuwait 

QLA-9LZ Sierra Leone 

9MA-9MZ Malaysia 

9NA-9NZ Nepal 

9OA-9TZ Zaire 

9UA-9UZ Burundi 

9VA-9VZ Singapore 

9WA-9WZ Malaysia 

9XA-9XZ Rwanda 

9Y2-92Z Trinidad and Tobago 


Allocated to 
Yemen 
Lesotho 
Malawi 
Algeria 
Sweden 
Algeria 
Saudi Arabia 
Indonesia 
Japan 
Botswana 
Barbados 
Maldives 
Guyana 
Sweden 
India 


* Half series 

* Series allocated to an international 
organization 

t Provisional allocation in accordance with 
RR2088 
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FCC-Allocated Prefixes for Areas Outside the 
Continental US 


Prefix 


AH1, KH1, NH1, WH1 

AH2, KH2, NH2, WH2 

AH3, KH3, NH3, WH3 

AH4, KH4, NH4, WH4 

AH5K, КНК, NH5K, WH5K 
AH5, KH5, NH5, WH5 (except K suffix) 
AH6-7, KH6-7, NH6-7, WH6-7 
AH7K, KH7K, NH7K, WH7K 
AH8, KH8, NH8, WH8 

AH9, KH9, NH9, WH9 

AH9, КНӮ, NH2O, WHO 


Location 


Baker, Howland Is 
Guam 

Johnston | 

Midway | 

Kingman Reef 
Palmyra, Jarvis Is 
Hawaii 

Kure | 

American Samoa 
Wake, Wilkes, Peale Is 
Northern Mariana Is 


AL, KL, NL, WL Alaska 
KP1, NP1, WP1 Navassa 
KP2, NP2, WP2 Virgin Is 
KP3-4, NP3-4, WP3-4 Puerto Rico 
KP5, NP5, WP5 Desecheo 


DX Operating Code 


For W/VE Amateurs 


Some amateur DXers have caused considerable confusion and 
interference in their efforts to work DX stations. The points below, if 
observed by all W/VE amateurs, will help make DX more enjoyable for 
all. 

1) Call DX only after he calls со, опг? or signs SK, or voice 
equivalents thereof. Make your calls short. 

2) Do not call a DX station: 

8) On the frequency of the station he is calling until you are 
sure the QSO is over (Sk). 

b) Because you hear someone else calling him. 

c) When he signs KN, AR or CL. 

d) Exactly on his frequency. 

e) After he calls a directional CQ, unless of course you are in 
the right direction or area. 

3) Keep within frequency band limits. Some DX stations can get 
away with working outside, but you cannot. 

4) Observe calling instructions given by DX stations. Example: 15u 
means “са! 15 kHz up from my frequency." 150 means down, etc. 

5) Give honest reports. Many DX stations depend on W/VE 
reports for adjustment of station and equipment. 

6) Keep your signal clean. Key clicks, ripple, feedback or splatter 
gives you a bad reputation and may get you a citation from FCC. 

7) Listen and call the station you want. Calling CQ DX is not the 
best assurance that the rare DX will reply. 

8) When there are several W or VE stations waiting, avoid asking 
DX to “listen for a friend." Also avoid engaging him in a ragchew 
against his wishes. 


For Overseas Amateurs 


To all overseas amateur stations: 

In their eagerness to work you, many W and VE amateurs resort 
to practices that cause confusion and QRM. Most of this is good- 
intentioned but ill-advised; some of it is intentional and selfish. The 
key to the cessation of unethical DX operating practices is in your 
hands. We believe that your adoption of certain operating habits will 
increase your enjoyment of Amateur Radio and that of amateurs on 
this side who are eager to work you. We recommend your adoption of 
the following principles: 

1) Do not answer calls on your own frequency. 

2) Answer calls from W/VE stations only when their signals are of 
good quality. 

3) Refuse to answer calls from other stations when you are 
already in contact with someone, and do not acknowledge calls from 
amateurs who indicate they wish to be “next.” 

4) Give everybody a break. When many W/VE amateurs are 
patiently and quietly waiting to work you, avoid complying with 
requests to “listen for a friend." 

5) Tell listeners where to call you by indicating how many 
kilohertz up (U) or down (D) from your frequency you are listening. 

6) Use the ARRL-recommended ending signals, especially kN to 
indicate to impatient listeners the status of the QSO. KN means ''Go 
ahead (specific station); all others keep out." 

7) Let it be known that you avoid working amateurs who are 
constant violators of these principles. 
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WIAW schedule 


Fast Slow Fast Slow 
Code Code Code Code |: 2g 
4 Code Bulletin ae 
: Teleprinter Bulletin d : 


Visiting Operator 
Time 


Voice Bulletin 


| врт | 
| 9pm] 
| e*pm | 
Slow Fast Slow Fast Slow Fast Slow 
| £m] 
EI 


Code Bulletin 
Teleprinter Bulletin 
Voice Bulletin 


Note: W1AW's schedule is at the same local time throughout the year. The 
schedule according to your local time will change if your local time does not have 
seasonal adjustments that are made at the same time as North American time 
changes between standard time and daylight time. From the first Sunday in April to 
the last Sunday in October, UTC = Eastern Time + 4 hours. For the rest of the year, 
UTC = Eastern Time + 5 hours. 


Q Morse code transmissions: 

Frequencies are 1.818, 3.5815, 7.0475, 14.0475, 18.0975, 21.0675, 28.0675 and 
147.555 MHz. 

Slow Code = practice sent at 5, 71/2, 10, 13 and 15 wpm. 

Fast Code - practice sent at 35, 30, 25, 20, 15, 13 and 10 wpm. 


Code practice text is from the pages of QST. The source is given at the beginning 
of each practice session and alternate speeds within each session. For example, 
"Text is from July 1992 QST, pages 9 and 81,” indicates that the plain text is from 
the article on page 9 and mixed number/letter groups are from page 81. 


Code bulletins are sent at 18 wpm. 


а Teleprinter transmissions: 
Frequencies are 3.625, 7.095, 14.095, 18.1025, 21.095, 28.095 and 147.555 MHz. 


Bulletins are sent at 45.45-baud Baudot and 100-baud AMTOR, FEC Mode B. 
110-baud ASCII will be sent only as time allows. 


On Tuesdays and Saturdays at 6:30 PM Eastern Time, Keplerian elements for 
many amateur satellites are sent on the regular teleprinter frequencies. 


Q Voice transmissions: 
Frequencies are 1.855, 3.99, 7.29, 14.29, 18.16, 21.39, 28.59 and 147.555 MHz. 


о Miscellanea: 

On Fridays, UTC, a DX bulletin replaces the regular bulletins. 

W1AW is open to visitors during normal operating hours: from 1 PM until 1 AM on 
Mondays, 9 AM until 1 AM Tuesday through Friday, from 1 PM to 1 AM on Satur- 
days, and from 3:30 PM to 1 AM on Sundays. FCC licensed amateurs may operate 
the station from 1 to 4 PM Monday through Saturday. Be sure to bring your current 
FCC amateur license or a photocopy. 

In a communications emergency, monitor W1AW for special bulletins as follows: 
voice on the hour, teleprinter at 15 minutes past the hour, and CW on the half hour. 
Headquarters and W1AW are closed on New Year's Day, President's Day, Good 
Friday, Memorial Day, Independence Day, Labor Day, Thanksgiving and the 
following Friday, and Christmas Day. On the first Thursday of September, Head- 
quarters and W1AW will be closed during the afternoon. 
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ARRL Procedural Signals (Prosigns) 


In general, the CW prosigns are used on all data modes as well, although word abbreviations may be spelled out. That is, “CLEAR” might 
be used rather than “CL” on radioteletype. Additional radioteletype conventions appear at the end of the table. 
Situation 
check for a clear frequency 
seek contact with any station 


after call to a specific named station or to indicate the end of a message 


invite any station to transmit 

invite a specific named station to transmit 
invite receiving station to transmit 

all received correctly 

please stand by 

end of contact (sent before call sign) 
going off the air 

Additional RTTY prosigns 


SK QRZ—Ending contact, but listening on frequency. 
SK KN—Ending contact, but listening for one last transmission from the other station. 


SK Sz—Signing off and listening on the frequency for any other calls. 


CW Voice 

QRL? is the frequency in use? 
ca со 

AR over, end of message 
K go 

KN go only 

BK back to you 

R received 

AS wait, stand by 

SK clear 

cL closing station 


а 


Q Signals 


These Q signals most often need to be expressed with brevity and clarity in amateur work. (Q abbreviations take the form of questions 
only when each is sent followed by a question mark.) 


QRA 


QRG 


QRH 
QRI 


QRJ 


QRK 


QRL 


QRM 


QRN 


QRO 
QRP 
QRQ 
QRS 


QRT 
QRU 
QRV 


What is the name of your station? The name of your 
station is 


Will you tell me my exact frequency (or that of )? 
Your exact frequency (or that of ^  )is kHz. 


Does my frequency vary? Your frequency varies. 


How is the tone of my transmission? The tone of your 
transmission is (1. Good; 2. Variable; 3. Bad). 


Are you receiving me badly? | cannot receive you. Your 
signals are too weak. 


What is the intelligibility of my signals (or those of ____)? 
The intelligibility of your signals (or those of ) 
is (1. Bad; 2. Poor; 3. Fair; 4. Good; 5. Excellent). 


Are you busy? | am busy (ог! am busy with ). 
Please do not interfere. 


15 my transmission being interfered with? Your transmis- 
sion is being interfered with (1. Nil; 2. Slightly; 
3. Moderately; 4. Severely; 5. Extremely.) 


Are you troubled by static? | am troubled by static — 
(1-5 as under QRM). 


Shall | increase power? Increase power. 
Shall | decrease power? Decrease power. 
Shall | send faster? Send faster ( WPM). 


Shall | send more slowly? Send more slowly 
( WPM). 


Shall | stop sending? Stop sending. 
Have you anything for me? | have nothing for you. 
Are you ready? | am ready. 


QRW Shall l inform  . that you are calling on kHz? 


Please inform that | ат calling on | КН2. 


QRX 


QRY 
QRZ 


QSA 


QSB 
QSD 
QSG 


QSK 


QSL 


QSM 


QSN 


QSO 


QSP 
QST 


QSU 


When will you call me again? | will call you again at 
hours (on kHz). 


What is my turn? Your turn is numbered 


Who is calling me? You are being called by (on 
kHz). 

What is the strength of my signals (or those of )? 

The strength of your signals (or those of ) is 


(1. Scarcely perceptible; 2. Weak; 3. Fairly good; 
4. Good; 5. Very good). 


Are my signals fading? Your signals are fading. 
Is my keying defective? Your keying is defective. 


Shall | send messages at a time? Send 
messages at a time. 


Can you hear me between your signals and if so can | 
break in on your transmission? | can hear you between 
my signals; break in on my transmission. 


Can you acknowledge receipt? | am acknowledging 
receipt. 


Shall | repeat the last message which | sent you, or some 
previous message? Repeat the last message which you 


sent me [or message(s) number(s) ___]. 
Did you hear me (or ) оп kHz? | did hear you 
(ог_____)оп_____КН7. 


Сап you communicate with 
| can communicate with 
through. | ). 


Will you relay to ? | will relay to 


direct or by relay? 
direct (or by relay 


General call preceding a message addressed to all 
amateurs and ARRL members. This is in effect "CQ 
ARRL." 


Shall | send or reply on this frequency (or on kHz)? 


Send or reply on this frequency (or kHz). 
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Chapter 30 


The RST System 


READABILITY 
1 — Unreadable. 
2 — Barely readable, occasional words 
distinguishable. 
3 — Readable with considerable difficulty. 


4 — Readable with practically no difficulty. 


5 — Perfectly readable. 


TONE 


1 — Sixty-cycle ac or less, very rough and 
broad. 

2 — Very rough ac, very harsh and broad. 

3 — Rough ac tone, rectified but not 
filtered. 

4 — Rough note, some trace of filtering. 

5 — Filtered rectified ac but strongly ripple- 
modulated. 

- 6 — Filtered tone, definite trace of ripple 


SIGNAL STRENGTH 


1 — Faint signals, barely perceptible. 
2 — Very weak signals. 


3 — Weak signals, 
4 — Fair signals. 


* 5 — Fairly good signals. 


6 — Good signals. 


7 — Moderately strong signals. 


8 — Strong signals. 


9 — Extremely strong signals. 


modulation. 

7 — Near pure tone, trace of ripple 
modulation. 

8 — Near perfect tone, slight trace of 
modulation. 

9 — Perfect tone, no trace of ripple or 
modulation of any kind. 


If the signal has the characteristic steadiness 
of crystal control, add the letter X to the RST 
report. If there is a chirp, add the letter C. 
Similarly for a click, add K. (See FCC Regulations 
§97.307, Emissions Standards.) The above 
reporting system is used on both CW and voice; 
leave out the “tone” report on voice. 


QSV Shall! send a series of Vs on this frequency 
(or on kHz)? Send a series of Vs on this frequency 
(or on kHz). 


QSW Will you send on this frequency (or on kHz)? | am 
going to send on this frequency (or on kHz). 


QSX Will you listen to on kHz? | am listening to 
on kHz. 


QSY Shall | change to transmission on another frequency? 
Change to transmission on another frequency 
(or on kHz). 


QSZ Shall | send each word or group more than once? Send 
each word or group twice (or times). 


QTA Shall І cancel message number ? Cancel message 
number 


QTB Do you agree with my counting of words? | do not agree 
with your counting words. ! will repeat the first letter or 
digit of each word or group. 


QTC How many messages have you to send? | have 
messages for you (or for ). 


атн What is your location? My location is 
QTR What is the correct time? The correct time is __ 
QTV Shall І stand guard for you? Stand guard for me. 


QTX Will you Keep your station open for further communication 
with me? Keep your station open for me. 


QUA Have you news of ? | have news of 


ARRL QN Signals 

QNA* Answer in prearranged order. 
QNB Actas relay between апа d 
ОМС All net stations copy. | have a message for all net stations. 
QND* Net is Directed (Controlled by net control station.) 

QNE* Entire net stand by. 

QNF Net is Free (not controlled). 

QNG Take over as net control station 

QNH Your net frequency is High. 


————M—————————————M— — ————.— — Ha — 


QNI Net stations report in. | am reporting into the net. (Follow 
with a list of traffic or QRU.) 


QNJ Can you copy me? 
QNK* Transmit messages for 
QNL Your net frequency is Low. 

QNM" You are QRMing the net. Stand by. 

QNN Net control station is . What station has net control? 
QNO Station is leaving the net. 

QNP Unable to copy you. Unable to copy 


QNQ* Move frequency to and wait for to finish 
handling traffic. Then send him traffic for 


QNR* Answer 


QNS Following Stations are in the net.* (follow with list.) 
Request list of stations in the net. 


QNT | request permission to leave the net for 
QNU* The net has traffic for you. Stand by. 


QNV* Establish contact with on this frequency. 
If successful, move to and send him traffic 
for 


QNW How do | route messages for ? 
QNX You are excused from the net.* 


QNY* Shift to another frequency (or to 
with . 


QNZ Zero beat your РВЕ with mine. 
* For use only by the Net Control Station. 


+ 


to 


and Receive traffic. 


minutes. 


——— KHz) to clear traffic 


Notes on Use of QN Signals 


These QN signals are special ARRL signals for use in amateur 
CW nets only. They are not for use in casual amateur 
conversation. Other meanings that may be used in other 
services do not apply. Do not use QN signals on phone nets. 
Say it with words. QN signals need not be followed by a 
question mark, even though t the meaning may be 
interrogatory. 
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Some Abbreviations for CW Work 


Although abbreviations help to cut down unnecessary transmission, make it a rule not to 
abbreviate unnecessarily when working an operator of unknown experience. 


All after 
All before 
About 
Address 
Again 
Antenna 
Broadcast interference 
Broadcast listener 
Break; break me; break in 
All between; been 
Semi-automatic key 
Before 
Yes 
Confirm; | confirm 
Check 
1 ат closing my station; call 
Called; calling 
Calling any station 
Could 
See you later 
Continuous wave 
(i.e., radiotelegraph) 
Delivered 
Dear 
Distance, foreign countries 
And, & 
Fine business, excellent 
Frequency modulation 
Go ahead (or resume sending) 
Good-by 
Give better address 
Good evening 
Going 
Good morning 
Good night 
Ground 
Good Е 
The telegraphic laugh; high 
Here, hear 
Have 
How 
A poor operator 
Milliamperes 
Message; prefix to radiogram 
No 
Net control station 
Nothing doing 
Nothing; | have nothing for you 
No more 
Number 
Now; | resume transmission 
Old boy - 


oc 


RCD 
RCVR (RX) 
REF 
RFI 
RIG 
RPT 
RTTY 
RX 
SASE 
SED 
SIG 
SINE 


XMTR (TX) 
XTAL 

XYL (YF) 
YL 

73 

88 


Old chap 

Oid man 
Operator 

Old timer; old top 
Preamble 

Please 

Power 

Press 

Received as transmitted; are 
Received 
Receiver 


` Refer to; referring to; reference 


Radio frequency interference 

Station equipment 

Repeat; | repeat; report 

Radioteletype 

Receiver s 

Self-addressed, stamped envelope 

Said 

Signature; signal 

Operator's personal initials or 
nickname 

Schedule 

Sorry 

Single sideband 

Service; prefix to service message 

Zero 

Traffic 

Tomorrow 

Thanks 

That 

Thank you 

Television interference 

Transmitter 

Text 

Your; you're; yours 

Variable-frequency oscillator 

Very 

Word after 

Word before 

Word; words 

Worked; working 

Well; will 

Would 

Weather 

Transceiver 

Transmitter 

Crystal 

Wife 

Young lady 

Best regards 

Love and kisses 


a — — MÀ P M — M Ó— 
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ITU Recommended 
Phonetics 


A—Alfa (AL FAH) 

B—Bravo (BRAH VOH) 

C— Charlie (CHAR LEE OR SHAR LEE) 

D—Delta (DELL TAH) 

E—Echo (ЕСК OH) 

F—Foxtrot (FOKS TROT) 

G—Golf (GOLF) 

H—Hotel (HOH TELL) 

|—india (IN DEE AH) 

J—Juliet (JEW LEE ETT) 

K—Kilo (KEY LOH) 

L—Lima (LEE MAH) 

M—Mike (MIKE) 

N—November (NO VEM BER)  * 

O—Oscar (OSS CAH) 

P—Papa (PAH PAH) 

Q—Quebec (KEH BECK) 

R—Romeo (ROW ME OH) 

S—Sierra (SEE AIR RAH) 

T—Tango (TANG GO) 

U—Uniform (YOU NEE FORM or 
OO NEE FORM) 

V—Victor (VIK TAH) 

W—Whiskey (WISS KEY) 

X—X-Ray (ECKS RAY) 

Y— Yankee (YANG KEY) 

Z—Zulu (ZOO LOO) 


Note: The Boldfaced syllables are empha- 
sized. The pronunciations shown in the table 
were designed for speakers from all interna- 
tional languages. The pronunciations given for 
“Oscar” and “Victor” may seem awkward to 
English-speaking people in the US. 


—_ ————————— 


The ARRL membership QSL card. This example is from Harris 
Ruben, N2ERN, who designed the card. Your card would reflect your 
own call sign and address; awards and VUCC grid-square are QSL Cards 
optional. ARRL does not print or sell the cards. Inquire with printers 

who advertise in the QST Ham Ads. 


Output in Watts. 
See inside RST. See back This column may also be used 
front cover. UTC recommended. inside cover. for contest-exchange info received. 


„тт FIXED mrada )- 


Б е ре пеон. em 
Pere ES [oso [улса | | ] | Wall U^ For d Eeic New conveavan weess 
|522 ета оз CALiFonnin aso здату 
[ || az|wéor _looalts#|sexe | 

Esp Hu e 
| LL ] sweorsm joos gleanw] TT 
e| 29.6 |sse[fewllosot|saioca isa [53 | — [Toys Tsao deselV 
2 enses [1545] caaan |ss"|5*à| | Melilla Jose EE 

EA {зч [иных с d 

1642. 


ва јело |t 


Abbreviation Explanation 
CW Telegraphy 


10-X 37575 Confirming QSO with Time Report 
W-100-O UTC 


Suggested Mode 
Abbreviations for 


The ARRL Log is adaptable for all types of operating—ragchewing, contesting, DXing. References are to pages 
in the ARRL Log. 


DATA Telemetry, telecommand and 
computer communications 
(includes packet radio) 


охсс Power IMAGE Facsimile and television 
WAS MCW Tone-modulated telegraphy 
WAZ PHONE Speech and other sound 
PULSE Modulated main carrier 
RTTY Direct-printing telegraphy 
(includes AMTOR) 
SS Spread Spectrum 
TEST Emissions containing no 
+ Union County • Grid FN20 • information 


Harris Ruben PSE QSL TNX 
74 Apple Tree Row Book. 
Berkeley Heights, NJ 07922 


References 


Note: For additional information on emission 
types refer to latest edition of The FCC Rule 
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Award 


ARRL Operating Awards 


Friendship Award 
Rag Chewer’s Club 


Worked All States (WAS) 
Worked All Continents (WAC) 
DX Century Club (DXCC) 
VHF/UHF Century Club (VUCC) 


Extra Class Certificate 
A-1 Operator Club 
Code Proficiency 

Old Timers Club 
ARRL Membership 


Qualification 

Contact 26 stations with calls ending A through Z. 

A single contact '/2 hour or longer 

QSLs from all 50 US states (see 30.72) 

QSLs from all six continents 

QSLs from at least 100 different countries 

QSLs from many grid squares (see 30.73) 

Hold an Amateur Extra Class license 
Recommendation by two A-1 operators 

One minute of perfect copy from W1AW qualifying run 
Held an Amateur Radio license at least 20 years prior 
ARRL membership for 25, 40, 50, 60 or 70 years 
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69 `0 


А тар of North 
America showing US 
states, Canadian - 
provinces and ARRL/ 
RAC Sections. (This 
Ham Outline Map is 
published with 


. permission of FM- 


RTTY Publishing. 
(See the Address List 
elsewhere in this 
chapter for contact 
information.) i 


PAC: KH 


ARRL AND CRRL 
FIELD ORGANIZATION 


PR: KP4 
VI: KP2 KG4 


MAR 


09°0€ 


0€ 191deu2 


* 1983 The American Radio Relay League. Inc 


ARRL Grid Locator Map for North America. This and a World Grid Locator Map are available from ARRL. 
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Additional Grid Square Designators 


Alaska 
Anchorage ВР51 
Fairbanks BP64 
Juneau СО28 


Canada 
Charlottetown PEI ЕМ86 
Edmonton Alb DO33 
Halifax N S FN84 
Saskatoon. Sask DO62 
51 Johns. NI! GN37 


Cartography by 
C C Roseman KSAKS and A Hobscheid 


Caribbean 

Havana EL83 

Santo Domingo FK58 

Port au Prince FK38 Puerto Rico and 

Guantanamo Bay FK29 Virgin Islands 
San Juan FK68 
St Thomas and 

St John FK78 

St Croix FK77 


Mexico 
Mexico City EKOS 
Monterrey DL95 
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This ARRL Grid Locator map is 
based on the worldwide "Maiden- 
head" system. The first two charac- 
ters (letters) constitute the 20° X 10° 
field, This is followed by two num- 
bers designating the 2° X I? square. 
To indicate location more precisely. 
5th and 6th characters (letiers) are 
used to indicate the 5' X 2.5' sub- 
square. More information on grid 
locations and the ARRL VHF UHF 
Century Club Awards (based on 
contacting 100 grid squares) can be 
obtained from the Headquarters of 
the American Radio Relay league, 
225 Main Street, Newington, CT 
06111. USA. 


—— Field boundary 

—— Square boundary 

—--- International boundary 

—-— State and Provincial 
boundary 


EME Software 


See the Address List elsewhere in this 


chapter for contact information. 
EME Tracker 

RealTrak 

SkymooN 

VHF PAK 

VK3UM EME Planner 

Z-TRAK 


Operating Aids for 
Public Service 


ARRL HQ makes available the following 
free operating aids for public service 


communications: 
Public Service Communications 


Manual FSD-235 
ARRL numbered radiograms FSD-3 
Sample emergency plan FSD-27 
ARES registration form FSD-98 
Amateur message form FSD-218 
Emergency Reference information FSD-255 
Field Organization Brochure FSD-300 


This entire Public Service Package can be 
obtained by sending a large (9 x 12-inch) 
envelope with First Class postage for 6 ounces 


Principles of Emergency Communication 


1) Keep the QRM level down: Remain silent unless called upon. There are only two reasons to 
check into an emergency net: (1) You have a bona fide emergency; (2) the Net Control 
Station (NCS) is requesting help that only you can provide. 


2) Monitor established emergency frequencies: Many areas have established emergency 
frequencies that should be monitored for possible distress cails. 


3) Avoid spreading rumors: Transmit only facts, not speculation. Do not repeat messages unless 
so authorized by the originator, and then only word for word. 
4) Authenticate all messages: Any messages of an official nature should be written and signed. 


5) Strive for efficiency: You are more effective as part of a team than as a lone individual. 
6) Select the mode and band to suit the need: Advantages of several modes are listed below. 


7) Use all communications channels intelligently: The object is to protect lives and property. Use 
emergency or normal communications channels where available. 


8) Don't broadcast: Our job is to communicate for, not with, the general public. See 897.113 of 
The FCC Rule Book for details. 


Advantages of Various Amateur Modes for Emergency Communications 


CW 
1) Less QRM in most amateur bands. 


2) Privacy of communications (less easily understood by the public). 
3) Simpler transmitting equipment. 

4) Greater accuracy than voice in record communications. 

5) Longer range for a given transmitter power level. 


Voice 
1) More practicat for portable and mobile work. 


2) More widespread availability of operators. 

3) Faster communication for tactical or “command” purposes. 
4) More readily appreciated and understood by the public. 

5) Official-to-official and phone-patch communication. 


Packet/AMTOR/PacTOR/CLOVER 

1) Less QRM in most amateur bands. 

2) Privacy of communications (less easily understood by the public). 

3) More widespread availability of operators. 

4) Greater speed and accuracy of record communication than any other modes. 


ARES Personal Checklist 


The following represents recommendations of equipment and supplies ARES members should consider having available for use 
during an emergency or public-service activity. 


1) ARES Identification Card 


5) Personal Gear (short duration) 7) Tool Box (72-hour duration) 


2) FCC Amateur Radio License 


3) Radio Gear 
* rig (2 meters) 
* microphone 
* headphones 
* power supply/extra batteries 
• antennas with mounts 
* spare fuses 
• path cords/adapters (BNC to PL259/ 
RCA phono to PL259) 
* SWR meter 
• extra coax 


4) Writing Gear 
* pen/pencil/eraser 
* clipboard 
* message forms 
* logbook 
* note paper 


* snacks 

* liquid refreshments 

* throat lozenges 

* personal medicine 

* aspirin 

* extra pair of prescription glasses 


6) Personal Gear (72-hour duration) 


* foul-weather gear 
e three-day supply of drinking water 


* screwdrivers 

* pliers 

* socket wrenches 

* electrical tape 

* 12/120-V soldering iron 
* solder 

* volt-ohm meter 


8) Other (72-hour duration) 


* hatchet/ax 


* cooler with three-day supply of food * Saw 
• mess kit with cleaning supplies * pick 
* first-aid kit Ы shovel 
* personal medicine * siphon 


* aspirin 

* throat lozenges 

* sleeping bag 

* toilet articles 

* mechanical alarm clock 

* flashlight with batteries/lantern 

* candles 

* waterproof matches 

* extra pair of prescription glasses 


e jumper cables 

* 3/s-inch rope 

* highway flares 

* extra gasoline and oil 


References 
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ARES/RACES 


The Amateur Radio Emergency Service 
(ARES) and the Radio Amateur Civil Emergency 
Service (RACES) are the umbrella organizations 
of Amateur Radio public service. ARES is 
sponsored by ARRL (although ARRL member- 
ship is not required for participation) and handles 
all kinds of public-service activities. RACES is 
administered by the Federal Emergency Manage- 
ment Agency (FEMA) and operates only for civil 
preparedness and in times of civil emergency. 
RACES is activated at the request of a state or 
federal official. 

The ARRL advocates dual membership and 
cooperative efforts between ARES and RACES 
whenever possible. RACES rules now make it 
possible for ARES and RACES to use the same 
frequencies, so that an ARES group also 
enrolled as RACES can "'switch hats” from 
ARES to RACES and RACES to ARES as the 
situation develops. In many areas, however, the 
two organizations exist separately. Contact local 
ARRL Leadership Officials to determine the situ- 
ation in your area. 

ARES officials operate under the ARRL 
Section Manager. Figs A and B show the 
Section and local ARES structures, respectively. 

The Radio Amateur Civil Emergency Service 
(RACES) comprises certain Amateur Radio 
operators and stations that are registered with 
civil defense organizations or licensed as 
RACES stations by the FCC. RACES frequencies 
are normally shared with the Amateur Radio 
Service, but in times of civil emergency and for 
limited periods of testing and practice RACES 
operation is limited to the frequencies shown 
below. During times of official RACES operation, 
RACES stations may only contact other RACES 
stations and certain other stations as listed in 
§97.407(c). Official RACES operation does not 
allow radio contact with the general amateur 
population. 


EMERGENCY COORDINATOR 
ASSISTANT EC 
2M NETS 
MOBILE 
UNITS 
LIAISON WITH OTHER 
LOCAL NETS 


ASSISTANT EC 
FORMAL TRAFFIC 


LiAISON TO 
SECTION NETS 
OR HIGHER NETS 


coverage. 


ASSISTANT EC 


FIELD READY 
EMERGENCY TEAMS 


Fig B—Local ARES structure for a 
county, city or other area of 


SECTION 
EMERGENCY 
COORDINATOR 


DISTRICT 
EMERGENCY 
COORDINATOR 


SERVED AGENCIES 
(RED CROSS. CIVIL 
DEFENSE POLICE, ETC) 


Fig A—Section-level ARES structure. 


ASSISTANT 
EMERGENCY 
COORDINATORS 


OFFICIAL 
EMERGENCY 
STATIONS 


Frequencies 


ASSISTANT EC 


PUBLICITY/CLUB 
LIAISON/NEWSLETTER 


kHz 


1800-1825 
1975-2000 
3500-3550 
3930-3980 
3984-4000 
7079-7125 
7245-7255 


MHz 


10.100-10.150 
14.047-14.053 
14.220-14.230 
14.331-14.350 
21.047-21.053 
21.228-21.267 
28.550-28.750 
29.237-29.273 


Dedicated RACES Operating 


RACES frequencies are shared with 
amateurs except in certain emergencies. 
See The FCC Rule Book (897.407) for 
details of RACES operation. 


MHz 


50.350-50.750 
52.000-54.000 
144.50-145.71 
146.00-148.00 
222.00-225.00 
420.00-450.00 
1240.00-1300.00 
2390.00-2450.00 
29.450-29.650 
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CITY 


GOVERNMENT 


.SALVATION 
ARMY . 


COMMAND 
POST 


The interaction between the EOC/NCS and the command post(s) in a 
local emergency.. З : 


] 


COUNTY 
GOVERNMENT 


RED CROSS 


WEATHER 
SERVICE 


NET 


` CONTROL STATION / 


EMERGENCY 


OPERATIONS CENTER 


STAGING STAGING 
AREA NO.1 А AREA NO.2 


PRIMARY STATION 


Б t 

__ PORTABLES/MOBILES ENGAGED IN ACTUAL 
SUPPORT OF DISASTER RESCUE OR RELIEF 
OPERATION. MUST CALL NET CONTROL TO 
` PASS TRAFFIC. 
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TRAFFIC 
(NTS) 


TCC AREA NET 
DIRECTORS MANAGERS 


COORDINATION 


REGION 
NET 
MANAGERS 


COORDINATION SUPERVISION 


SECTION 
TRAFFIC 
MANAGERS 


SUPERVISION 


SECTION 
NET 
MANAGERS 


SUPERVISION 


SECTION 
NETS 


LOCAL NETS 


OFFICIAL 
RELAY 
STATIONS 


Chapter 30 


The organization and interaction of ARES and NTS. 


RECOGNIZE 
AND 
ASSIST 


RACES AND 
OTHER 
AMATEUR 
FACILITIES 


EMERGENCY 
(ARES) 


AREA 
STAFFS (3) 


SECTION 
MANAGERS 


SUPERVISION 


COORDINATION SECTION 


ECs 


COORDINATION 


OISTRICT 


LIAISON ECs 


SUPERVISION 


LIAISON LOCAL ECs 


SUPERVISION OR 
COORDINATION 


LIAISON 
à LOCAL NETS 


(OFTEN DUAL 
AFFILIATION) 


OFFICIAL. 
EMERGENCY 


STATIONS 


Typical station deployment for local ARES net coverage in an 
emergency. 


LOCAL : 
RED CROSS 


HOSPITALS 


LIAISON STATIONS TO 
HIGHER LEVEL NTS 
NETS Е 


STATIONS AT STATE 

OR REGIONAL RED 
CROSS HEADQUARTERS, 
NATIONAL WEATHER 
SERVICE, ETC. 


NET. CONTROL 


УНЕ NET 
(2M FM) 


POLICE ANDIOR 
FIRE DEPT — 
CD HEADQUARTERS 


NET CONTROL 


HF NET 

80, 40 OR 20 M 
BASED ON AREA 
OF COVERAGE 


STATIONS WITH STATE 
POLICE, CD OFFICIALS, 
OTHER STATE AGENCIES 


LIAISON STATION(S) 


TO NTS NETS 


MOBILE UNITS 


LIAISON STATIONS TO 


LOCAL ARES NETS 


LOCAL INDEPENDENT 


OUTLETS FOR 


TRAFFIC/INDIVIDUAL 


CHECK-INS 
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AMATEUR MESSAGE FORM 


Every formal radiogram message originated and handled should contain the following component parts in the order given. 


PREAMBLE CW MESSAGE EXAMPLE 


. Number in with 1 each th or year 
Кыа куго" I NR1RHXG WIAW 8 NEWINGTON CONN 18302 JULY 1 


c. Handling Instructions (optional, see text) a bc d e f 8 h 
d. Station of Origin (first amateur handler) П DONALD SMITH AA 
€. Check (number of words/groups in text only) 164 EAST SIXTH AVE AA 
f. Place of Origin (not necessarily location of station of NORTH RIVER CITY MO 00789 AA 
origin) 733 4968 BT 


g. Time Filed (optional with originating station) ar 
h. Date (must agree with date of time filed) кз HAPPY BIRTHDAY X e e X LOVE BT 


П ADDRESS (as complete as possible, include 
zip code and telephone number) 


Ш TEXT (limit to 25 words or less, if possible) Note that X, when used in the text as punctuation, counts as a word. 
IV SIGNATURE 


CW: The prosign AA separates the parts of the address. BT separates the address from the text and the text from the signature. 


AR marks end of message; this is followed by B if there is another message to follow, by N if this is the only or last message. It is 
customary to copy the preamble, parts of the address, text and signature on separate lines. 


RTTY: Same as cw procedure above, except (1) use extra space between parts of address, instead of AA; (2) omit cw procedure 
sign BT to separate text from address and signature, using line spaces instead; (3) add a CFM line under the signature, consisting 
of all names, numerals and unusual works in the message in the order transmitted. 


PACKET/AMTOR BBS: Same format as shown in the cw message example above, except that the AA and AR prosigns may be 
omitted. Most amtor and packet BBS software in use today allows formal message traffic to be sent with the “ST” command. 
Always avoid the use of spectrum-wasting multiple line feeds and indentations. 


PHONE: Use prowords instead of prosigns, but it is not necessary to name each part of the message as you send it. For exam- 
ple, the above message would be sent on phone as follows: ‘Number one routine HX Golf W1AW eight Newington 
Connecticut опе eight three zero zulu July one Donald Smith Figures one six four East Sixth Avenue North River City 
Missouri zero zero seven eight nine Telephone seven three three four nine six eight Break Happy birthday X-ray see 
you soon X-ray love Break Diana End of Message Over. "Епа of Message” is followed by “Моге” if there is another message 
to follow, “No More” if it is the only or last message. Speak clearly using VOX (or pause frequently on push-to-talk) so that 
the receiving station can get fills. Spell phonetically all difficult or unusual words—do not spell out common words. Do not use 
cw abbreviations or Q-signals in phone traffic handling. 


PRECEDENCES 


The precedence will follow the message number. For example, on cw 207 R or 207 EMERGENCY. On phone, ‘Two 
Zero Seven, Routine (or Emergency)."' 


EMERGENCY —Any message having life and death urgency to any person or group of persons, which is transmitted by Amateur 
Radio in the absence of regular commercial facilities. This includes official messages of welfare agencies during emergencies 
requesting supplies, materials or instructions vital to relief of stricken populace in emergency areas. During normal times, 
it will be very rare. On cw, RTTY and other digital modes this designation will always be spelled out. When in doubt, do 
not use it. 


PRIORITY — Important messages having a specific time limit. Official messages not covered in the Emergency category. Press 
dispatches and other emergency-related traffic not of the utmost urgency. Notification of death or injury in a disaster area, 
personal or official. Use the abbreviation P on cw. 


WELFARE—A message that is either a) an inquiry as to the health and welfare of an individual in the disaster area b) an 
advisory or reply from the disaster area that indicates all is well should carry this precedence, which is abbreviated W on cw. 
These messages are handled after Emergency and Priority traffic but before Routine. 


ROUTINE-— Most traffic normal times will bear this designation. In disaster situations, traffic labeled Routine (R on cw) should 
be handled /ast, or not at all when circuits are busy with Emergency, Priority or Welfare traffic. 


Handling Instructions (Optional) 


HXA— (Followed by number.) Collect landline delivery authorized by addressee within. ....... miles. (If no number, authori- 
zation is unlimited.) 
HXB—(Followed by number.) Cancel message if not delivered within........ hours of filing time; service originating station. 


HXC—Report date and time of delivery (TOD) to originating station. 

HXD— Report to originating station the identity of station from which received, plus date and time. Report identity of station 
to which relayed, plus date and time, or if delivered report date, time and method of delivery. 

HXE—Delivering station get reply from addressee, originate message back. 


HXF—(Followed by number.) Hold delivery until........ (date). 
HXG— Delivery by mail or landline toll call not required. If toll or other expense involved, cancel message and service orginat- 
ing station. 


For further information on traffic handling, consult the Public Service Communications Manual or the ARRL Operating Manual, 
both published by ARRL. 


FSD-218 (2/91) ARRL HQ., 225 Main St., Newington, CT 06111 
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А simple NTS formal message. 


THIS IS A FORMAL MESSAGE. FORMAL MEANS THAT THE MESSAGE FOLLOWS A PRE-ESTABLISHED FORM OR 


CONVENTION. A FORMAL MESSAGE CONTAINS ALL THE NECESSARY "RECORDKEEPING* ELEMENTS THAT ARE REQUIRED 


TO KEEP A HISTORY OF THE MESSAGE AS IT IS SENT THROUGH THE NTS. ALL FORMAL MESSAGES CONSIST OF 
FOUR PARTS: THE PREAMBLE, THE ADDRESS, THE TEXT AND THE SIGNATURE. 


RADIOGRAM 
ТО: ALBERT M COUSINS 
337 W 38TH STREET 


BRIDGEPORT CT 06645 
TELEPHONENO: 203 334 5678 


Ч BILLY 043 89 9078 


EACH OF THE ELEMENTS OF THE FORMAL MESSAGE HAS CERTAIN FORMAT REQUIREMENTS WHICH MUST BE МЕТ IN 
ORDER TO AVOID CONFUSION ON THE AIR AS THE MESSAGE IS SENT, AND ALSO TO.ASSURE THAT A 
SENDER-TO-RECEIVER TRACE CAN ALWAYS BE DONE ON THE MESSAGE. 


Handling Instructions 


HXA— (Followed by number.) Collect 
landline delivery authorized by ad- 
dressee within miles. (If no 
number, authorization is unlimited.) 


HXB—(Followed by number.) Cancel 
messages if not delivered within 
hours of filing time; service originating 
station. 


НХС— Верой date and time of delivery 
(TOD) to originating station. 

HXD—Report to originating station the 
identity of station from which received, 
plus date and time. Report identity of 
station to which relayed, plus date and 
time, or if delivered report date, time 
and method of delivery. 


HXE—Delivering station get reply from 
addressee, originate message back. 


HXF—(Followed by number.) Hold delivery 
until (date). 


HXG—Delivery by mail or landline toll call 
not required. If toll or other expense 
involved, cancel message and service 
originating station. 


An HX prosign (when used) will be 
inserted in the message preamble before 
the station of origin, thus: NR 207 R HXA50 
W1AW 12...(etc). If more than one HX 
prosign is used they can be combined if 
no numbers are to be inserted; otherwise 
the HX should be repeated, thus: NR 207 
А HXAC W1AW... (etc), but: NR 207 R 
HXA50 HXC W1AW...(etc). One phone, use 
phonetics for the letter or letters following 
the HX, to ensure accuracy. 
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ARL Numbered Radiograms 


The letters ARL are inserted in the preamble in the check and in the text before spelled out numbers, which represent texts from this 
list. Note that some ARL texts include insertion of numerals. Example: NR 1 R W1AW ARL 5 NEWINGTON CONN DEC 25 DONALD В 
SMITH AA 164 EAST SIXTH AVE AA NORTH RIVER CITY MO AA PHONE 733 3968 BT ARL FIFTY ARL SIXTY ONE BT DIANA AR. 


Group One—For possible “Relief Emergency” Use 


ONE 
TWO 
THREE 


FOUR 


FIVE 


SIX 


SEVEN 


EIGHT 


NINE 


TEN 


ELEVEN 


TWELVE 


THIRTEEN 
FOURTEEN 


FIFTEEN 


SIXTEEN 


SEVENTEEN 


EIGHTEEN 


NINETEEN 


TWENTY 


TWENTY ONE 


TWENTY TWO 


TWENTY THREE 


TWENTY FOUR 


TWENTY FIVE 


TWENTY SIX 


Everyone safe here. Please don’t worry. 
Coming home as soon as possible. 


Amin hospital. Receiving excellent 
care and recovering fine. 


Only slight property damage here. Do not be 
concerned about disaster reports. 


Am moving to new location. Send no further 
mail or communication. Will inform you of new 
address when relocated. 


Will contact you as soon as possible. 


Please reply by Amateur Radio through the 
amateur delivering this message. This is a 
free public service. 


Need additional mobile or portable 
equipment for immediate emergency use. 


Additional radio operators needed 
to assist with emergency at this location. 


Please contact . Advise to standby 
and provide further emergency information, 
instructions or assistance. 


Establish Amateur Radio emergency commu- 
nications with on_____ MHz. 


Anxious to hear from you. No word in some 
time. Please contact me as soon as possible. 


Medical emergency situation exists here. 


Situation here becoming critical. Losses and 
damage from . increasing. 


Please advise your condition and what help is 
needed. 


Property damage very severe in this area. 


REACT communications services also 
available. Establish REACT communications 
with on channel = 


Please contact me as soon as possible 
at 


Request health and welfare report on 
. (State name, address and 
telephone number.) 


Temporarily stranded. Will need some assis- 
tance. Please contact me at 


Search and Rescue assistance is needed by 
local authorities here. Advise availability. 


Need accurate information on the extent and 
type of conditions now existing at your 
location. Please furnish this information and 
reply without delay. 


Report at once the accessibility and best way 
to reach your location. 


Evacuation of residents from this area 
urgently needed. Advise plans for help. 


Furnish as soon as possible the weather 
conditions at your location. 


Help and care for evacuation of sick and 
injured from this location needed at once. 


Emergency/priority messages originating from official sources 
must carry the signature of the originating official. 
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Group Two—Routine messages 


FORTY SIX 


FIFTY 
FIFTY ONE 


FIFTY TWO 


FIFTY THREE 


FIFTY FOUR 
FIFTY FIVE 


FIFTY SIX 


FIFTY SEVEN 
FIFTY EIGHT 


FIFTY NINE 


“SIXTY 


SIXTY ONE 


*SIXTY TWO 


SIXTY THREE 


SIXTY FOUR 
SIXTY FIVE 


SIXTY SIX 


SIXTY SEVEN 


SIXTY EIGHT 


SIXTY NINE 


Greetings on your birthday and best wishes 
for many more to come. 


Greetings by Amateur Radio. 


Greetings by Amateur Radio. This messages 
is sent as a free public service by ham radio 
operators here at . Am having a 
wonderful time. 


Really enjoyed being with you. Looking 
forward to getting together again. 


Received your . It’s appreciated; many 
thanks. 


Many thanks for your good wishes. 


Good news is always welcome. Very 
delighted to hear about yours. 


Congratulations on your ‚а most 
worthy and deserved achievement. 


Wish we could be together. 


Have a wonderful time. Let us know when you 
return. 


Congratulations on the new arrival. Hope 
mother and child are well. 


Wishing you the best of everything on 


Wishing you a very merry Christmas and a 
happy New Year. 


Greetings and best wishes to you for a 
pleasant holiday season. 


Victory or defeat, our best wishes are with 
you. Hope you win. 


Arrived safely at 
Arriving on 
to meet me there. 


DX QSLs are on hand for you at the 
QSL Bureau. Send self-addressed 


. Please arrange 


envelopes. 
Your message number undeliverable 
because of . Please advise. 


Sorry to hear you are ill. Best wishes for a 
speedy recovery. 


Welcome to the . We are glad to have 
you with us and hope you will enjoy the fun 
and fellowship of the organization. 


* Can be used for all holidays. 
Note: ARL numbers should be spelled out at all times. 


Checking Your Message 


Traffic handlers don’t have to dine out to fight over the check! Even good ops find much con- 
fusion when counting up the text of a message. You can eliminate some of this confusion by 
remembering these basic rules: 

1) Punctuation (“X-rays,”’ ‘‘Querys’’) count separately as a word. = 

2) Mixed letter-number groups (17002, for instance) count as one word. `, 

3) Initial or number groups count as one word if sent together, two if sent T" 

4) The signature does not count as part of the text, but any closing lines, such as "Love" or 
"Best wishes” do. 


Here are some examples: 

* Charles J McClain—3 words 
* W B Stewart—3 words 

* St Louis—2 words 

* 3 PM—2 words 

* SASE—1 word 


Telephone numbers count as 3 words (area code, prefix, nimbe, and ZIP codes count as 
one. ZIP +4 codes count as мо words. Canadian postal codes count as two words (first three ` 
characters, last three characters.) 

Although it is improper to change the text of a message, you may change the check. Always . 
do this by following the original check with a slash bar, then the corrected check. On phone, 
use the words ''corrected to.” . 


e ARL FORTY SIX—3 words 
* 2N1601—1 word 

* Seventy three—2 words. 

e 73—1 word 


How to be the Kind of 
Net Operator the Net 
Control Station (NCS) - 
Loves 


As a net operator, you have a duty to be 


"self-disciplined. A net is only as good as its 
. Worst operator. You can be an exemplary net 


operator by following a few easy guidelines. 

1) Zero beat the NCS. The NCS doesn't 
have time to chase all over the band for you. 
Make sure you're on frequency, and you will 
never be known at the annual net picnic as 

“old so-and-so who's always off frequency." 

2) Don't be late. There's no such thing as 
“fashionably late” on a net. Liaison stations 
are on a tight timetable. Don't hold them up 
by checking in 10 minutes late with three 
pieces of traffic. — . 

-. 3) Speak only when spoken to by the NCS. 
Unless it is a bona fide emergency situation, 
you don't need to “‘help’” the NCS unless 
asked. If you need to contact the NCS, make 
it brief. Resist the urge to help clear the fre- 
quency for the NCS or to “advise” the NCS. 
The NCS, not you, is boss. 

4) Unless otherwise instructed by the NCS, 
transmit only to the NCS. Side. comments to 
another station in the net are out of order. 

5) Stay until you are excused. If the NCS 
calls you and you don't respond because 
you're getting а ''cold опе” from the fridge, 


the NCS may assume you've left the net, and 


net business may be stymied. If you need to 
leave the net prematurely, contact the NCS 
and simply ask to be excused (QNX PSE on 
C 


6) Be brief when transmitting to the NCS. A 
simple ''yes" (с) ог “no” (N) will usually 
suffice. Shaggy dog tales only waste valuable 
net time. 

7) Know how the net runs. The NCS 
doesn't have time to explain procedure to 
you. After you have been on the net for a 
while, you should already know these things. 
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Tips on Handling NTS Traffic by Packet Radio 


Listing Messages 


* After logging on to your local NTS-supported bulletin board, 
type the command LT, meaning List Traffic. The BBS will sort 
and display an index of all NTSXX traffic awaiting delivery. 


Receiving Messages 


* To take a message off the Bulletin Board for telephone delivery 
to the third party, or for relay to a NTS Local or Section Net, type 
the R command, meaning Read Traffic, and the message num- 
ber. R 188 will cause the BBS to find the BBS message number 
188. This RADIOGRAM will look like any other, with preamble, 
address, text and signature; only some additional packet-related 
message header information is added. This information includes 
the routing path of the message for auditing purposes; e.g., to 
discern any excessive delays in the system. 


* After the message is saved to the printer or disk, the message 
should be KILLED by using the KT command, meaning Kill 
Traffic, and the message number. In the above case, at the BBS 
prompt, type KT 188. This prevents the message from being 
delivered twice. Some of the newer BBS software requires use of 
K rather than KT. 


* At the time the message is killed, many BBS's will automatically 
send a message back to the station in the FROM field with infor- 
mation on who took the traffic, and when it was taken! 


Delivering or Relaying A Message 


* A downloaded RADIOGRAM should, of course, be handled 
expeditiously in the traditional way: telephone delivery, or relay to 
another net. 


Sending Messages 


* To send a RADIOGRAM, use the ST command, meaning Send 
Traffic. The BBS will prompt you for the NTS routing (06111 @ 
NTSCT, for example), the message title which should contain the 
city in the address of the RADIOGRAM (QTC 1 Dayton), and the 
text of the message in RADIOGRAM format. The BBS, usually 
within the hour, will check its outgoing mailpouch, find the 
NTSCT message and automatically forward it to the next packet 
station in line to the NTSCT node. Note: Some states have more 
than one ARRL Section. If you do not know the destination ARRL 


Section (“15 San Angelo іп the ARRL North, South or West Texas 
Section?"), then simply use the state designator NTSTX. 


* Note: While NTS/packet radio message forwarding is evolving 
rapidly, there are still some gaps. When uploading an NTS 
message destined for a distant state, use handling instruction 
“НХС” to ask the delivering station to report back to you the date 
and time of delivery. 


* Unbundle your messages please: one NTS message per BBS 
message. Please remember that traffic eventually will have to be 
broken down to the individual addressee somewhere down the 
line for ultimate delivery. When you place two or more NTS mes- 
sages destined for different addressees within one packet mes- 
sage, eventually the routing will require the messages to be 
broken up by either the BBS SYSOP or the relay station, placing 
an additional, unreasonable burden on them. Therefore it is good 
practice for the originator to expend the extra word processing in 
the first place and create individual messages per city regardless 
if there are common parts of other messages. This means that 
book messages are not suitable in packet at this time unless they 
are going to the same city. Bottom line: Messages should be sent 
unbundled. (Tnx NI6A for this tip) 


We Want You! 


Local and Section BBS's need to be checked daily for NTS 
traffic. SYSOPs and STMs can't do it alone. They need your help 
to clear NTS RADIOGRAMS every day, seven days a week, for 
delivery and relay. If you are a traffic handler/packeteer, contact 
your Section Traffic Manager or Section Manager for information 
on existing NTS/packet procedures in your Section. 

If you are a packeteer, and know nothing of NTS traffic hand- 
ling, contact ARRL HQ, your Section Manager or Section Traffic 
Manager for information on how you can put your packet radio 
gear to use in serving the public in routine times, but especiaily in 
times of emergency! 

And, if you enjoy phone/CW traffic handling, but aren't on 
packet yet, discover the incredible speed and accuracy of packet 
radio traffic handling. You probably already have a small 
computer and 2-meter rig; all you need is a packet radio "black 
box” to connect between your 2-meter rig and computer. For 
more information on packet radio, see Your Packet Companion or 
Your Gateway to Packet Radio, both published by ARRL. 


А 


30.70 Chapter 30 


The seed for Amateur Radio was planted in the 1890s, when 
Guglielmo Marconi began his experiments in wireless telegra- 
phy. Soon he was joined by dozens, then hundreds, of others 
who were enthusiastic about sending and receiving messages 
through the air—some with a commercial interest, but others 
solely out of a love for this new communications medium. The 
United States government began licensing Amateur Radio op- 
erators in 1912. | 

By 1914, there were thousands of Amateur Radio opera- 
tors—hams—in the United States. Hiram Percy Maxim, a lead- 
ing Hartford, Connecticut, inventor and industrialist saw the 
need for an organization to band together this fledgling group 
of radio experimenters. In May 1914 he founded the American 
Radio Relay League (ARRL) to meet that need. 

Today ARRL, with more than 170,000 members, is the 
largest organization of radio amateurs in the United States. The 
League is a not-for-profit organization that: 

* promotes interest in Amateur Radio communications 
and experimentation 

* represents US radio amateurs in legislative matters, and 

e maintains fraternalism and a high standard of conduct 
among 

Amateur Radio operators. 

At League headquarters in the Hartford suburb of 
Newington, the staff helps serve the needs of members. ARRL 
is also International Secretariat for the International Amateur 
Radio Union, which is made up of similar societies in more than 
100 countries around the world. 

ARRL publishes the monthly journal QST, as well as news- 
letters and many publications covering all aspects of Amateur 
Radio. Its headquarters station, W1AW, transmits bulletins of 
interest to radio amateurs and Morse code practice sessions. 


can Radio Relay League 


The League also coordinates an extensive field organization, 
which includes volunteers who provide technical information 
for radio amateurs and public-service activities. ARRL also rep- 
resents US amateurs with the Federal Communications Com- 
mission and other government agencies in the US and abroad. 

Membership in ARRL means much more than receiving QST 
each month. In addition to the services already described, ARRL 
offers membership services on a personal level, such as the 
ARRL Volunteer Examiner Coordinator Program and a QSL 
bureau. 

Full ARRL membership (available only to licensed radio 
amateurs) gives you a voice in how the affairs of the organization 
are governed. League policy is set by a Board of Directors (one 
from each of 15 Divisions). Each year, half of the ARRL Board 
of Directors stands for election by the full members they repre- ` 
sent. The day-to-day operation of ARRL HQ is managed by an 
Executive Vice President and a Chief Financial Officer. 

No matter what aspect of Amateur Radio attracts you, ARRL 
membership is relevant and important. There would be no Ama- 
teur Radio as we know it today were it not for the ARRL. We 
would be happy to welcome you as a member! (An Amateur 
Radio license is not required for Associate Membership.) For 
more information about ARRL and answers to any questions you 
may have about Amateur Radio, write or call: 


ARRL Educational Activities Dept 
225 Main Street 

Newington CT 06111-1494 

(860) 594-0200 

Prospective new amateurs call: 
800-32-NEW HAM (800-326-3942) 


| 
D 


Editor’s Note: Except for commonly used phrases 
and abbreviations, topics are indexed by their 
noun names. Many topics are also cross-indexed, 
especially when noun modifiers appear (such as 
“Voltage, back” and “Back voltage”). Numerous 
terms and abbreviations pertaining to Amateur 
Radio but not contained in the index may be found 
in the glossaries indexed herein. The letters “ff” 
after a page number indicate coverage of the in- 
dexed topic on succeeding pages. 


A 
A Index: ш.и ауанын н 21.10, 21.13 
A/D converters: ........................ .. 18.1ff, 22.35 
Abbreviations for CW Work: ....................... 30.56 
Abbreviations List: .......csesesesesesessssseessesneees 30.6 
Absorption: ....................... | 21.2, 21.11 
AC: 

*ac/dc" circuitry: seen 27.1 


AC/RF sources: ...... 
Average vs peak: ... 
Bridges: ............... 
In capacitance: 


.. 14.1ff 
.26.9 


In inductors: ................ eee 6.20 
Line cords: nee tinens 9.9 
Line filter ана iren 28.6 
Measurements: ... .. 26.8, 26.9 
Power sources: ... 11.2, 22.15 
PLODESS алынана 26.9 
Ripple, troubleshooting 27.13 
Waveforms: |... 26.9 
Academy of Model Aeronautics: ................ 12.54 
Access сойде:......................... 23.2 
Accumulator: 7.24 


Accuracy:..... 
Acid-core solder: 
ACSSB (amplitude-compandored зе 3.8, 12. 6 
Active attenuator for VHF-FM, An:. 423.75 
Active filters: ............ sese 
Active region 
Acute angles: ... 
Acute triangles: 
Adder? .............. 
Addition, in DSP: ............. 


Additional loss due to SWR: .. .. 19.5 
Address List, ARRL Handbook: .................... 30.9 
Address register: |... 7.24 
Admittance: ......... eese 6.1, 6.33 


Advective winds: ...ccccsecesesesesescreeeesessseseeeee 21.23 
AE6C Dual-Band Inverted-L antenna: ........ 20.27 
AF oscillators: ............ 


AF phasing networks: 

АСС: иил нинде 17.19, 17.22, 17.26, 17. 35 
Audio: .......... 17.46 
Circuits: ............... 17.28 
Gain-control chart: . : 
Troubleshooting: .... 27.14, 27.18, 27.21, 27.22 

Air capacitors: ыы Шоира 10.5 

Air-core inductors: .........—Ыазееееенеев 6.22 
Current balun: .... . 19.16 
RF transformers: ........... 

ALC: . 12.2, 13.33, 17.46, 17.50, 17. 52 


Alias signals: .......cccscsscsessesestesesesseseeseeeeeeseerenee 18.3 
Alignment, troubleshooting: .. 27.12, 27.18, 27.20 
Allocation of International Call Signs: ....... 30.50 
Aloha protocol: .............. sse 12.22 
Alternating current (Also see AC): ......... 5.1, 6.1 
Alternator: ............ eese г 
ADU: due ЧИДЕ ET 7.23 
Aluminum: 

Alloy characteristics: .............. нее 24.9 

Finishing: ................... 

Standard Tubing Sizes: ............................ 30. 35 

Tubing: ашаа иа кина ннан 20.35 
AM: ....... 3.2, 8.4, 12.2 


Demodulation: ........... 
Demodulation (DSP): 
Double-sideband: .. 
Equivalent (AME): 


For vestigial- sideband, full-carrier: . 15.7 
Independent-sideband (ISB): ..................... 15.7 


Overmodulation: ............. eee 12.2 
Single-sideband: ........ .. 15.7 
Synchronous detector: . 


Amateur Radio " 
A wards: шшш ынна иса О nennen nennen 14 
Bands, US 30.47 
Call signs: 1.3 


Getting started in: sess 1.5 
Licenses: .............. „1.5 


Message Form: .............. 30.66 
Operator: ........................ 1.10 
Technology: ............. eene 1.5 
Amateur Radio Service: 1.10, 29.1ff 
Amateur Radio station: .............. sse 1.10 
Assembling an: ..........eeeeenen 1.7, 22.1ff 


Amateur television (ATV): 1.10, 2.7, 3.8, 12.47ff 
Amateur’s Code, The: ....... " 
АМЕ Ан Даа о дн 


American National Standards Institute 
(ANSI): мшш нна нна ннн чол 9.11 
American Radio Relay League 
(ARRL): ................. 1.3, 1.8, 1.10, 29.5, 29.7 
Bio Effects Committee: ... 9.11, 9.14 
Contact information: .............. see 1.11 
DX Contest иннин isses eee 1.4 
Educational Activities Department: .......... 1.10 
Field Organization: ...................... 1.9, 2.4, 27.2 
Field Services Department: ........................ 22.6 
RFI Committee: „28.2 
Study guides: ........................ 1.6 
Technical Information Service: . we 1.9 
Amiga computer SSTV: sesers 12.42 
Ammeters, RF: ........ ненен 26.8, 26.10 
. Ampere: ........... 
Amplification: .... 
Amplification factor: 
Amplifiers: .......... 
ALC:.. 
ATV: ues 


Bipolar transistor: . 
“Brick” ................ 


Cascaded: ............... 

Characteristic curves: .. 8.6 
Clamping level: ............ .82 
Compensation: .. 8.3 
Configurations 8.6ff 
Cooling: ... 

DC coupled: ................ eee 
Differential: 

Distortion: .................... 


Distortion, CAD example: . 
Dynamic range: ............... 
External power RF: 
Feedback: UN 


(Amplifiers, continued) 


Gain bandwidth product: .............................. 8.3 
Gain compression: .... p 
Grounded grid: ................................... 
joi 8.25, iz 6 
Input resistance: .......................................... 8.25 
Instability: ....... 13.19 
Instrumentation: . . 8.33 
Logarithmic: .. 8.4 
Microphone: . .. 17.45 
Monolithic, table: —— P E 24.19 
Motorboating in: ............... 14.15, 27.11, 27.14 
Neutralization: .............eessssseeee 13.28 
Noise: sss 17.4ff 
Noiseless feedback in: ..... 15.26 
Oscillation: ........................ .. 8.3 
Overload: . . 8.25 
Post-mixer: ......... 15.21ff 
Push-pull post-mixer: 15.28 
Push-pull RF: ......... 15.26ff 
RF radiation from: .................................... 9.14 
бесеу... аа ы ынды 17.5 
Stability: .......... 13.25, 17.5 
Summing.......... 

Transformer matching: . 

Transistor design:....... 

Troubleshooting: 

Type acceptance: 

Voltage gain: ....... 

50-W linear PA: ........................................ 17. 95 
Amplitude compandored SSB: Я 
Amplitude limiting: ...................................... 15.13 
Amplitude modulation, see “AM” 

AMRAD: eater esti terret tee д 12.57 
AMSAT: .............. . 1.10, 23.11, 23.14, 23.36 

Contact information: .................................. 1.11 
AMTOR: .................. . 1.4, 3.5, 12.20 

AMTOR/PACTOR: илуу нин н 2.8 

ASCII transmission over: .... ..12.17 

CLOVER II-packet comparison: ............. 12.32 
Analog: 

Signals and components: .......................... 8.1ff 

Terminology: iere treten 8.6 

to digital see "A/D" 

vs digital quantities: ..................................... 7.1 
Analysis: 

Cascade: sete netaat 17.11 

Communication link: . 17.42 

Spreadsheet: ............ 17.10 
Analytic signals 18.12 
AND gate: . E P 7.5 
Angle modulation: M o MD 3.3, 15.9ff 
Angle of incidence: ........................................ 21.8 
Angles: ..................... 411 
Anomalistic period: ............... .. 23.14 
Answering machine EMI: ........ .. 28.11 
Antennas and antenna projects: . 20.1ff 

Accessories, satellite: ........... . 23.30 

AE6C Dual-Band Inverted-L: . .. 20.27 

Antenna Book, ARRL............ 9.1ff 

Bandwidth: .............. 2520.1 

Beat „анааан аана: 22.17 

Coil-loaded: .. 

Conductor size: . 20. 

Coupler: ........ ‚ 19.13 

Diameter: ................................ „20.2 

Dipole CAD: .......................... . 20.11 

Direction-finding: ..................................... 23.59 

Directivity: ....... 17.14, 20.2 

DUMMY: ш шын даана, 27.3 

EME? „нанына 23.52 

Federal restrictions on amateur 4.29.4 

Finding north: ........................ . 20.29 

Flagpole: ............... . 20.20 

Folded unipole: ........... .20.21 

For use with repeaters: .. 23.8 

Саі sidere aiaia 20.2 


Ground plane: sss 20.21 
Half-Sloper: . ... 20.26 
Half-wave:........te enis 20.4 


Helical: . 
HF mobile: 


Impedance: .. ‚20.2 
Insulated wire: .............. sese 20.8 
Inverted аана 20.26 
Inverted V: ......... 20.6, 20.11 


KI6O 160-m Sloper: ..... 
KXEOU Broadband Sloper: 
Loaded: .......................... 
Long-wire: ... 
Loop imd Я 
Loops: . 
Magnet- -mount 5 
Marconi vertical: 


Modes table: |... esset 3.4 
Parabolic: esses 23.40 
Polarization: wee 20.1 
Portable: .... .. 22.15 
Positioning 23.31 
Quads: .................. 20.37, 20.39 
Radiation impedance: ............................... 20.20 
КОК уум НЫ 23.63 


Resonance: ...................................›››<.. 20.2 
Rotator heater: . 
Rotators: ....... 
Safety: ........ eec 
Satellite: cie dps peace Y 
Shielded loop-sense antenna for 

28 MHz: .. 
Simple seeker: . 


Slingshot hint: .. 20. 

Sloper: ...................... . 20.26 
Small transmitting loop: ........................... 20.44 
Stacked Yagis: sss 20.51 
Suction-cup mount hint: . 20.57 
Supports: .................. .. 22.16 
Switch project: . 22.43 
Through-the-glass . 23.8 
Through-the-roof: 23.8 
Trap dipole ....... 20.7 


Trap vertical: .... 
Trunk lid and clip-on: 
Wire Strength: .. 


Үаріѕ:................ " 23.52 
Troubleshooting: .................. sss 27.21 
Tuner project: ... . 22.59 
Vertical: ..... 20.20 


VHF/UHF: . 
Wire: 


Zepp: ...... 
2:mJ-Pole:.... recette ce 20.59 
10-m loop: . . 20.43 


223-MHz vertical: 
Antialiasing filters: ................ 
Anticyclones: ........ 


Antistatic products 25.7ff 
AO- series satellites: ..................................... 23.14 
AOS: ................... 23.14 
Aperiodic signals: w 18.5 
Apogee: ................. . 23.14 
Appleton, Edward: sss 21.7 
APT fax images: .......... sse 12.37ff 
Arccosine: ...... 
Arcing: ........... 

Troubleshooting: ............................. 27.6. 27.22 
ATCSITIG: Таа 4.12 


Arctangent: .... 
Area coordinators: . 


Area under curve: .................... 4.18 
ARES: .................... 02:9 
Personal Checkli 30.61 
/RACES: ........ 30.62 
ArgOn: .................. ашин шан ЫА .21.3 


Argument of perigee? .................................... 23.14 
ARL М umbered Radiograms: 2 


CLOVER II: 12.32 
Hybrid: ............. ..12.29 
Arranging equipment: .................................. 22.3ff 
Arrestors, lightning: ................. sss 9.7 
ARRL, also see "American Radio Relay League" 
Handbook Address List: ........................ 30.9 
Log: eius .. 30.57 
Membership QSL Card: .. 30.57 
Operating Awards: ..... . 30.58 
Operating Manual: . . 23.8 
Prosigns: ........... . 30.54 


Repeater Directory: 
ASAPS: .................... 


Ascending node: .................. сыен 23.14 
ASCH: veg. шыда ans 3.5, 12.17, 30.39 
ASCII to Morse and Baudot, Conversion: .. 30.40 
Assembling an АО-13 station: ..................... 23.17 
Astable multivibrator: ....................sessss 7.14 
Astronomical Almanac: ............ we. 23.55, 23.58 
Asymmetrical waveforms, measuring: .......... 26.9 
Asynchronous: 

Communication: .............. essere 7.32 


Athermal effects of RF energy: 


Atmosphere: inn isiin 21.7 
Absorption: esee nectit 21.20 
AtteriuatloD niii etur OR 21.6 
Noise: ..... 17.14, 21.4, 21.9 
Stati: rerit neris cores trae IIR 21.24 
Water Vapor: aonne ДЫн 21.6 

Atom: ............. .5.1 

Attenuation aeee 8.2 
Ultimate: .... 17.28 


of two-conductor lines: 


Attenuator, active for RDF: 23.75 

АТУ 1.10, 2.7, 3.8, 12.46 

Audio: 
Break-Out Box: esee 22.32 
Connectors: ....... 2.22.5 
Derived AGC: . 17.28 
EMI:. .28.11 
Filters: . . 17.28 
FSK: ........ . 12.14 
Meter display: ...... 22.33 
Phase shifters: |... sss 17.21 
Speech clipping: . 17.45 
Transformers: ....... .. 24,7 


Aurora (propagation): ............. 21.4ff 
E propagation: ....................................... 21.13 

Automatic gain control, see *AGC" 

Automatic level control, see “ALC” 

Automatic link evaluation (ALE): .17.16 


Automobiles, EMI: ............................ wee 28.12 
Autopatch: ............. 23.4, 23.8, 23.9 
Autotransformers: . i 


Auto-ARQ mode 
Auxiliary station: 
Available power: ... 


Avalanche, diode: .......................... 
Average value (voltage or current): ................ 6.7 
Average-reading meter circuits: ... .26.9 
AVT Master (SSTV): .......... 12.42 
Азага: riii qe P Nite 1.4 
ХСС, 1.4, 2.1 
Worked all states (WAS): 
Worked all VE (WAVE): . 
AX-25 (packet protocol): .......... 3.6, 12.22, 23. 22 
Az-el mount: 
Azimuth: s... eee do a 23.14, 23. 55 
B 
Back pressure: -.. 13.16 
Back voltage: 2...4... иын нин айнк нине 10.9 


Backlobe: nier 20.31 


Backscatter: ..... .. 21.16, 21.16 
Backwave (keying): .................. esee 27.19 
Balanced: 
Antenna: ose tete te Rr ERE enr 19.14 
Feeder system: ............. esset 19.14 
bia dS 8.35 
Modulators: . 12.2, 17.47 
to unbalanced: ............... sese 19.14 
Baluns: ................. . 6.49, 19.14, 20.5 
Antenna сїггеп($:........................2...—..... 19.14 
Соке нанынан ERO RETE nein 6.49 
Степ. eoi cese tereti pee trt 6.49 
Failure: .. ... 27.21 
Guanella 1:1... sese 6.49 
Band: ......... . 1.10 
AM: ... .15.7 
Broadcast: .... .15.7 


Medium wave: 
Plans: ............ 


Plans, Repeater: eee 23.10 
Plans, Voluntary HF: a 29.7, 30.48 
Bandwidth: ........... 6.36ff, 12.1, 26.16, 29.1, 29.7 
And block performance: ............. 17.6 
Fading: ........................ . 
Filters, typical: .............. sees 16.5 
Matching: .. ... 17.12 
Noise teet de Xo Dee rete 17.4 
Band-pass coupling: .................... 17.54 
Filters: ................. 13.10, 16.2, 16.7ff 
Band-stop filters: .......... ‚ 16.2 
Barrier voltage, junction: . ‚8.13 
Base (number): .............. ses 7.2ff 
Base (tube) diagrams: ................................. 24.30 
Baseband: ................. sse 12.1, 15.6, 18.14 
Base-loaded vertical: ................. sss 20.22 
Base-loading: ............................ .. 20.46 
Basis and Purpose, Amateur Radio: ........... 29.3ff 
Báttéries:-...eeeiece imet 10.3, 10.4, 11.20 
Capacity: лиана икан Чын 11.22 
Charging/discharging requirements: ....... 11.22 
Discharge planning: ...........cseceeseeeeeseeee 11.22 
Lead acid: .................. .. 11.21 
Nickel cadmium (NiCd) 11.21 
Primary: ..................... 11.20 
Rechargeable 11.21 
Secondary: .......... .. 11.21 
Voltage standards: ................ sess 26.5 
Battery tester RF ammeters: ......................... 26.10 
Baud: eee 7.33, 12.17 
Baüdot; 2 nnn reine oet oee eS, 3.5 
Signaling speeds: .......................... 12.13, 30.38 
Bazooka: epe E A 19.15 
BBS operation: 
BCI filter: .... 


Beacons: .... 
Satellite: ... 
Beam antenna: . 


Beam tetrodes: .... 
Beginner's receiver project: ......................... 17.68 
Bel? ы S ЛА 4.17 


Bending metal: 
Bent dipoles: .... 
Bermuda High: 
Bessel function 


Beta: ........................ .13.3 
Beta-generator model: .. ET 10. 26 
BEQ essei sineret ddl ipe rena 15.7 
Biasing: 
Amplifiers: |... eee 8.7 
BJT amplifiers: .............— 10.28, 10.29 
FETS: Ls . 8.26, 10.30 


Thermal concerns: 
Transistors: ..... 


Troubleshooting: ............. eee 27.12 
Bibliographies: 
Amplifiers: кышла ининен д нир 13.49 


Circuit modeling: 
CLOVER: ........... 
Component data: 
DSP sus 
Filters: ... 
Grounds: ............. : 
ВРЕ —— — 23.76 
Receivers, transmitters, transceivers: 
RTTY (Baudot): .......................... 
Safety: .......... 

Satellite: ...... 

Spread spectrum: 


SST V c —————Ó—À 12.46 

Station setup and accessory projects: ...... 22.63 

Troubleshooting: ............................ 27.26 
Bifilar coils: ............ 25.24 
Bilateral diode switch: .................... 8.13 
Binary coded decimal (BCD) numbers: 
Binary numbers: ...................... e 4.1, 7. Iff 
Bio Effects Committee, ARRL:........... 9.11, 9.14 
Bipolar keying: .............. 


Bipolar logic families: .. 
Bipolar transistors, see “BJT” 
Bird calorimeteric power meter: 


Bistable multivibrator: .................... sees 7.14 

Bits per second: ............. А 

BJT (bipolar transistors): ......... 8.20, 10.26, 11.1 
Bas: жылары ЛЕШ rane n 10.28, 10.29 
Large-signal design: ................. sss 10.29 
Models: ................... .. 10.26, 10.28 
Troubleshooting: ....... 21:25 

Blackman window (DSP): ............................. 18.7 

Bleeder resistors: ....... 6.12, 11.11, 11.20 

Blocking capacitors: .............. eee 13.12 

Blocking dynamic range: .... 26.41 

Blowers: ............... 

BNC connectors: .... 

Bonding conductors: .. 

Boolean algebra: ........ 


Boom/Headset mike project: .. 


BPSK, using DBM to generate: . ... 15.25 
hj 23.4 
Breakdown voltage: .6.10 
Capacitor as eerie doce diete e 10.5 
Breakdown, second: ................. eee 11.1 
“Brick” amplifier, 144 MHz: .13.46 
Bridges: ............... sss ... 26.13 
CITCUIIS: erect cerent Igor 26.7 
РТОВе; длин КИ Ки Sonny eee eee aa 26.9 
RX casni 26.33 
Wheatstone, ЛОО ОООЛКАКУНТЕСГГ 26.7 
Broadband: .................... 19.12 
Balun’ ........................ 19.15ff 
Ferrite RF transformers: ........................... 6.47 
Matching: ..... as Bes 
Transformers: ............ 48, 17.12 
Broadcast interference filter: ....................... 16.36 
Broadcasting: ............. seen 29.1, 29.6 
*Brute-force" EMI filter: .................. ees 28.6 
ВЕ: алаан .. 26.2 


Buffer amplifiers: 
Building blocks: . 


Building codes: ...... 9.3ff 
Building equipment . 9.10 
Bulk avalanche: ................... eee 26.29 
Bulk regions: ............ eee 10.7 
Bulletin board systems (BBSs): . 12.22 
“Bunny” hunt: ......... 1.10 
Burns, RF: 9.10 
Bus: .......... 4,23 

CSMA/CD 22.12 
Business rules: 00.0... eseeeseeeeeeeeeseseesssssteeseeeneee 29.6 
Butterworth filters: .......... ... 16.5ff 
Buying parts: ........... eene 25.22 


Bypass: 
Capacitors: usine аана: 28. 


Cable: lacing: аии А 
Cable TV interference (CATVI): . 28.9 
Cables, arranging: .................... . 22.4 
CAD. Lees eite erbe .. 10.13 
Amplifier distortion example: .10.23 
ARRL Radio Designer: ........ .. 10.19 
for dipoles: ................. 20.11 
Circuit design: .............. esee 10.19 
Filter example: ................seeeeeeees 10.20 
Model libraries wee 10.23 
$рїсе:................ .. 10. 13, 10.20 
System design: .............. sess 17.11 
Cadmium sulfate batteries n 26.5 
Calibrated noise source: .............................. 26.29 
Calibration: 


Effective value: 
Noise source: 


Oscilloscope: .. ... 26.24 
RX bridge: ;.... e emet 26.35 
Time and frequency: ...............s sse 262 
Calibrator, crystal: . ..26.13 
Call signs: ...................... 1.3, 1.10 


FCC-Allocated Prefixes 
International: .................... sss 


Calling frequencies, VHF/UHF/EHF: ... 30.49 
Calorimeteric meters: .............seseeeee 26.8 

Wattmeter: ыыы нн iat 26.13 
САМ; unseres ЛОЙ quieren e 15.7 


Capacitance: . 
AC іп:.... 
Diode: ..., 
Distributed 


Capacitive reactance: . 
Capacitive susceptance: .... 


Capacitors: ......................... : 
AC rated: cedet tein 28.13 
Bypass: .. .. 10.14, 28.1, 28.6 
Charging: ........... seen 6.8, 6.12 
Cleaning: eiie eee As 27.23 
Component packages as 10.11 
Construction: .................... ‚6.8 
Coupling, troubleshooting: . Я 27.14 
Discharging: .................. 6.8, 6.12 
Heat reduction: . 10.14 
NCS? e 8.29 
Input filter: ............. “ПЛ 
LOSSES: —————Á 6.37 


Markings: . 
Models: .... 
Padder: .. 


Parallel: анааан 6.10 
Replacements: 27.23 
Series; «uincere ceti tossed fn evene) 6.10 
Standard values: ................ eee 24.1ff 
Styles: syna . 10.5 


Surface mount markings: 
Temperature codes: ... 


Temperature coeffcients: .................. sss 10.5 
TESTS ts pice a eiiis 27.13, 27.23 
Tolerances: ........... esent 10.5, 24.1 
Trimmer: niece nennen 27.15 
Troubleshooting: 27.22 
Турез:.................. n. 6.9 
Capacity, battery: sss 10.4 
Capture effect: .......... esses 23.5 
Carbon film resistors: ............. eee 10.3 
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Cardiopulmonary resuscitation (CPR): . 9.1, 9.16 
Сагпек cue Perret iis 15.5 


Power: ............ ... 29.1 
Sideband suppression test: .26.47 
Suppression: ............. essere 15.7 
Carrier-operated relay (COR): ....................... 23.4 
Cartesian coordinates: .................................... 4.14 
Cascaded: 
Buffers: сыншы Нн ыны АСУУ 8.5 
Selectivity шины ныл umm im НЫЙ. 17.35 
Stages: ........ 8.5, 17.8 
Cascode buffer: oiiire 8.5 
Case temperature: ......... sss 13.11 
Сайоае аини 8.8 
Cathode follower: ........ 8.3, 8.10 
Cathode ray tube (CRT): ................................ 8.11 
Cathode-driven amplifier: ............................ 13.14 
CATV ahea ... 28.1ff 
Cavity, oscillator: ........ 14.30ff 
CCIR Rec 476-3 and 625:............................ 12.20 
CCS (Continuous Commercial Service): ...13.10 
CEE-22 power connectors: ........................... 11.24 
Center-fed dipole: ................. sss 20.2 
Center-fed Zepp: .......... esse 20.5 
Center loading: ...... . 20.46 
Ceramic capacitors : . 10.5 
Ceramic microphones: . 17.45 
Cesium clocks: ......... .. 26.1 
Channel: ................. ‚23.4 
Channel characteristics 17.14 ff 
Character displays:... 7.29ff 
Characteristic curves: .............. зеен. 8.6 
Characteristic impedance: ........... 19.2, 19.4, 19.7 
Charge coupled devices (CCDs): ................... 8.35 
Charging batteries: ..............ssseeeee 11.20 
Charts: .................... . 27.20 
Chassis construction: 25.24 
Chebyshev: ........ 17.12 
Attenuation table: sesser 16.14 
Filter design: ............ 16.5, 16.11ff 
Checking Your Message: ............................. 30.69 
Chemicals: 9.14ff 
Chimney: ..... 13.15 
Chinook wind: ... 21.23 


Chip components: . 


Chirp, troubleshooting: ................................ 27.15 
Chokes: 
Ваша seeders ped 19.15ff 


Choke input filter: 
Common mode: . 


ЄНЇ sie eres 

Cinch-Jones connector: ЕЯ 

Circuit breakers: sese 11. 2 

Circuits: 
Стома essence cidit iba 11.15 
Design: .... 10.19 
Energized; лылыгын dae tees 9.16 
Layout: .... 25.13, 25.17ff 
Parallel: ........... .. 5.8 
Parallel resonant: ................ .. 6.37 
Paths: asinos 25.18 


Q of loaded: 
Rectifiers: ... 


Resonant: ‚ 6.35 
Series: ............. e. 5.8 
Series-resonant: .. 6.36 
Simulation: ..............ssssseeeteees 10. 20 
Thevenin equivalent: .................................... 5.5 
Tuned: .................... 

Circular mils: ................ 


Circular polarization (CP): .. 20.51, 23.14, 23. 36 
Circulating tank current: 6.40, 13.4, 13.12, 13.19 
Civil Air Patrol (CAP): ... 


Clamping: .................. 

Class E 13.2, 13.3 
Class A computer requirements: ................. 28.12 
Class AB: sess 13.2, 13.3, 13.14 
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Class АВТ наьа 13.2, 13.14 
Class АВ2:.................... 

Class B: .................. 13.2, 13.3 
Class B computer requirements: € 28.12 
Class С.ли 13.2, 13.3, 13.14 
Class of operation: ....................................... 13.1ff 
Classification of emissions: .. 29.3 
CLC520 (IC): ............... 17.28 
Cleaning equipment: -. 27.12 
Clicks, key: ........ 15.7, 27.19 
Єйррег& «eurer tertie de Ree der Petre tee ros 12.9 
Clipping isisisi: 8.4, 8.19, 17.6, 17.17, 


17.37, 17.45, 17.47, 17.58 
Troubleshooting: ...... 
Clock signals, сав 
Closed repeaters: .. 
CLOVER: ..................... 
AMTOR-packet comparison: . 
CLOVER IE ..................... 
Clusters (packet radio): 
CMOS: 


Driving TTL: лыы арыннарын ыйкы аныны 7.21 

Го il ED € 7.19 
Coaxial: 

Adaptors: 

Cable: ...... 

Connectors 

Lines: 

Relays: ............... 

Resonator match: .......................... 20.14, 20. 16 

Stub impedance table: .............................. 26.35 

Transmission line: ............... .. 19.7 
Code Conversion, ІТА 1 through 4: ............. 30. 41 
Code reader/keyer: ................. sss 22.21 
Coefficient of coupling: . 6.17, 6.42, 6.43 
Coherent AM detection: ............................... 17.32 
Coils: 

Machine-Wound: .................... sss 30.24 

Measured Inductance of: .......................... 30.24 
Coils, see “Inductors” 
Cold:-front; ушырады ыны Aaaa 21.22 


. 24.1 
24.3 
24.4 
24.9 


Color code table: 
Color codes: ... 
Diodes: .... 
Hookup wire:.. 
Combinational logic: 
Combiners: .................... 12.5, 15.1ff, 17.7, 26. 38 
Common-base amplifier: . ‚8.21, 10.27 
Common-collector amplifier: ‚8.21, 10.27 


Common-emitter amplifier: . 8.21, 10.26 
Common-mode: ..................... sess 28.1 

Chokes? ын ныннан дыш 28.6, 28.12 

Impedance: аидан. 17.13 

Signals: .................. 28.3ff 
Communication channel: .... 17.14ff 
Communication link analysis: 17.42 
Communication ranges: ...... su: 
Compandoring: ................... sees 12.6 
Comparators: cussies iesea 8.35 


Compatibility, electromagnetic: 


Compensation: ..................... we 8.3 
up n 33 
Temperature: ........................................ 14.19ff 

Complex algebra: .............. sse 4.15 


Complex loss coefficient: .. 19.7 
Complex numbers: ............... . 4.15 
Complex reflection coefficient: .................... 19.4 
Components: ......................... 10.1ff 

Cooling: .. 10.16 


Low- -frequency models: 
Markings: ................... 
Parasitic remedies:. 
Passive: ........... 
Protection: esce н ШЫН ннн ныд, 25. 7 


References: cnet e ete oes 24.6 
Resistors: 1:52: ope e deren Tiii 10.3 
Tests: ........... 27.22# 


Troubleshooting: .. 27.20 
VFO...... 14.15ff 
Component-array ICs: ............ 5. 8.32 
Compression free dynamic range (СЕРКЕ): .. 17.6 
Compression, gain: ............................... 8.25, 17.6 
Compression, signal: we 8.4 


Compression, speech: 


Computers: шаа не нине we 22.11 
Connecting to amateur equipment: .......... 22.11 
Connectors: «scite e tenete entera 22.10 
CW keyer: ... 22.24 
Disk drives: 7.29ff 
EMI: ..... .. 28.12 
Fax:.. 12.35 
Hardware: — 7.21ff 


In Amateur Radio: 
In station: ..... 
Input devices: . 


Installations (EMI): ... 28.13 
Interfacing: eee 7.29ff 
Output devices: удаан а-н. 7.28ff 
Peripherals; etre 7.28ff 


» 


Programs, see "Programs 
Sound cards for DSP: 


БТУ ‚12.41 

TNC connections w 22.13 

Video displays: ............ sese 7.29ff 
Computer-aided design, see "CAD" 
Conductance? ............................ 5.2, 5.3, 6.1, 6.33 


Conducted signals: . 
Conductive grease: ... 
Conductivity, thermal: ........ 
Conductors: ................ 


Bonding: ................. 9.6 
Cross-sectional area: . 11.1 
Sizes, minimum: .............. eese 9.4 
Conjugate matching: ........................... 17.2, 19.10 
Connections: 
Computer/TNC: ................. sse 22.13 
Data Interface: ... 30.42 
Null-modem: ... 22.11 
Parallel: seat intet tetiidies 22.11 
Connector Assignments: 
EIA-449 37-Pin: „oseese 30.42 
EIA-449 9-Pin: .............. seen 30.42 
Connectors: ............. essent 22.5ff 
Coaxial: . wn 24.34 
Раше ылдап аныи pori testet iie 21.6 


SO-239:. .. 20.28 
Standard (power supply): . .11.24 
Troubleshooting: ........... 5:242] 
Constant current diodes: ................................. 8.20 
Construction: з... ишинин а наше ы: 25.1ff 
Hints: ........ 25.19ff 
Microwave .. 25.21 
Techniques: ..... 10.14 
УРО soeur 14.15ff 
Consumer pamphlet (EMI): ........................... 28.2 
Contact: ........................... . 1.10 
Contact information: ........................... we 30.9 
Contest Card voice recorder/CW interface: . 22. 27 
Contests: |... sss 1.4, 1.10, 2.2, 3.4 
ARRLE DX: aree acer terni 1.4 
Field Day: eene 2.2 
Continuous wave, see “CW” 
Control circuits, troubleshooting: ............... 27.16 
Control grid: .............................. 
Control operator: ................ 


Control point: .. 
Control signals: 
Controller: „дааа: 
Convection cooling: ................. 
Conventional current: ............... 
Conventional transformers (matching): ...... 


Conversion: .....eecscceseseesesenesssseesesescecsesenecsseees 15.4 
from ASCII to Morse and Baudot: 
Direct: ine eet 


Factors, US Customary to Metric: ..30.2 
Metric - US Customary: ............................... 4.9 
Number bases: ............ esses 7.2ff 
Receivers: .............. 17.22 
Table, Voltage-Power: . 30.20 
Converters: ipei sessi esinsin . 15.4 
AID шенин iei thi en OS .182 
902 to 28 MHz: . .17.40 
Convolution: .......... 15. 2, 18.8 


Cooling, forced air: 
Coordinate systems: .. 


Copper conductor sizes: we 13.11 
Copper J-Pole antenna: ................................. 20.59 
Copper tubing: essent 13.12 
Copperclad steel: .. 20.7 
Copperweld: .......... .. 20.7 
Cordless-phone EMI: ......................... 28. 11 
Cords, power: |... иик ыга бы 9.9 
Cores: 
Construction, Transformers: ...................... 6.45 
Properties (Inductors): ............................... 6.15 
Saturation: ................. 6.16, 11.1 
Тогоіа8 iiec rene tectis tior as 6.18 
Собе s td iEn 4.11, 4.13 
Cosmic noise: .........................››—з—››——- 21.24 
Cosmic rays: 21.10 
Coulomb: ........ 5.1, 5.2 
Counters, digital: ................ sss 7.12ff 
Coupling: 
Circuit losses: ........ essent 10.14 
Coefficient of: cesses 6.17 
Feedback: Ы аан 17.3 
Inductor: 10.13 
Magnetic: . .. 6.17 


Matching: . 
Networks: 


Transmitter stages: ............. esee 17.54 
Courage Handi-Ham System: ...... 1.2, 1.10, 22.4 
Gollftesy beép: sernai aasia 23.4 ` 
Courtesy tones: ....... sse 23.6 


Covenants: ... 29.1, 29.5 
Coverage ннан кыйрынан Аа 23.4 
СРО .. 7.23 
Critical frequency: . 21.7 
Cross multiplication: 0... cscs 4.1 
Cross-sectional area of conductor: ............... 11.1 
Crowbar circuits: ............. 8.15, 8.19, 11.1, 11.15 
eC 14.23ff 

Аріпр: ———— 26.2 

Calibrator: — ———— ара 26.13 

Discriminator: .... .. 12.11 


we 16.17 
.. 17.30 
.... 16.30 
. 16.17ff 


Equivalent circuit: 
Filter circuit: .. 
Filter evaluation: 


Filters: ............. 

Holders? uero cce An ne riim el 24.9 
Oscillators: ............. eese 26.2 
Parameters Table: . 16.18 
Receivers: ........... 17.16 


Signal source: . 
CSMA/CD Bus: . 


СТС8:................... 23.4 
Tone frequencies: ................... .. 23.10 
CTS sinam ee rere dac 22.11 
Cube: ..... 4.1, 4.6 
Cube root: . 4.1, 4.6 
Cumulative ‘selectivity: ERR ET 17.9 
Cuürtent: анна 5.1, 6.1, 6.5 
Alternating: .......... sese 5.1, 6.1 
Balun: .......... 6.49, 19.15 
Capacity of wire: sse 24.8 
Circulating: ........... eese 6.40 
Conventional: . . 5.1 
Directa eatenus 5. 1, 6.1 


Dividers? шинин ашаары ыта 5.8 


Eddy. ыла диа ЫШЫ илнин i 6.24, 6.45 
Foldback, limiting: ... . 11.1, 11.15 
Inrush (power supply): ............................... 11.9 
Intermittent direct: ............... sss 6.2 
Loop: .............. . 20.2 
Маргпейгїпр дыл иы кинин ны 6.43 
Measurement: 26.4ff, 26.6 
Node: ........... . 20.2 
Pulsating direct: 6.2 
Ratio, transformer: . .. 6.43 
Reflection coefficient: Der e 19.4 
Regulator diode: ................. sss 8.19 
Shunts: ............ 26.4ff 
Sources: .. .. 10.3 
Terminology we 8.6 
Current chokes for verticals 20.24 
Curtis 8044ABM keyer: .. wee 22.18 
Cutoff frequency: .. . 16.2, 19.17 


Cutoff region: . .. 8.21 


Cutting metal... 25.24 
CW seite . 1.10, 3.2, 15.6ff, 17.49, 29.1 
Abbreviations: ............ssseeeeeeeenetes 30.56 
Break-in Кеуїпр:........................................ 17.63 


2.22.24 
.. 17.19, 17.30 
12.12, 17.50 


Computer interface 
Filter: us 
Keying circuits: . 


Operating: ....... 

Reader/keyer: . 

Signal spectrum:.... Е 
СҰ -893 VLF transceiver: ............................ 17.79 
р : 
D flip-flop: лиин нна Дн ане нае наннан 7.11 
D layer: sss 21.4ff, 21.7, 21.9, 21.10 
D' Arsonval meters: ................ eee 26.3 
D/A converters: ......... ..18.3 
Darlington logic outputs: ............................... 7.17 
Darlington transistors: .. : 11.14 
Data? oro ete HERR US 29.1 

Interface Connections: .............................. 30.42 

Interleaving: ................ eee 12.29 

Modes: ......... 7.33, 12.33 

Networking: рисин teen 3.4 

Rate: .. ‚ 7.33, 12.17 

Sheets: ................. 8 7, 8.23, 8.26 

Signaling standards ... 12.20 
аВа: с.н .. 20.3 
Bionic REESE XXE ENTIS 20.3 
DBM (double balanced mixer): ............... 15.15ff, 

17.2, 17.22 

Amplitude modulator: ............................ 15.24 

Phase detector: ...............sssessse 15.24 

Specifications: ын йшнде Жан 15.18ff 
DC: 

Coupling: раан 27.15 

Ground: азулы дЫи RI Re 22.2 

In inductance:. . 6.16 

Test instruments: ...... .. 26.3 

To-ac Inverter: ...... ..22.14 

-DC converter: ...... 11.1 
“Dead-bug” construction: . 25.8 
Deburring tool: ................. eese 25.5 
Decibels (dB): .................. 4.17, 28.1 


Decimal! numbers 
Decimal places: .. 


Decimation: .... А 
Deed restrictions: „29.5 
Deemphasis: .......... 12.9 


Deflection tube table: . 
Degree (angle measure): i 
Delay time: ..... 
Delay, DSP: . 


Delayed AGC: ......................... 

Demodulation and demodulators: ... 15.1ff 
AFSK: oere ду ШЛИ 12.14 
АМ: ннен 8.4, 15.8ff, 17.32 


Angle, with PLL: ...........7 15.13 
DSP шилти ЕН 18.14, 18.15 
FM PLL: ‚12.11 
$$ТУ:............. .... 12.45 
DeMorgan's theorem: ................ sss 7.6 
Depletion layer er 10.7 
Depletion mode FET: . 8.16 
Depletion region: .................. see 8.13 
Derating, component: .................................. 10.7 
Derating, transistor: .. . 10.18 
Derivative: ............. „419 
Descending node ‚23.14 
Desense: .......... .. 23.14 
Desoldering: .................... sss 25. 4, 27.13 
Detectors and detection: 
AM, by means of rectification: ................. 15.9 
Diode: i4 see .. 15.8ff 
Envelope: . 15.8ff 
EM: 12.11, 15.12ff 
Lock, in phase-locked loop: .................... 14.49 
Phase: eet 14.37ff, 15.24 
Product, use edente 15.8 
Quadrature: . 15.12 
Ratio: ........ . 17.37 
Slope: .............. wee 15.12 
Synchronous AM: .................................. 15.32ff 
D dur Ed РО А 27.18 
Deviation ratio: . . 12.7, 17.37 
Deviation, peak: .............. eret 12.7 
Dewpoint profile: ................. ses 21.21 
DFing: азлык eee llc ere 2.5 
Diagnosis, EMI: .............. see 28.5 
Dial tracking, troubleshooting: ....... 27.15, 27.21 
Dielectric: ...................... .. 6.8ff, 10.5 
Breakdown: . . 10.5, 10.14 
Layers cesse ime a 10.4 
Losses: . .. 19.5 
Material: .. . 19.2 
Properties: 19.2 
Strength: ......... 10. 14 
Difference equation: .............. see 18.4 
Differential amplifier: ....................... ss 8.34 
Differential-mode signals: ... 28.3ff 
Differentiation: ................ ... 4.18ff 
Differentiator filter (DSP): .......................... 18.14 
Diffraction: ы... sse 21.2ff 
Diffusion сарасіќапсе:.................................... 10.7 
DIGICOM 64: .......... esses 12.23 
Digipeaters: . .3.5, 12.24, 23.4 
Digital: ........ eroe tee tienes 7. Mf 
Combinational logic: ................................. 7.4ff 


.. 1.10, 2.8ff, 17.16 
we 7.12ff 


Communication: .... 
Counters: . 


Dip meter: .. 26.16 
jor .. 7.15ff 
ICs, troubleshooting: ............... eee 27.26 
Logic families table: .......................- 24.26 
Modes: «eerte arose tent 3.5, 12.12 
Multimeters, see DMM" 
Number systems: ........ eene 7.26 
Oscilloscopes: ....... vee 26.27 
Phase-shift networks: .................. ses 12.5 
Signal processing (DSP): 1.10, 18.1ff 
SSTV demodulator: .............. see 12.43 
Теор iet е е eese title 7. Mf 
To analog, see “D/A” 
Troubleshooting: .............зееененеен 27.16 
Voltmeters, see “DMM” 
Digital communications satellites: .............. 23.19 
“Dikes,” see “Wire cutters” 
Dimensional analysis: ................... 4.8, 4.10 
DIN connector: .......... eere 22.6 
Diodes: 
Applications: ыннан 8.20 
Circuits: . 


Color codes: .. 


(Diodes, continued) 


Detectors: 15.8ff, 17.16 
Fast recovery: ...... 11.1, 11.5 
Frequency multipliers: ........................ 17.53ff 
Germanium: ............. . 10.6, 11.5 
Heat handling: ............................... 10. 18, 11.10 


Hot-carrier (Schottky): .. .. 8.17, 15.15ff 


In parallel: ............... 


In series: ....... 

Junction behavior: ..... 

Markings: .................... 

Mercury vapor: 

Models: «aet ee rete iens 

Noch 

PIN: .... 

Practical: ........... 

Response linearity: .... 

Reverse current: ................. 

Schottky (hot-carrier): ...... 8.17, 10.8, 15. 15ff 

Selenium: наннын iia 11.5 

Шепа eot 10.6, 11.5 

Specifications: 11.9, 24.15 

Step-recovery: ........................................... 17.54 

Switch circuits: 8.19, 10.7, 10.8 

Те TP 27.24 

Troubleshooting: . . 27.16, 27.24 

Vacuum tube: ...................................... 8.8, 11.5 

VaractOr: aie ice inge 8.17, 17.54 

Voltage measurement: ........................... 26.11ff 

Zener: 8.17ff, 10.7, 11.10ff, 14.16, 24.13, 26.29 
Dip meters: .... 13.12, 26.16ff, 27.3, 27.15, 27.22 
Diplexers: .................... 15.21ff, 17.5 

Band-pass: .......... sse 15.22ff 

High-pass/low-pass: ................................. 15.23 
Dipoles: 

Antenna: оноов Хна дЫ 1.10 

Bent: ....... 20.6 

Full sloper: ....... .. 20.6 

Homemade center insulators: . 20.8 

Multiband: .......................... . 20.7 

Orientation: ......... essere 20.5 

Short: zie tete E 20.7 

Sloping: 20.5ff 

TTD 2 rece e trente etti e edlen 20.7 
Direct current (Also see “DC”): 5.1, 6.1 
Direct digital synthesis (DDS): ..................... 18.4 
Direct FM: sss 12.8, 17.58 
Direct memory access: ................................... 7.28 
Direct sequence spread spectrum: ............... 12.57 
Direction finding: ................... 


Directional wattmeters: 
Director: ТИЕКТЕ 

Direct-conversion (D-C) receivers: .. 
Disabled hams, aids for: 


Disasters: „лды Ады дуни 23. 6 
Discharge curve (NiCd): ................................ 10.4 
Discontinuity, signal: ...... . 18.5 


Discrete Fourier transform: 
Discriminators: .................................. 12.10, 15.12 
Disk drives: 
Displacement current 
Dissimilar media: .. 
Dissipated power: . 
Distorted waveforms: 


Distortion: ................... 15.2ff, 16.4, 17. Aff, 2]: 21 
CAD example: ................................... 10.23 
Cascaded stages: ........... 17.10 
Receivers: ....... ‚17.26 
Square-wave ‚27.12 
Total harmonic:.. ... 10.24 
Transformers: .................................... 17.12 
Troubleshooting: -. 27.11, 27.22 

Distributed capacitance: ..................... 6.45, 10.11 

Distributed elements: .................................. 10.1ff 

Distributed selectivity: .. 2.17.25 

Dithering (DSP): ........................................... 18.16 
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Diversity reception: .................................—... 12.15 
“Divide and Conquer" technique: ............... 27.10 
Dividers: ........... 5.8, 14.36ff 
DMM (digital multimeters): . 26.3, 27.2 
Do-it-yourself wiring: ...................................... 9.3 
Documenting your station: .......................... 22.13 
Domain (frequency vs time): ............. 18.5, 26.42 
Dominant тойе:. ........... we 19.18 
Doorbell EMI: ............. . 28.13 
“Doorknob” transmitting capacitor: .. 13.13 
Doppler: ........................ 21.6, 21.13, 23.14, 23.16 
Double-balanced mixers, see “DBM” 
Double sideband: ................................ 12.2, 12.48 
Double-sided PC boards: 
DOVE-OSCAR 17. ......... 
Down conversion NBFM 
Down conversion receivers: ......................... 17.22 
Downlink frequency: ................................. 23.13ff 
Drift, troubleshooting: .................................. 27.15 
Drills: .................... 25.4ff, 25.16 
Techniques: .. 25.16, 25.25 
Driven element: .......................................... 20.31 
DSP А.Б 18.1ff 
Development tools RT 18.18 
Filter project: ........ 16.37 
-93 (TAPR DSP kit) 18.18 
560001 processor: sse 3.7 
DSR eio tcs et RUNS .22.11 
DTE: аа ite 
DTMF: 
"ОТК: ............... 
Dual-band verticals 17/40 or 12/30 m: . 
Duücting: meet 21.5, 21.6, 21.21 
“Dummy” antennas: ............................ 26.20, 27.3 
Duplex or full duplex: .................................... 23.4 
Duplexers: 23.2, 23.4, 26.46 
Duty Cycle: а ааа уо 13.10 
Хола: 1.10, 3.2ff 
A Wards? isti ete ie 2.1 
Century Club (DXCC): ....................... .4, 1.10 
DXpeditions: ........ . 1.4, 1.10, 2.2 
AI pacc "T 2.2 
PacketCluster: ... - 1.4, 1.10, 12.22 
DX Operating Code: ..................................... 30.52 
Dynamic: 
Characteristic curve: .................................... 8.9 


Мїсгорһопев: EN 


Plate resistance 
Range: ......... .18ff, 17.6, 26. 41 
Resistance: eerte 10.7 
D-layer absorption: ........................ 21.10ff, 21.15 
D-Subminiature connector: .......................... 22.10 
E 
E layer iiie 21.4ff 
Earth ground: .. wee 9.4ff 
Earth stations: eese 29.6 
Earth's magnetic field: . .21.10 
Earth-Moon-Earth (EME): .23.51 
Antenna requirements: . 23.52 
Choosing? ................... 23.52 
Computer Programs: ................................. 23.56 
Frequencies: .............................................. 23.59 
History: ................... .. 23.51 
Operating Techniques: .23.57 
Operating times: ............... .. 23.58 
Кесеіуегз:......................... 23.53 
Scheduling: .. 23.59 
Signal Reports: 23.58 
Software: ........................... 23.56 
Transmitters: .................... 23.54 
Earth-Moon- Earth (EME). 21.24 
Eastern Pacific high: . . 21.22 
Eccentricity: snein ses 23.14 
Eddy currents: .................... 6.24, 6.45, 10.8, 10.9 


Edge-card connectors: ................... ss 22.10 
Edge triggered logic: 
Education: 


EDZ: лө шеи 

Effective value, ac 

Efficiency: иан 

EHF (extremely-high frequencies): ................ 3.1 

ЕТА sees лае ates „24.1 
Capacitor codes: ............. .. 24.3 
EIA-232-D serial connection: ......... ... 22.10 


EIA-449 37-Pin Connector Assignments: 30.42 
EIA-449 9-Pin Connector Assignments: 30.42 


БЇЄ ———— A 24.1 
idi ig ——— 23.14, 23.18 
Electret тісгорһопез:.............................. 17.45 
Electrical: 
Bu 19.7 
Noise (ЕМІ): ............. esee 28.9, 28.13 
Power conditioning: aww 112 


Quarter wavelength: 


Wiring around ‘the station: . 9.3 ff 
Electrocution: шиини аан ин 27.1 
Electrolytic capacitors: . : 
Electromagnet: ............. sss 6.15 
Electromagnetic compatibility (EMC): 28.1ff 
Electromagnetic interference (EMI): 28.1ff 
Electromagnetic radiation: . . 21.1 
Electromagnetic spectrum: .. 221.1 
Electromagnetic wave: ................................... 21.1 
Electromotive force (ЕМЕ): ...................... 5.1, 5.2 
Electron gün; oni eere tete 8.11 
Electronic Industries Association (EIA): ...... 28.9 
Electronic voltmeters, see "DMM" 

IQ d ————Á—M— H( 5.1 
Electrostatic discharge: 25.7 
Electrostatic field: ............................. we 6.7 
Elevated ground radials: .............................. 20.21 
Elevation: .......................... . 23.14, 23.55 
Elevation (and antennas): .. 20.3, 21.8 
ELLERS.EXE: ......... . 20.11 
Elliptic filters: .............ssssseeeeee 16.9 
Elliptical orbit: 23.14 
Elmer: ise te eroe 1.10 
ЕМЕ: з шыра ete 2.10, 20.52, 21.24 


EME Capabilities, Calculating: . 
EME Software: ..................... 


Emergencies: .......... 

Emergency communications: 1.5, 1.10, 2.4ff, 29. 6 
Amateur Message Form: .......................... 30.66 
ARES and NTS, Organization of: ........... 30.64 
ARES Personal Checklist: ........................ 30.61 
ARES/RACES structure: ..... . 30.62 
ARL Numbered Radiograms: . .. 30.68 
Checking Your Message: .... 30.69 
Coverage in an Emergency: 30.65 
Handling Instructions: ................. 30.67 
HF Emergency Network Structure: ......... 30.65 
Interaction between EOC/NCS and 

Command Posts: ................................... 30.63 
NTS Formal Message: ............. . 30.67 
Operating Aids for Public Service: .. 30.61 
Power supplies: ............................ . 11.23 
Principles: .......................... .. 30.61 
RACES Operating Frequencies: .............. 30.62 


Station Deployment for ARES: 


Emergency transmissions: . - 23.6 
EMI aceite Я 28. iff 
Package (ARRL): ........................................ 28.2 
Emissions: 
Classification: ............................................. 29.3 
Spurious: .... . 28.1ff, 29.7 
Standards: өзу... шышаны аный 29.6ff 
Emitter: 
Coupled logic: .............................. 7.16ff 
Degeneration: ............ esse 13.27 


(Emitter, continued) 


FollOwet? г.а адлы, . 8.3 

Resistance: ....... 10.26 
Enameled wire: ws 24.8 
End' effect: дани ниши ейи шынды 10.4 
Energized Circuits: .......................................... 9.16 
Energy: ..................... 5.1ff, 6.3 

Stored in inductor: ...................................... 6.17 
Engineering notation: ....................................... 4.6 
Enhancement-mode FET: .. 8.16 
Entrance panel, radio: ...................................... 9.7 
Envelope: 

Detection? inea ees 15.8ff 

Modulation: . 15.5, 15.8 


Ероса and Deere Я 
Equations 4.2, 4.7ff 
Equatorial belt: 0... cccccessesesssseescssesssseseeceees 
sh EN s 
ATIVE aes etie rte ittis cet 12. 53 
Contamination: . .. 27.12 
Manufacturers 145ї:................................... 30.20 


Power and grounding: . 
Кераіг:.......................... 


Requirements for modes: ............................. 3.4 

Satellite: ....................... 23.25, 23.30 

Shipping: rainane 27.26 

Stacking ies ГКК 22.3 
Equivalent circuits: 

Norton and Thevenin: ................................ 10.4 

Series and parallel: ..................................... 6.34 


Equivalent Values of Reflection Coefficient, 
Attenuation, SWR and Return Losses: 30.36 

ЕОХ: CM 23.14 

Ergonomics: > 


БАР: usen 2 23.14 
Error detection: ........ . 7.33 
Error, quantization . 18.2 
ВА аы pee 23.14 
Etching techniques: ................ sess. 25.12ff 
Euler's:rule: aient erectis 18.7 
European semiconductor nomenclature: ....24.16 
Evaporation inversion: ... -. 21.6, 21.23 
Exalted carrier reception: .............................. 122 
Exams, Amateur Radio: .. 29.6 


Excess noise ratio: ... 


Excitation table, logic: ................ sss 7.9 
Exosphere: ................. 21.7 
Expanded notation: ................... sse 4.6 
Expohnents: etienne 4.2, 4.6 
Exposure guidelines, RF: 1 9.12 
Extended ASCII: ..................... . 12.17 
Extended double zepp for 12 m: .20.12 
External-anode tube: .......... 13.19 
External noise (EMI): ...... .. 28.4 
External RF power amplifier: ........................ 29.1 
Extraterrestrial propagation: ........................ 21.23 
Extrinsic semiconductors: ....................... ess 8.12 
F 
E layéti.. stre 21.5ff, 21.14, 21.14ff 
Facsimile, see “Fax” 
Fading: sapnis iien 17.15, 21.9 
Bandwidth: ................... esses 17.15 
Selective: . 15.7, 17.32 


FAL .......... 
Fall time: .. 
Fans: ......... 
Fan-out, logic: 
Farad: ....... 
Faraday rotation: ....... 
Far-field ground losses: 
Fast Fourier transform: 
Fast-flutter fading: .... 
Fast-recovery diodes: ............................ 
Fast-scan television, see “ATV” 


Бах анши ОН, 2.7, 3.8, 12.34ff 
EMT лы ши анаа 28.11 
Federal Communications Commission 
(ECC): suus 1.3, 1.8, 1.10, 23.1, 29.1ff 
Computer radiation: ................. 
Interference Handbook: 
Organization chart: 
Part 97; suus 


Part П excerpt: ............ .. 28.10 
Prefixes Outside the US: .......................... 30.52 
Regulations: ............... sss 

Rule Book, ARRL: .. 


Rules parts, other: ....................................... 
FEC (forward error correction): ...... 12.21, 12. 32 
Federal Information Processing Standards: .... 9.8 
Federal Regulations, US Code of: ................. 29.2 
Federal restrictions on amateur antennas: .... 29.4 
Feed lines: 

Attenuation of two-conductor: ........... a 

Impedance of two-conductor: .................. 30.35 
Feed lines, see “Transmission lines” 

Feedback: а нааш 8.3, 17.3 


Digital: ынал 7.8 
Negative: ‚27.19 
RE: eas .27.21 
Troubleshooting: .................... . 27.13 
Feng Yun satellites: ...................................... 12.37 
Ferrite: .................. 6.25, 24:4 
Вайл TT 19.16 
Beads (EMI): . .. 28.7 
Toroids table: .................ssssese 24.7 
FETS: .............. 8.15, 8.23 
Biasin gs ае uiios 8.26, 10.30 
Power; table: ............................................. 24.23 
Practical: ........... . 8.26 
Schematic symbols: . .8.22 
Small-signal design: ... . 10.30 
Small-signal, table: .. . 24.17 
Terms: een 27.26 
Troubleshooting 27.26 
VOMs: .27.2 
ЕЕН: ....... .. 26.2 
Fiber optics: e ettet tes 8.29 
Field Рау... eee 1.3, 1.10, 2.2 
Field Organization (ARRL): Ое 1.10, 2.4 
Field strength near antennas: ......................... 9.13 
Fields: 
Cancellati ninuno ia 19.4 
Electrostatic: . 
Magnetic: ........... 
Magnetic, strength: ............. 
Field-aligned irregularities (FAI): .... 21.5, 21. 12 
Field-aligned scattering: ........... 21.3, 21.7 
Field-effect regulator diode: .......................... 8.20 
Figure-8 pattern: .................. see 20.4. 
Filament choke: ......................... sess 13.13 
Files (tool): ........ . 25.4 
Filter method SSB: ...................1.. 12.3 
Filter tables: 
How to Use the SVC? ............................... 30.26 
5-Branch Elliptic High-Pass Filter Designs: 
30.33 
5-Branch Elliptic Low-Pass Designs: ..... 30.30 
5-el Chebyshev High-Pass Designs: ....... 30.31 
5-el Chebyshev Low-Pass Designs: ....... 30.27, 
30.28 
7-el Chebyshev High-Pass Designs: ....... 30.32 
7-el Chebyshev Low-Pass Designs: .......30.27, 
30.29 
Filters: .. 8.3, 16.1ff 


Active 16.28 
AC-line .. 28.6 
AF: usus 17.28 
Antialiasing: 

Attenuation: 

Audio EMI. .... 

Band-pass design: ................ 16.7, 16. 15, 16. 23 


Band-stop design: ..................................... 16.17 
Broadcast interference: . 16.36 
Brute force: ....................... 
Butterworth pass-band loss: 
Butterworth stop-band loss: 


Capacitor input: ........................................ 11.11 
Cascaded: ............ sss 17.9, 17.31 
Chebyshey: seltene 17.12 
Chebyshev table:. ... 16.12 


Choke input: .... 
Common-mode: 
Crystal: ......... 
CW: .... 
Design: ................. 
Differentiator (DSP):. 
Digital: БТН 


-. 16.17ff, 17.30 
. 17.19, 17.30 


Evaluation: 
FIR: 22 sus 
Frequency scaling 
Half-lattice: .......... 
Helical resonators 
High pass design:. 
How to use tables: 


IP: onse neis 
IIR: Sees 
Impedance scaling: ........................ ‚16.5, 16. 9 
Impulse response: n» 18.8 
Interdigital: .. 16.23 
16.3ff 
Low- -pass CAD: .............. 10.20 
Mechanical: . 17.31 
NBFM IF 17.37 
Notch: ..... . 28.1 
Power supply: ........... 11.11 


Standard value capacitor design: ........... 16.8ff 
Switched capacitor: .................. sss 16.34 
Switching: ............. 17.31 
Telephone EMI: .28.11 
Transmission line: ................................. 16.21ff 
Trànsmit: машаа наны 28.2, 28.5 
TV high: pass? «eire 28.5 
Typical bandwidths: . 16.5 
Ultimate attenuation: ......... 17.28 
4x3x5 MHz Filter for Mode J: . 23.39 
Finite impulse response (FIR): . .—. 18.8 
Finite-state machines: ............... see 7.9 
FIPS (Federal Information Processing 
Standards): ............... sese 9.8 
Firmware: ................. eene we 7,23 
Five-band, two-element HF quad: ............... 20.38 
Flagpole antenna: .................... see 20.20 
Flares, solar: ...... 21.9ff 
Flat line: ...... .. 19.4 
Flattopping: ... .. 12.2 
Troubleshooting: ‚27.11 
Flicker-effect noise: . ‚17.20 
Flip-flops: iisi naa 7.9ff 
Flow diagrams, DSP? ............... 7... 18.4 
Flutter fading: ........ ^» 21.17 
Flux: ............ 
Density: 


Leakage: .. 
Linkage: ...... 
Flywheel effect: s 
EM: oerte 1.10, 12.6ff, 15.9ff, 17.58, 23.1 
ATV: ... 
Deemphasis: `; 
Demodulation (DSP): ............................... 18. 14 
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(FM, continued) 

Detectots: «uso te 12.11 

Direct: .......... .. 15.10 

Discriminators: ..................... 12.10 

Бах A EE . 12.35 

In phase-locked loop: 15.1 

Indirect: .................. 15.10 

hn нула илинир нн нне 3.3 

PLL modulator: 00.0... eee сезсе 12.9 

Preemphasis: ... 

Receivers: .... 

Simplex: .......... 

Speech processing: ............. sees 2. 9 

Transmitters: ......... .. 17.58 
FO-series satellites: .. 23.14 
Foehn winds: 0.0... escsssscssesssscsecsessesenseseesones 21.23 
Foldback current limiting: .................. 11.1, 11.15 
Folded unipole: ................. essen 20.21 
Force, electromotive (EMF) .5.1, 5.2 
Forced-air cooling: ........ . 13.15 
Formulas: 

Acute and obtuse triangles: ........................ 4.13 

Admittance: .................. . 6.33 


Amplification factor: ....... 
Average (voltage or current): . 
Bandwidth: ......................... 
Bandwidth of resonant circuit: 
BJT amplifier design: 
Blocking DR: ............. 
Butterworth filter: . 


Capacitance: sse . 10.4 
Capacitance from physical properties: ........ 6.9 
Capacitive reactance? ..................... 6.13 


Capacitive susceptance: 
Center frequency (filter): 
Charge and capacitance: 
Charging capacitor: ... 


Circulating current: ...... . 6.40 
Closed-loop regulator gain: 11.19 
Current at resonance: seses 6.36 
dBm level: ............. ‚ 17.2, 26.40 
Decibels earar ыйына ннн нын 4.17 
Defined: ...... 42 
Deviation ratio: ..... „12.7 
Diode switching time: . .. 10.8 
Discharging capacitor: ................................ 6.12 
Drain current: ............................ 10.26, 10.30 
Dynamic range: ........................................... 17.6 


Dynamic resistance (diode): 
Emitter current: ........................... 
Energy storage and capacitance: ...... 
Energy stored in inductor: ............. 
Energy, power and time: . 
Excess noise ratio: .... 
Filter QU: ...............s 
Filter response: ..................... 
Flux density: assesseer 
Forward transconductance (FET): . 
Frequency and wavelength: ... 
Gain of Darlington pair: .. 
Heat flow: .................. 
Helical resonator: 
Helical resonator Q 
Horsepower es 


Impedance of parallel-resonant circuit: .... 6. 
Impedance R + ЈХ:............... 
Impedance, resonant RF transformer: 
Impedance, transformer primary: ...... 
Impedance, transformer secondary 
Inductance for ferrite toroids: .... 
Inductance for powdered-iron toroids: ...... 
Inductance from physical properties: 
Inductance of straight wire: ........... 
Inductance of wire: ....... 

Inductive reactance: ... 
Inductive susceptance: ............. 
Inductor current to return energy: ............. 6.20 
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Inductor current to store energy: ............... 6.19 
Inductor time constant: .................. sss 6.19 
Inductors in parallel: . . 6.19 
Inductors in series: ................... 6.19 
Instantaneous (voltage or current): 4 6.5 
Intercept points: ........................-. 17.10 
JFET design:........... 10.30 
Junction capacitance: ............... sse 10.7 
Kirchhoff’s Current Law: 5.4, 8.21 
Kirchhoff’s Voltage Law: ............................ 5.4 
Law of Cosines: ........ 4.13 
Law of Sines: .......... 4.13 


Laws of exponents: ....... 
Logarithm definition: ... 
Magnetic field strength: 
Magnetomotive force: ................ 
Matching networks: .................... 
Maximum flux density of coil: 
Meter multiplier resistance: 


Meter shunt resistance: ............. sees 26. 4 
Microwave noise floor: ........................-.-. 17.43 
Mixing: sss «17:22 


Modulation index 
Multivibrator: ..... 
Mutual inductance: 
Noise factor: ....... 


Noise Пете, reete 8.6 
Noise floor: ...... 26.40 
Noise temperature: А 17.42 
Noise, cascaded stages: ‚17.9 
Norton's Theorem: ............... 5.6 
Number of turns, ferrite toroid: ........ 6.26 


Number of turns, powdered-iron toroid: ... 6. 
Ohm's Law: ......... see 


Ohm's Law for impedance: ........................ . 6. 34 
Ohm's Law for reactance: .......................... 6.26 
Op amp gain: ................................... 

Open-loop regulator frequency cutoff: ... 1 1. 19 
Parallel capacitors: .................... sss 6.10 
Parallel reactances: ......................... 6.28 


Parallel resistance: 
Parallel-equivalent resistance: 
Peak (voltage or current): .. 
Peak envelope power (PEP): 
Percent ripple: ...................... 
Percent voltage regulation: . 
Permeability: ............. 


Power efficiency: 
Power factor: .......... 
Pythagorean Theorem: 


Qus oss eorom 6.21, 6.36, 10.13, 26.16 
Q of parallel-resonant circuit: .................... 6.41 
Quadratic equation: . н ОАВ 


Resistance measurement: Я 
Resistance wire ees s 
Resonant frequency: .. у RE 6:39 
Right triangles: ............ ess 4.11 
Rise time: ....................... 16.3, 26.26 
RMS (voltage or current): 
Saturation flux density: ....... 
Second-order intercept: .... 

Self-resonant frequency: ............. ES 
Series and parallel equivalent circuits: ..... 
Series capacitors: ....... 
Series reactances: 
Series resistance: . 
Significant figures: 
SINAD: ................ 


Skin effect: ............................ 10.12 
Spread spectrum channel capacity: 12.57 
Stub impedance: ........................... - 26.35 
Thevenin's Theorem: ....................... 5.5 
Third-order intercept: ..................... 17.6, 26. 42 


Three-terminal regulator current: 
Total parallel circuit reactance: 
Transformer impedance ratio: .................... 6.44 


Transformer power ratio: ........................... 6.44 
Transformer turns ratio: .................... 6.44 
Transformer voltage ratio: 
Transistor Qt ............... 
Transistor В: . 
Trigonometry: . 4. 
Unlike reactances in series: ....................... ' 6.28 
US Customary - Metric conversions: 
Voltage gain: ......................... 
Voltage regulator output ripple: . 


Volt-amp reactive (power): .. ^... 6.30 
Forward power: ........... essere 19.4 
Forward wave: ............ eene 19.3ff 
Fourier transforms: ................... . 16.4, 18.5 
Four-wire resistance measurement: i 
Fox: hunt: eoe terrens 1.10, 2.5 
Foxhunting: 

FO-20: usus 
Fractions of an Inch with Metric 

Equivalents: ................... .30.4 
Free electrons: . . 8.12 
Free space: .... ‚ 19.2 

Attenuation: 21.2 

TOSS E 21.24 
Frequency: 6.1, 6.3, 6.13 

Allocations: ............. eee 29.7 

АТМ ыны ырдан cre De e cece 12.48 

Audio measurement: .. 12.43 

CaliBfatiQnz... iet red rere rrr 26.2 

Coordination, repeater: .................. 23.4, 23.9ff 

Coordinator: eiit 29.1 

Counters: ... 26.16ff 

Distortion: . 27.11 

Domain: .. 16.3 

EME. ......... .. 23.59 

Filter response: ............... зшен 16.2ff 

Hopping, spread spectrum 3.8, 12.57 

Instability: а.га 27.15 

Lissajous figures: ....... -. 26.27 

Management, transceiver: ........................ 17.63 

Maximum diode switching: ........................ 10.8 

Measurement: ................ . 26.13 

Meters: sions 2027.5 

Modulation, also see “FM”: . . 15.9ff 

Multipliers: шиини н нди е 17.53 

Normalized ‚ 16.3, 18.2 

Resofiaft: |... osse 6.29, 6.35 

Response, probe: ....................................... 26.26 

Ripple? ——— E 11.11 

Shift keying, see "FSK" 

Shifting: ree ee 18.13 

Standards: ............ 2. 26.1 


Translation (filters): 


Units: «eene eU 26.1 
VS components: ssessssissssssrorsorresrssieresrisessvenee 10.2 
VS time: esses 18.5, 26.42 
Front-to-back ratio bandwidth: ...................... 20.1 
Front-to-rear ratio: ........... sess 20.31 
A)qe——— ЫДАН, 12.14 
ES TV нани ee SER Ve UTE 3.8 
Iu . 8.7, 10.26 
Full quieting: 23.4 
Full slopet: шыдаан кинини», 20.6 
Full-wave: 
Bridge rectifier: ........... sss 11.6 
Center-tap rectifier: .................................... 11.6 
Voltage doubler: .. 11.8 
Function blocks: ................ sse 8.4 
Functions: 
Inverse trigonometric: ................................ 4.12 
Logarithms: ......... 4.16 
Trigonometry: ............. esses 4.11 
Fundamental overload: ................ 28.1, 28.4, 28.8 
Fises? oo ated sia n fies a аА 5.9, 11.2 
Failure: .. T 27.13 
Replacement: .27.20 
Safety uem 9.16 


Amplifier: 


Bandwidth: 

Bandwidth product: ; 

Cascaded stages: ........... . 17.8 

Compression: ............. . 17.6 

Control, receiver: ...................................... 17.27 

Distribution: ....... А 

Transmit control... 17.51 

vs frequency: .. 

Galactic noise: ишн нинин. 
батта: наанаа 

Feed system: .... . 

Matching system: ...... 19.11, 20.34 
Gas tube transient protector: ........................ 11.10 
Gate (logic) tests: .............. 27.17 
Gate protection (MOSFET): 8.26 
Generators: ........................ 11.23 

Characteristics: 

Marker: . 

Tracking: ... 26. 
Себсепіет soie йун нии О 23.14 
Geomagnetic: 

A Index анааан 21.18 

Equator: 21.17 

Fie] de ишли a e a i 21.5 

Кае а 21.19 

Storms: ...... 21.10, 21.13 
Geometric mean: ....................................... 16.7 
Geostationary orbit: ..................... .. 23.14 
Geostationary satellites: .............. 12.38 
Germanium: ................ 8.12 
Germanium diodes: ................... esses 11.5 
Gilbert: iru dieci tetto vereor 6.15 
Gilbert cell: ... 15.13ff 
Gilbert cell Mixers: ..............sssssseeees 8.35 
Glossaries: 

UL ————M— 8.1ff 

Digital modes 12.15 

Modes: .......... 23:0 

оар woe 29.1 

Satellites: . .. 23.14 

SST iue e .. 1241 
GM Installation Guidelines: ......................... 28.13 
GOES satellites: ............. esee 12.36ff 
Golay coding: ... « 12,28 
Gray-line paths: 21.15 
Grid: .... 


Bias: 
Dip meter, see “Dip meters” 
Dissipation: issia 13.19 
Тад чирий е ыйды as 13.28 
Ground fault circuit interrupters (GFCIs): .... 9.5, 
9.16, 11.1 
Ground station: ............ esent 23.14 
Grounded-grid amplifiers: ...... 8.10, 13.14, 13.19 
Grounds?) аа dee teni 9.4ff, 28.1 
Alternative RF: ......... essere 9.8 
DG: kien aed 222 
Loops: .. 9.8, 22.2, 28.7 
Мове iren e RID Er нн ны do инни: 22.2 
Plane antenna .. 20.21 
Plane circuit construction: .. 25.8 
Radiation from: .............. .. 28.8 
Return losses 20.20 
RF: we 22.2 
Rod:. .. 20.23 
Safety 9.4ff 
Station: ............. 22.2 
Systems: ............... .. 20.20 
Wave coverage: ........................................ 21.3ff 
Grounds for Lightning and EMP Protection, 
The (БооК): — 9.8 
Сгоопаїбгаск: ............... аана 23.14 


б-ТОК: а а leslie 3.6, 12.27 
Guanella 1:1 Байшп.......................................... 6.49 
Gulping, AGC: ... 17.21 
Guy wires: 1... eese 9.1, 30.36 
H 

Hairpin match: .....................а 19.12 
HAL PCI 4000: наны sse 3.7 
Half-complex mixer: . 18.13 
Half duplex: кенин зды 23.4 
Half-lattice filter: 16.18, 17.30 
Half-Sloper antenna: ..................................... 20.26 
Half-wave length constant, K: ..20.2 
Half-wave probe: ............................................ 26.9 
Half-wave rectifier: ......................................... 
Half-wave voltage doubler: . 

Ham band: ...................... 

Ham radio operator: ........................ 

Hamming window (DSP): ..................... 
Hand-held transceivers: ....... 


Handicap, audio meter display 
Handling Instructions: 


Hang AGC: . 17.27 
Hang time: ыыр днн 23.4 
Hanning window (DSP): ................................ 18.7 
Hardline: .............. esee 19.1, 19.6 
Hardware, DSP? ............................................... 18.3 
Harmful interference: ..................................... 29.1 
Harmonics: .................. 17.22, 28.1 

Distortion: ............... ITS, 2711 

Suppression: ...................... 13.5, 17.55 
Harvard architecture (DSP ICs): .................. 18.17 


Hazards: .... 
Dummy loads: . 
Electrocution: ; 
Soldeting:...... cr reete emeret 25.4 

HDLC controller: .................. sess 12.23 

Heat handling (diodes): . 

Heat in capacitors: .. 

Heat reduction: . 

Heat sinks: .... 

Heater: .... 
Choke: 


Voltage: 2... 

Height of the antenna above ground: д 

Helfert, Hans-Peter, DL6MAA: ....................... 3.6 
Helical resonators: ................ 16.25ff 
Helium: ............. . 21.7 
Henry: .... ^. 6.17 
Hertz (Hz): . 6.3, 6.13 
Heterodyning: ... . 15.1 


Hewlett-Packard: . 


410B/C VTVM.... .. 26.12 
Hexadecimal numbers: .............................. 4. 2, 1:2 
HF (high frequencies): ................... 1.10,3.1, 21.4 

Adapter for 'scopes: sess 26.28 


Emergency Network Structure: 


Fax services: ...................... 12.35 
HF mobile antennas: 20.46 
Base-loading: ....... 20.46 


Capacitance hat 
Center loading: .... 
Homebuilt loading coil: . 


Impedance matching: . .. 20.46 
Li netWork: neret. 20.47 
Loading coils: ................. eee 20.46 
Shunt-feed matching: ..................sss 20.47 
High-energy particles: ... 21.10, 21.13 
High-energy solar UV: ................ sess 21.7 
High-energy X-ray radiation: ANITA 21.7 
High impedances: ...... E 513.1 
High-p triode: ....................... 13.19 


High-pass filters, also see "Filters": ... 
High-performance VHF/UHF Yagis: 
High-pressure weather systems: . 
High-voltage construction: ......... 
High-voltage equipment interfacing: 


High-voltage power supplies: ....................... 11.20 
Hilbert transform: ................ 17.47, 18.13 
Hints, construction: ................................... 25.19ff 
Hints, troubleshooting: ................................. 27.17 
Hi-pot test: ................. 13.21 
HN connectors: ........eeeeseeseeeeeeeee 24.34 


Home station equipment: ............... 
Homemade dipole center insulators: ... 


Hopping (spread spectrum): ............................ 3.8 
Horsepower: ..................... .5.7 
Hot-carrier diodes: . 8.17 
“Hot” relay switching: . 13.35 
How to be an NCS: ...... 30.69 
How to use filter tables: ............. 16.11ff 
How to Use the SVC Filter Tables: ............ 30.26 
HRPT fax їтареб$:........................................ 12.37 
HT holders: ......... 22.51 
Huffman coding: sse 3.6 
Hum, in D-C receivers: .... . 17.22 
Hum, troubleshooting: ................................. 27.13 
Hybrid: 
Amplifiers table: ...................................... 24.19 
ARQ: ............ 12.29 
Combiners .. 26.38 
ПОНЕЛИ TET erede 8.29 
Hybrid-pi transistor model: .......................... 10.26 


Hydrogen: ........ 
Hyperbolic cosines: . 19. 
Hypotenüse; esee eel 4.11 
Hysteresis: ааа ининдин 6.16, 10.9 
Hysteresis losses: .................................. 6.24, 6.45 
I 
I chánnel: oett ree 18.13 
I/O transfers: 7.27 
IAM/IBE: „аон 26.2 
ICAS (Intermittent Commercial and 
Amateur Service): ..... ... 13.10 
ICOM CI-V interface project: ...................... 22.46 
ICs: 
CMOS:; odes d дн ииий ны 8.31 
Component arrays: ............. eee 8.32 
Digital: ............. 7.15ff 
DSP: гены . 18.17 
Header plugs: „25.11 
Hybrid: ...... 8.29 
Linear: .... 8.29 
Markings . 24.5 
Monolithic: ... 8.29 
Multivibrators: ............. eee 8.32 
hijs te ———— 17.37 
Op: AMPS i з... иын инна инәй 8.32, 24.26 
PLL synthesizer: ............ 14.39ff 
Pros and cons: ........ 
Receiver subsystem 
Replacements? ees 24.6 
RF power-amplifier modules table: ........ 24.20 
Temperature ratings: ................... 


Troubleshooting: . 
UHF: 
Voltage regulators: 
ID Timer, a simple: ... 


Idealized knife edges: ................... ss 21.2 
Identification, ATV: ............... see 12.49 
IEEE: 
Std 1100 (power and grounding): ............... 9.8 
Standard for RF Energy: .......... ‚9.12 
IF: 
Choosing an: ............ seen 17.33 
Filter response: иша Аннан 17.48 
Filters: .............. . 17.28, 17.47 
Linearity and noise: ................. eee 17.48 
Oscillations: ......... .27.12 
Rejection: ......... ww 15.4 
Speech processing: ............................... 17.47 
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(IF, continued) 


Transformers: oseese aseistettiin 24.7 
IGFETS; ышын EEEE 8.15 
IIR filters: . 18.10 
Image: ....... 15.7, 29.1 

ГАРРИ tti ET 15.7 

Cancelling receivers: 17.20 

Frequencies: ............. eee 17.35 

Modes: ............ 3.8, 12.34ff 

Parameter filters: .............. esee 16.5 

Rejecting receiver: ........... 17.72 
Imaginary numbers: .............. sse 4.15 
Imbalances in open-wire lines ..19.14 
ІМ: ——— 8.4, 17.22 

Cascade ICT HA 17.10 

Dynamic range: .. .. 26.41 


NBFM receivers: 
Ratio: ............... 


Testing and calculating, in receivers: .. 
Transistor amplifier: .................see 8.25 
TWO Oe iniii 17.22, 17.49 
Impedance: ............. eee 6.1, 6.31 
Amplifier in/out: .......... . 8.3, 821 
Calculating from R and X: wee 6.31 
Common-mode: ............. eee 17.13 
Matching: ыдын нн ЫИЫК 8.5 
Matching networks 17.11 
Microphone: ...... 17.45 
Ohm's Law for: . . 6.34 
Parallel circuits: .... . 6.33 


Parallel-resonant circuit: . 
Ratio, transformers: . 
Transformation: ....... 
Transmission-line stubs: . 


Transmitter output: ...... 17.51 
of two-conductor lines: ............................ 30.35 
Vector addition: ...............ssseeee 6.31 
Imperfect ground: ..... .. 20.3 


.. 18.8 
.. 19.4 
23.14 

deni 23.14 
12.5ff, 15-7 
a 24.11 


Impulse response (DSP): 
Incident wave: ........... 
Inclination: . 
Increment: .............. 
Independent sideband 
Indicator lamps: . 


Indirect FM: .............. . 12.8, 17.59 
Indirectly heated cathode: 13.13, 13.20 
Induced voltage: ...................sssssssss 6.16 
Inductance and inductors: ... 6.1, 6.14, 6.18, 10.8 

АС. ининин 

Air core: » 

Calculating ‘practical: hus 

Cores: idee eth 

Ed Р 

DC in:. 

Design: . assests 

Distributed capacitance: : 

Energy storage: ............ Е 

In parallel: ..................... essen 6. 19 

Tn. Series: enses nd 6.19 

In straight wire: 6.18, 6.23 

Iton-core: шындан ийнинин 6.24 


Leakage reactance: 
Loaded antennas: .. 


Meter: .............. .. 26.21 
Modeling: ................ sss 10.8 
Миша арасан 6.17, 6.42 
Orientation and spacing: . .. 10.13 
Parasitic: ....................... 10.10 
Powdered-iron toroidal: ............................. 6.24 
Quin sete n iie eitis Да Камы 10.8 
Radio work: 6.18 
Reactance: .. . 6.20 
Saturation: шишиди ынша 10.8 
беа илы ыи барле ПУ 6.42 
Slug-tuned .. 6.24 
Ѕігау:............ 26.35 
Susceptance: ыы шыны илиниш 6.21 
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Tap positions: ..............ш.зеееееееев 13.22 
Time constant: . 6.19 
Troubleshooting: .. 27.23 


Winding: ... 5.22ff 
Wires as: ...... .. 10.10 
Induction (EMI): нене ни eee 28.1 
Infinite-impedance square-law detector 
Infinite impulse response: ....... 


Infinity: сзсз; н 
Information bulletin 
Input frequency: .. 
Input matching network: 


Input-output differential: ........................— 11.1 
Input tank: ................... 13.19 
Instability: ............. eee 25.19ff 
Installation of chip components: ................. 25.12 
Installations: 

Auto two-way guidelines: ........................ 28.13 

Computer (EMI): ............... e 28.13 

Telephone: ...... ... 28.11 

ТМ —M— P! 28.9 
Installing ground rods: ............ .. 20.23 
Instantaneous (voltage or current): .... wee 6.5 
Instinctive approach (troubleshooting): 27.10 
Instruction register: ......................... . 7.24 
Instrumentation amplifiers: .......................... 8.33 
Instruments, also see "Meters": 

Dip meter: ....... 


Frequency: .. 


Hybrid combiner: ................... esses 26.38 
Inductance: ............ ... 26.21 
Network analyzer: . 26.46 
Oscilloscopes: .... 26.24ff 
Return-loss bridges: . .. 26.38 
RF ammeters: ........ .. 26.8 
Signal generator: .................. sees 26.36 


Spectrum analyzers: . .. 26.42 


Tracking generator: 


Insulated-gate FETs .. 8.15 
Insulated wire: .... .. 20.8 
Insulators: .... 8.12 


Integers: ... 

Integration: . 4.18 

Integrators: 4 ree ees 26.3 

Interaction between EOC/NCS and Command 
Posts: cetus ын ДЫ peer ete 30.63 

Intercept point: .................. sss 15.19, 17.6 

Intercom ЕМІ: ы Дл шшш ЫШ ЫШНА; 28.12 

Interconnecting equipment: ........................... 22.4 

Interdigital filter: ................. 

Interelectrode capacitance: . 

Interface box project: ...... 

Interfaces, $$ ТУ:................. 

Interfacing high-voltage to solid- state: .. 22.13 

Interfacing logic families: .......................... .. 7 20ff 

Interference: 


Spurious Requirements at 30-225 MHz: . 30.46 
Spurious Requirements below 30 MHz: .30.46 


TV Channel vs Harmonics: ...................... 30.45 
TVI Troubleshooting Flowchart: 30.44 
Interference Handbook: ....... .. 28.14 
Interference pamphlet: .................................... 28.2 
Interference, also see “EMI 28.1ff, 29.8 
Receiver front ends: .................................. 17.33 
Interleaving, data: ...................sssssss 12.29 
Intermittent dc: ................ essere 6.2 
Intermodulation distortion, see “IMD”: ........ 23.4 
International Amateur Radio Union 
(ARUY iei нн йына 1.8, 1.10 
International Electrotechnical Commission : 24.1 
International goodwill: ...................... sess. 1.7 
International Morse code: .............. .29.1 


International system of measurements: 49 
International Telecommunication Union, 

see also ITU: .............. 1.10, 29.1, 29.2, 29.7 

Regions: . ... 29.6, 30.49 


Interpolation 1 (DSP): 6 dius 18.16 


Interrupt-driven FO: ................. see 7.28 
Interstage coupling: ............... eee 8.5 
Intrinsic semiconductors: 8.12 
Inverse DFT: ............... eee 18.7 
Inverse trigonometric functions: .................... 4.12 
Inverted L antenna: .............. eee 20.26 
Inverted V: ................... 20.6, 20.11 
Inverted-V configuration: ....................... 
Inverter, dc-to-ac: 
Inverters: ....... 
JONCAP: zen eee aote 
Ionizing UV: .......... eee 
Ionosonde: .... wis 
Ionosphere: ........scssessesessesesssseeneseeseseeneneenes 1.4, 21.7 
Tonospheric: 

Density: aeree e 21.8 

Fading: .. we 21.9 

Layers: entente 21.2, 21.7 

Propagation: wee 1.4, 21.6 

Refraction: 21.7 

Traumas i TU Em 21.9 
TOTIS: rre АСРОРРО eer een eei die ТО ТЫ 5.1 
IONSOUND: ....... .. 21.18 
Iron-core inductors: ... wee 6.24 
Iron-core transformers: ‚ 6.43 
Iron-on resist: ......... 25.14 
Irrigation tubing: ............. eene 20.35 
ІВ: tir e teen 12-5ff, 15.7 
Iskra: 
ISO 2593 Pin Allocations for V.35 

Interfaces: ыенен нинин 30.43 
Isolation well: .................... eene 8.29 
Isolation, port-to-port: 15.4, 15.7 
Isotropic radiator: ................... eet 20.3 
ITAI through 4, Code Conversion: 30.41 
ITA2 (Baudot):...........—.. eire 12.13 
ITA2 (Baudot) and CCIR Rec 476 (AMTOR) 
Codes: dee ente 30.38 

ITU Recommended Phonetics: .................... 30.56 
ITU Regions: ............ eee 29.6, 30.49 
J 
J-Pole antenna, 2 m: ............... sse 20.59 
JAMSAT: eerte es 


Japanese semiconductor nomenclature: 
JEETS: e edes 


Large-signal design ... 10. 
Terms: a a a e RE eR 27.26 
Tests: reete eren tse YR neg 27.26 
JY: 
J-K flip-flop:.... 
Josephson junction: .................. esee 26.5 
JOU CS ———— M 5.1, 5.2, 5.6 
Junction: 
Behavior: eee 8.12ff 
Capacitance: .17ff, 10.7 
FETs: ......... wee 8.15 
Voltages зн нана hn anite 10.6 
К 
K inde Xs шиини инейайинниниш 21.10, 21.13 


Kaiser window (DSP): 


KAM Plus: ...................... 3.6 
Kenwood interface project 22.47 
Kenwood TS-950SDX :................................ 17.66 
Keplerian element set: .................................. 23.36 
Keplerian elements: 
Key üp: ennari ieri tet adeps 23.4 
Keyer: 
Computer? —Ó—— HÀ 22.24 
Paddle wiring: . .. 22.20 


Single chip: ... 
Uncle Al's: 
Keying, CW:. 
Clicks: ... 
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(Keying, CW, continued) 


Troubleshooting: 


Waveform test: ....... f 
Kirchhoff's Current Law: . 5.4, 8.21 
Kirchhoff's Voltage Law: ................................ 5.4 
Kit Manufacturers: ......... esse 30.23 
Klystron tube: ............ essere 8.11 
Knife-edge diffraction: ................................... 21.3 
L 
L:fetwork: амымы адын Аиы 17.55, 19.13 
Lacing cables: |... 25.23 


Ladder filters: eese 16.18 


Ladder line: ........................................... 19.6, 20.5 
Ladder networks: ......cccccsseessecessesscsssssteseeees 17.11 
Lamp table: .................. .. 24.10 
Lamps, as RF ammeters: ...... .. 26.10 
Land-breeze inversions: ............................... 21.23. 
Large-signal amplifiers: .. 10.29ff, 19.10 
Гаваа EE КО 7.8 
Launch elevation angle: ................................. 21.8 
Laws: 

COSINES ОР аа tes 4.13 

Exponents: ........................ 

Kirchhoff’ s Current Law: ............ 


Kirchhoff's Voltage Law: . 
OHMS? ies 
Ohm's, for impedance: 
Ohm's, for reactance: . 


Sines, Of: .................. 
Layout, circuit: ............ 25.13ff, 25. 17 
LC filter (speaker Іеайѕ):.............................. 28.12 
LC filters: seses . 16.3ff 
Lead-acid batteries ..11.21 
Lead-in conductors: ................. sss 9.4 
Leakage: 

Conductance, capacitor: ............................. 10.5 

Сштей шшш и урин аара 19.2 

Flux: п... 

Reactance: .. 
Least significant digit (LSD): .......................... 
Level converters: : 22. 
Level shifting: ...... .. 22.11 
Level triggered logic ... 7.8ff 
ЕНСР «eene dee n erected 23.14 
Libraries, CAD models: ............................... 10.23 
Libration fading: ............. .. 23.56 
Licenses, Amateur Radio: ................................ 1.5 
Lightning: .......... .. 9.5ff, 21.24 
Lightning arrestors: ........... esee 9.7 
Light-emitting diodes (LEDs): 8.28 
Dimiters ы ына ЫНЫ МОНЫН aiiai 12.9 
Limiting: iusserit ird 17.37,17.58 

Amplitude: лнн нанынан ӨН 15.13 

Кпее:...... .. 12.10 


Line of sight: . 
Line rate, fax: 


Linear amplifier: 13.13 
Linear equations: ...........sseseeeerenenenetnnnnnns 4.8 
Linear ІС 8.29, 11.13, 27.26 
Linear taper: ............ esee 5.10 


Linearity: .. 8.2, 13.3, 16.4, 17.5 


re 17.48 
Matching: ............. eee 17.12 
Modulation: ...... 15.6 


Line-voltage lamps: 
Link budget: .. 


Lissajous figures: . . 26.27 
Literal equations: ............. eene 4.8 
LUZ WILE? «ease ИНОЕ 6.18 
LM1496 modulator/demodulator IC: . .. 15.14 
LO, square wave, in mixing: ..................... 15.13ff 
Load: 


Сїһагас{еп&Н©&5 шишин ныш 17.1 


Mismatch protection: 
Resistance: .......... 
Loaded antennas: 

` Loading: ........... 


Local building codes: ....... s 
Local zoning ordinances: ........ 
Locating parts: ............ 
Locating the Moon: .... зе 
Lock detector, in phase-locked loop: .......... 


Logarithmic amplifiers: . 
Logarithmic їаретг:................................. 5.10, 5. 10 
Logarithms: .......... m 


Natural or Naperian: 


Asynchronous: ..........................уу[][][‚]}[уү 7.8 
Characteristic equation: . 
Combinational: ........ 
Control signals: 
Dynamic: ........... 
Edge triggered: .... 
Emitter coupled: ....................................... 
Equivalent gates: . 
Excitation table: 


Finite-state machines: . 
Flip-flop$: renons isinna 7. off 
Gale TOSS? aiaa ia 


Level definitions: 
Level triggered: ... 
MOS logic families: 
Operators: ы ийненин аннан ни 7.4 
Positive and Мерайме:.................................. 7.7 
Sequential: ............... 
State diagram: ......... 
State transition tables: 
Static: ....................... 
Synchronicity: ...... 
Three-state outputs: .................................... 7. 18 
Timing diagram: ................. sse 7.9 


gus c ннн ннн 
Log-linear: ................... 
DOLI... een 
Long-distance F2 propagation: 


Long X-ray radiation: 


Antennas: диии ина 
Directional characteristics: 
Impedance: .................. 


SUMMING? ................. 
Loopstick RDF antenna: ............................... 23.71 
orc RÀ 23.15 


In transmission lines: . 

Radiative: ......... D 
Low-angle waves: ... 
Low-capacitance probes: .................. 27.11, 27.15 
Low-frequency fields: ..............7 9.12 
Low-frequency parasitic oscillations: “ 
Low impedances: ............. 
Low-pass filters: 


Lower sideband (LSB): айз —— 15. 5ff 


: Lowest usable frequency (LUF): ................... 21.9 
Lumped elements: ................ sss 10.1ff 
M 
Machine (repeater): ......................................... 23.4 
Machine-Wound Coil Specifications: ......... 30.24 
Magnetic: 

Coupling: iera anann ЕЕ; 6.17 
Field strength: ............... нашаа ннн. 6.15 
Fields: han 6.14, 6.43, 9.12 
UK aee ИШНИ УМ 6.14 
Flux density: . 6.16 
Materials: ............. .... 10.8 
Mount ог mag-mount: ... 23.4, 23.8 
Magnetism: ......................... . 6.14, 6.43 
Magnetometers: ............................................ 21.10 
Magnetomotive force: .................................. 6.15ff 
Magnetosphere: .................................3}у[у][у[ү 21.7 
Magnetrons: .. wee 8.12 

Main lobe: .. . 20.31 
Manometer: .............. 13.16 
Manufacturers model libraries: .................... 10.23 
Manufacturers of Equipment: ...................... 30.20 
Man-made noise: ................................. 21.4, 21.24 
Maps: 

US/Canada: сыннан 30.59 
US Grid Locator: ..... 30.60 


Marconi vertical antenna 


Marker generators: ...... .. 26.13 
MARS: eae erectae eroe ie estende ion 2.5 
Master station (AMTOR): . 212.21 
Master/slave flip-flop: .... wee 7,10 


Matched lines: 19.2 

Matching: .............. 17.3 
Antenna to the line: ..19.10 
Conjugate;...—. o teet eade 17.2 
Impedance: лаана каня 8.5 
Line to the transmitter: ............................. 19.12 
Networks: .............. 


Source and load: 

Transmitter stages 
Materials, shop: ........... 
Maximally flat response: ... 
Maximum collector current 
Maximum ratings: ...................... 
Maximum usable frequency (MUF): 
Maximum usable frequency factor (MUFF): .21. 8 
Maxwell (back ЕМЕ): ................... 
Maxwell (displacement current): . 


Maxwells: ................. ees 
MC13135 (IC) 
MC1350 (IC): 
МС1496 (IC): ................................ х 
МС 1496 modulator/demodulator IC: . .. 15.14 
MC3371P (IC): .. 17.38 
McClellan (DSP): . .. 18.10 
MDS test: .................. . 26.40 
Mean anomaly (MA) .. 23.15 
Mean motion: ... .. 23.15 
Mean power: ....................... 2222971 
Measured Inductance of Coils? .................... 30. 24 
Measurement systems: 
Metric uiii динини Аиа 4.8 
SIS a 4.9 


US Customary: . 
Measurement units: 


Measurements: ..... .— 26.1 
АС 6.5, 26.8 
Audio frequency: еш esee 12.43 
UTP EN 4er ei tede 26.6 
Dip meter: Е 
Distortion: " 

Filter response: ................ een 26. 46 
Frequency: ........... sese nnn 26.13 
Inductance: ....... .. 26.21 
Keying waveform: ............ e 26.48 
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(Measurements, continued) 
Lissajous figures: ......... 


Meter internal resistance: .. 26.4 
Noise figure: ................. 26.31 
Phase angle: .............. eee 26.46 
Resistance: аидан иннин: 26.6ff 
RF power: ... 26.12 
SWR: .............. 26.13 
Turn-around time: ............. еннен 26.48 
Voltmeter impedance and: ....................... 26.10 
Mechanical construction: . 
Mechanical filters: ................ssss 
Medium frequencies (300 kHz-3 MHz): 3 1,21.4 
Memory ARQ: ........... e 
Memory, computer 
Memory, logic: ......... 
Memory-mapped I/O: ................ ee 7. 28 
Mercury vapor diodes: ........ 11.5 
Message forwarding systems: .. 29.6 
Message handling: .......... ‚3.4 
Metal Gauges, Standard: ‚30.19 
Metal-film resistors: ............... е ... 10.3 
Metal-oxide varistors, also see “MOVs”: ... 9.4ff, 
11.10 
Metal working: .............. essere 25.24 
METEOR satellites 12.36 
Meteor scatter: ............. 2.10, 21.4ff, 21.12, 21.13 
Meteorological satellites: .......................... 12.36ff 
Meters: ...................... 272 
Accuracy: .. .. 26.4 
Calorimeteric: —————— € 26.8 
Fréquéhcy: «ducerent te 27.5 


Instruments: .. .. 26.3 


Internal resistance: 


Multipliers: .......... .. 26.5 
Rectifier instruments: . .. 26.8 
Resistance: ............... .. 26.8 
Shunts: .......... 26.4ff 
Thermocouple: .................. see .. 26.8 
Metric Equivalents to Fractions of an Inch: .30.4 
Metric system: шша аан 4.8 
Metric - US Customary conversions: .............. 4.9 
MF (medium frequencies): ..................... 3.1, 21.4 
MGF1402 transistor: ....... . 17.39 
Mho: ...................... 6.14 
Microcode: . w 7.23 
Microphone connector: .. 22.6 
Microphones: ..............иеененн нен 17.45 
Microsats: ...... .. 1.10, 23.12, 23.15 
MicroSmith: „гыш ннн дининен. 19.7 
Microstrip parameters: ................................. 16.22 
Microwave: 
AGE VIL? ааыа ааа 2.10 
Characteristics: ............ esse 17.15 
Construction: . .2521 


Frequencies 
Receivers: .. 
Transverters: . 


Midlatitude E, 21.12 
МІМІМОЕ ганада наон 21.18 
Minimum capacitance: ................................. 13.19 
Minimum discernible signal, see “MDS” 

Minimum practical capacitance: ................... 13.6 
MININE oo —— MP 9.14 
MINIPROP PLUS: санаанын. 21.19 
Mir (Russian space station) 1.3, 2.6 
Mismatched lines: ........... 19.2ff 


Mitrek transceivers: . 
Мї1хет$ eee aeter 
and angle demodulation: 
and angle modulation: 
Balanced: ..................... 


Diode: rst terere 15.15ff 
Diode DBM, applying: .. 15.21ff 
DMOS FET switching: .......................... 15.26ff 
Double-balanced (DBM ): .. 15.7, 15.15ff 
Double-balanced JFET: ............................ 15.25 
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Double double-balanced (DDBM): ...... 15.16ff 
DSP 2s ————— € 18.12 
Gilbert cell: ............. ses 15.13ff, 15.30ff 
High dynamic range DMOS FET: ........ 15.26ff 
Image-reject (IRM): . 15.7, 17.20 
NEGO2/A%: наннан 15.30ff 
Output сһапї:.........аеееееееевевеее 17.22 
ТТ teehstoneteeses 15.4 
Push-pull BJT: 15.26 
Receiver: .. 17.26 
Reciprocal: ................ eee 14.6ff 
Reversing-switch: . 15.14ff 
and sampling: ............. eee 18.2 
Single-balanced: .................... eee 15.7 
Single-ended: ......... .. 15.7 
Spurious responses: ......... 
with square-wave LO signals: 
Symbols for: ............... sss 
Terminations: 15.21, 17.26, 17. 33 
Transmit Spurs: ........... eee 17.50 
Troubleshooting: ..................... 

ММЇС#&: дыы MD 8. 36, 24. 19 

Mobile: 
12-V Junction Box: ............eeseeeeen 22.63 
Equipment: эллин н Ө нар 23.8 


Installation and setup: ‚22.14 


RDF Antennas: . 


Stations 
Mode: ............. 0, 23.13 
Mode A AMTOR: ...................... we 12.21 
Mode Abbreviations for QSL Cards: .......... 30.57 
Mode B AMTOR: ............ see 12.21 
Mode-S Receive converter: ‚23.40 
Modeling active devices: ................ 8. 13.2 
Models: 

BUT cette a eo EN 10.28 

CAD:. 10.20 

Capacitor: ОРКА .. 10.6 


Common-base amplifier: ... 


Common-collector amplifier: 10.27 
Common-emitter amplifier: ..................... 10.26 
COMPONENT: — 10.1 ff 
Diode, for ac; emeret 10.7 


General component at RF: .10.12 
Inductor: ..................... 


JFET small signal: 


Small-signal BJTs: . 10.27 
Tank circuit: ...... . 10.13 
Thermal: e esie 10.16ff 
Transformer: ............... sss 10.9 
Transistors: . 10.26 
Modems: onset eiie ни аны 22.11 
Modes: 
Choosing one: ...........ssssseeeeeee 3.2 
EME. ....... 23.59 
EM: ettet in ere tdi 3.1 
of propagation: ............. sese 19.18 
SSTV:; ......... 12.39ff 
Modulation iness 15.1 
Amplitude, also see AM: ... 3.2, 8.4, 12.2, 15.4 
Angle улиды гы ны : 
Factor: . 15.5 
Fax uu 
Frequency (FM):1.10, 12.6ff, 15.9ff, 17.58, 23. 1 
Index: ............. -... 12.7, 15.9ff, 17.37 
Linearity: accetti 15.6 
Methods: . 17.16 
Percentage: csse 15.5ff 
Phase: ...... 12.6, 15.9ff, 17.58 
RG: uses ate tertie olet se SIUS 12.54 
Troubleshooting: 27.21 
100%: ... ‚ 15.5 
Modulators: . . 15.1 
Amplitude, using DBM as: ^. 15.24 
Angle: esitare 15. 10ff 
Balanced: ................................ 12.2, 15.7, 17.47 
BPSK, with DBM: .................................. 15.25 


Frequency: ииненин нинин 15.10 


Phase: ........ 12.9, 15.10 
Power law: „а: 8.4 
Reactančei anodni 12.9, 15.10 
Square law 3 
Switching: .... 


Molex connector: ... 
Monolithic amplifiers, table: 
Monolithic crystal filters: . 
Monolithic ICs: ................. 
Monostable multivibrator: 
Monte Carlo analysis: .......... 


Moonbounce, also see EME: 

МОРА transmitter: ............eeeeeeeneennnen 17.52 

Morse code, also see “CW”?! .................. 1.10, 3.3 
Character Set: ........................... .. 30.37 


Requirement for Novice license: 
Morse "Cut" (abbreviated) numbers: 
MOSFETS: заанен ындан нд 


Gate protection: .. .. 8.26 
Level converters: .............. eee 22.13 
Logic families: ............... eee 7.15 
Logic families: .. 7.19ff 
Mosorb: ............. eee .. 8.20 
Most significant digit (MSD): ......................... 7.2 
*Motorboating": .................... 14.15, 27.11, 27.14 


MOVs, Table: . 24.12 


Multiband dipoles: ........ 
Multiband QRP transceiver: 
Multiband radiator: ................. 
Multihop F-layer propagation: .. 
Multilevel waveforms: ............ 
Multimeters: ............ seen 26.3, 27. 2 
Multimode communications processor 

(MCP): vee 12.14 
21.10 


Multipath: .............. : 
Multipath propagation: wee 17.15 
Multiple-hop sporadic E: ........... 21. 5. 21.6, 21.11 
Multiplication: ...................... sss ... 15.1ff 
Frequency: 15.10 
In DS Pi ааа tne dori 18.4 
Multiplier resistance: 26.4ff 
Multistage systems: ............. seen 17.8 
Multivibrators: . 7.13ff 
je —————— M— 8.32 
Mulltiwire windings: ....................... ee 25.24 
Mutual conductance: ......................... 13.3 
Mutual inductance: 6.17, 6.42, 10.13 
Myths about SWR: ........................................ 19.13 
N 
N COMMECLORS © eet reete 24.34 
NAND: LC — 7.5 
Narrow-band FM, see "NBFM" 
NASA suere eternam 23.15 
National Electrical Code (NEC): ....... 9.4ff, 9.14 
About the; nac iie iind 9.6 
National Institute of Standards Testing 
(NIST): eiue eet ree 26.1 
National Radio Quiet Zone: ........................... 29.4 
National Telecommunications and Information 
Administration (NTIA): ......................... 29.4 
NBFM (Narrow-band FM): ............ ч A) 
Circuits: аан: 17. 36 
Deviation ratio . 17,37 
ICs: ннен нды 2.17.37 
Modulation index: ............ 1737 
Transmitters: ................ .. 17.58 
NES5204A (IC): 17.38 
NE602 (IC): ecce у 8.36 
NE602/A: ..... . 14.17, 14.47, 15.14, 17.38 
Near-vertical incidence skywave 
propagation: ........................................... 21.14 


a ee шшр нашы Ol LO RP 


NEC: ыш Анны нн айын Андын 9.4ff, 9.8, 9.14 
NE CO TE e een Ais otis, 19.7 
NEC32684A transistor: ................................ 17.41 
Necessary bandwidth: . 12.1, 29.1, 29.8 
Negative feedback: ........ .. 17.4ff, 27.19 
Negative logic: ................ 

Negative screen current: . 

Neon lamps: .............. 

Мек cecinit 

Net Control Station, How to be a: 

Net Directory, ARRL: ............... 


HF and Repeater: . 
Public Service: ....................... 


Network analyzer: ...................... . 26. 
Networking: рушан. 3.5 
Networks: 
Coupling: 17.11 
Matching: .... . 17.54 
Packet radio . 12.24 


Neutral keying: ................ 20:77133 
Neutralization: ................. .28, 17.3 
Neutrodyne receiver: toh EAT 
AAEE na) i EAE O E E 5.1 
New construction, troubleshooting: .............. 27.6 
Nibbling tool: ................. essen 25.5 
NiCd (nickel-cadmium) batteries: ... 10.4, 11.21, 
23.4 

Nighttime bands: ..................... esses 21.4 
Nighttime D layer: Y we 21.11 
Nitrogen: ............eesseeeeeeees 21. 3, 21.7, 21.11 
NMOS лаа iet 8.15 
No tune techniques (VHF/UHF): . we 17.41 
NOAA satellites: ..................... . 12.36ff 
Nodal period: .. wee 23.15 
Nodes, and CA 2.10.20 
Nodes, packet: ............. essen 3.5, 12.22 
Noise: 

Atmospheric: . 17.14 

Blanking: .... 

Bridge: ............ 


Calibrated source: . 
Cancelling microphone: . 


Cascaded stages: ...... 

Di0de: ————— .. 26. 

ЕМЕ iisisti 28.1, 28.4, 28.9, 28.13 

Factor: ииненин анан 8.6, 17.4ff, 17.43 

Figure and Noise Temperature, Relationship 
DICTI H——— 30.34 

Figure distribution: ........... see 17.25 


.17.40 
> 26.31 
.. 17.4ff 


Figure, cumulative: .. 
Figure, Measurement 


Figure: ..... 
Flicker-effect: .17.20 
Floor: .................... . 26.40 
Frequency response: ................................. 26.32 
Galactic: aede aieo nin 17.14 
IE siehts .... 17.48 
In phase-locked loop 14.44ff 
ТОПО ee rettet tte ren 8.5 
Noise figure measurement: ...................... 26.31 
Phase, test: ....................... . 26.47 
Quantization: . ..18.2 
Received: ....... 17.14 
Signal-to-noise ratio: .............. sse 3.1 
Temperature: ........ 17.42 
SD H————— 8.5 
Transmitter, wideband: ...... 
Transmitter: .......... А 
Troubleshooting: 27.10, 27.11, 27.21 
White: iq nter pneter ica 27.11 
NOISE/COM: ..........eeeeeeeeeneentetnnnnn 26.29 


Noninverting buffer: 
Nonionizing radiation: 
Nonlinear amplifier: ...... 
Nonlinear components: . 
Nonlinear devices: ......... 
Nonradio devices (EMI): ...... 
Nonresonant RF transformers: 
NOR gate: ....... sss 
NorCal transceiver project: 
Normalized: 


Chebyshev filter tables: ........................ 16.12ff 

Filters: ose .. 16.5ff 

Frequency: . 16.3, 18.2 

Impedance: ....... 19.8, 19.9 
Norton equivalent: .......... 10.4, 17.3 

СЕС: ааа а ааа ыйы 5.6 

Resistance: ааа н 5.6 
Norton's Theorem: ........................................... 5.6 
NOT operator: зенин иннин 7:9 
Notation: 

Engineering: . 4.6 

Expanded: .. 

Exponential: 

Scientific: еа аа i p 6 
Notch filter: ....... 


Novice license: .. 
Now You're Talking! 


No-tune-up operation: . .13.1 
NSHADOW.BAS: .......... 20.29 
NTS Formal Message: . 30.67 
Null-modem connections: ............................ 22.11 
Number line... ааа далаа 4.3 


Number systems: 


Irrational: .... 
Natural: ..................... A 
Numerical Electromagnetic Code (NEC): ; 
N-channel MOS logic: .................... е еее 7.19 


(0) 
Oblique-angle scattering: ............................. 21.13 
Obtuse angles: oo. esses 4.11 
Obtuse triangles: ................. 
Occupied bandwidth: 
Octal number system 
Oersted: ....... 
Off characteristics: 
Offset: ............. 


For impedance: . 


For reactance: 


Ohmmeters: ........... 26.6ff 
OMNI VI transceiver: . 17.60 
On characteristics: ............ esse 8.7 
On-glass multiband antenna: ....................... 20.53 
Op amp ICs: uiine 8.32 
Open circuit: ... ... 19.3 


Open repeater: ... 


Open-collector logic outputs: ........................ 7.17 

Open-wire transmission lines: 19.1, 19.6ff, 20.4 

Operating: 
Aids for Public Service: ........................... 30.61 
Awards, ARRL: ................ eee 30.58 
Choosing a mode: ............... sse 3.2 
ЕМЕ: nni 23.57ff 
Modes: .... 3.1ff 
Paranmietets: гли инин reete nee 8.7 
Skill: .... 17.16 
Table аралаи 22.3 


Operating Manual, ARRL: ............................. 29.7 
Operator skill: .................... 
Optical semiconductors: 
Optimization: ................. 
Optimum load resistance: .... 
Optimum plate load impedance: ....... 
Optoisolators: ......... 
Op-amps, table: 
OR gate: ............. 
Orbital elements 


Orbital plane: ............................. ; 
Organization of ARES and NTS: . 30.64 
Organs, ЕМІ: .............................аа 28.10 
OSCAR satellites: . 1.6, 1.10, 23.11, 23.15ff 
Oscillations: ....................................... 8.3, 25.19ff 
IE tee U aii 27.12 
Parasitic? с. шиини нида тый 27.19 
Relaxation: ышна шишенин 14.15 
Troubleshooting: .. 27.11, 27.14, 27.21 
Oscillàtors; з... cereis eerie 26.19ff 
Amplification in: ....................... es 
As a chaotic system: ................................... 14.5 
BJT:. sus 14.14, 14.24ff, 14.29 
Circuits; EC: eas 14.13ff 
Crystal: eus 14.21ff, 14.24ff, 26.2 
Design and construction: ...................... 14.13ff 
Frequency multipliers: ............................. 17.53 
Gunn diode: ............... sse 14.30 
Hartley: iunge 14.19ff, 26.36 
[oio 14.17ff 
JFET: ........ 14.13, 14.18ff, 14.27, 14.36, 14.47 
K7HFD low-noise: ............ 14.18ff 
LO leakage: essent 17.35 
Microwave: rettet 14.30ff 
MOSFET: 14.14 
OVENS? ауанын енн Чы .. 26.2 
Permeability tuned (PTO): ...................... 14.15 
Phase noise in: ........... see 14.5ff 
Phase shift: .... . 14.27ff 
Quartz crystal: 14.21ff 
Quench: 2. nans a 17.17 
pro ныи r S 14.29 
Relaxation 14.15 
Resonator in: ......... 14.2ff 
Series-mode crystal: ................................. 14.24 
Shielding and isolation: ........................... 14.21 
Squegging in: ........... . 14.15 
Start-Up? а 14.4ff 
Temperature compensation: . 14.19## 
Temperature controlled: ............................. 26.2 
Troubleshooting: .......... 27.10, 27.15 
VHF LO} ана 17.40 
Vackar: .... 14.17ff 
Vacuum tube: . 14.14 


Varactor circuit: 
VHF and UHF: ..... 
Voltage controlled 
VXO аага 


VIG? s 
Oscilloscopes: ..... 15.2, 26.24ff, 27.4, 27.8, 27. 9 
HF adapter: .... ‚26.28 
Probes? ышна нени нйн н ӨЙ 27.2 
Output: 
Filtering: |... ын найн 13.10 
Frequency: игенен данынын 23.4 
Network: . .. 13.3, 13.19 
Resistance: „аана 19.10 
Out-of-band emission: ............... eee 29.2 
(0072 AEEA A аа: 23.4 


Overcurrent protection (power supply): . 
Overhead, packet: ................................. 


Overload protection (power supply): .......... 11. 14 
Overload, fundamental: ............... 28.1, 28.4, 28.8 
Overmodulation: .................... eene 12.2, 15.6 
Oversampling (DSP): 18.3, 18.16 
Oxygen: nnega 21.3, 21.7 


Passive components: ......................................... 5.8 
Payload: =н аа tereti 1.10 
PC Voltmeter and SWR Bridge .. 22.35 
21.10 
„27.3 
"Bee see И 3:7 
| 12.56ff 
PC-board: 
Cabinets: sensere . 25.25 
Drilling: ei cette tet nice 25.16 
Layout: .... 25.17ff 
Materials: siete tees 25.14 
Solder bridges: ....................... .27.12 
MIRI cR .25.12 
Techniques: .......... 25.12ff 
PC-CLOVER software: .................................... 3.7 
Peak (voltage or current): ................................. 6.1 
Peak deviation: ................................................ 12.7 
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PLC. MIN- EXE: 
Pi-L network: ... 
PI-LCMIN-EXE 
Plages: .. beaten 
Planetary A index E 
Planetary K index 
Plasma frequency ....... А 
Plastic film capacitors : ... 
Plate? ers 
Plate choke: ..... _...... 
First series resonance: . 
Plate dissipation: ........ 
Plate resistance: ..... 
Plated-through holes: 
Pliers: sss uu 
PL-259 connector. ...... NM 
PM. also see "Phase Modulation": 
PMOS:. 


P Peak envelope power (PEP): ......... 6.7, 15.6,29.2 PN junctions: aa toitte r O 8.12ff, rn 

PA system EMI: .........................-. - Peak envelope values (voltage or current): .... 6.77 PNPN diode: PS UM ME С х 

Package capacitance: .................................... 10.11 Peak pis voltage (PIV): Todas 11.1, 11.5 PLA wiring: sse : 
5: Peak-reading meter circuits: ... : 

iret eset utbs NR ATO 24.9 Peake fed (voltage or current): ......... 6.1, 6. sff Cap ороо (PCA) event: ............ "Xin » 
Voltage regulator: ................. ees 24.25 Pens, resist: sss пошані 25.13 Coor: inates: ; 2 

Packet radio: 1.3, 1.4, 1.10, 2.8, 3.4ff, 12.22, 22.4 Pentode: . 8.10, 13.3, 24.29 Keying: v pos 
AMTOR-CLOVER II comparison: ......... 12:32" .pEP:...—— me . 6.7, 15.6, 29.2 Orbits: .................. ee : 1, : 
Satellites: ............. sss Perf-board construction: .......................... 25.10 Reflection coefficient: DRAKE TES E 

Packing equipment: Perigee:- s eos ass aan 23.15 Polarization: sese .1, 23. 

g equip š 
PACSATS: .................. 23.12, 23.15, 23.19, 23. 44 Period: . в . 6.1, 6.3, 23.15 EME: е : 
Broadcast Protocol (PBP): .. Periodic signals: .. € 18.5 Polarization effects: 
File Broadcast Protocol: .. Peripherals: .. 7.28ff Spatial: 
Ground station equipment Permanent magnets: —€— 6.14 Poles: ......... өөн 
Ground station software: . E Permeability: ........ 6.1. 6.15, 6.16, p Se an diagram 
КНЕ 23. 21 Phase: у eee ive sy ne OLY Phaser: sssini 

Boo 2 6 hm uuum ee, ome cena о 3062 

Padder capacitors wee 27.15ff Constante ;. cvessaisiasiscasacavivecvssstastvedeseeonss 19.7 Portable groundplane antenna: Үү Ais 

Paddles, keyer wiring: Detector: ............... Portable Stations: ................... .. 22.15 

Paint, resist: ..... Frequency detector: Ports, Mike minenin 15.4 

Painting techniques: .. In component models: .... Positive feedback: . 8.3, 17.4ff 

Pamphlet interference Inductor current and voltage: .. Positive logie: iiiter rentrer nter 7.7 

Paper capacitors: ............... Modulation: . 3.3, 12. 6, 15.9ff, 17. 58 Potentiometers: кандра Ын E 5.9 

Parabolic Reflector antenna: .......... Modulator: sss 12.9 Audio taper: анинин ннн 5.10 

Parallel and series equivalent circuits: Shift networks. .. 12.4. 17.72ff Linear taper: . 

Parallel: Shifters, audio: sss 17.21 Logarithmic taper: .. 

CITOUlts: conde ate terete 5.8 Voltage and current in capacitor: weve 6.13 Noise troubleshooting: 

Circuit impedance: 6.33 Phase noise: ..................... " jT. 14 Troubleshooting: УЗУНУ" 

Combiner: ........... LTT In oscillator: . 14.5ff ^ Powdered-iron inductor cores: . % 
Connections: 22.11 EOP asserted eese 17.26 Power: ............... 4.17, 5.1, 5.2, 5.6, 6. 1, 6.5, 29.2 
Dipole si enairar aieia 20.7 Measurement. sess 14.8ff, 26.47 AQ odes 

RéSISUOTS ышы НЫ р het c tee rece 5.4 NBEM: o аанын 17.37 Amplifier modules: . 

Resonant circuits: .............................. 6.37, 6.39 Рһаѕе-30:.................... .. 23.16 Amplifiers: ...................... 

Parasitic: Phase-locked loop (PLL): ................ 14.33ff Automatic level adjustment: .................... 17. 16 
Веһауіог анаан 10.1 ff FM demodulator: Available: gacion 17.2 
Capacitance: .............. .. 10.11 Loop bandwidth: . Conditioning, electrical: ПЛЕ 
Chokes: .... . 27.19 Noise in: m Cords uin esses . 9.9 
Elements: . . 20.31 Phase modulator:. n Density meters: ....... 9.14 
Excitation: ... .. 20.31 Settling time: ............................................. 14. 35 Efficiency: iade eric ашы арыса 5.7 
Frequency... iaceo eene 13.25 Phase-shift keying, see "PSK" Factor: ааа ананна 
Inductance: .. Phasing method SSB: ......................... 12.3, 18.15 FET table 
Oscillations: . Phasing networks... esses 12.4 Horsepower: ......... essetis 
Remedies: . Phone: ................ .29.2 Law modulators: ...........................ууу}‚]›.... 8.4 
Resonance: ... Phone plugs: ........................ .. 22.6 Limits, US: ........... .. 30.47 
Suppression: Phonetics, ITU-Recommended: .. 30.56 Line noise: ............ 9, 28.14 
Suppressor: ............................... Phono plugs: .......................... .. 22.6 Lines: sette tee 9.2, 9.3 

Patity: аад Балада, Photoconductor .... 8.12 LOSS? о a дЫ ЫМУ 19.2 

Parks McClellan algorithm: . Photographic PC boards: .............................. Measurement: .................................. 26.6, 26.12 

Part таа Photovoltaic effect: ..... Meters: ....... 26.8, 27.2 

Part П, ЕСС excerpt: ..................................... Photo-semiconductors: .. : ОГО асаа n ettet d 4.2 

Parts: Physically short verticals: ............................ 20.22 Peak envelope (РЕР): ................ 6.7, 15.6, 29.2 
Finding: eser eds 25.22 Рі networks: ....... ......... 13.6, 13.19, 17.11, 19.12 Ratio, transformers: .................................... 6.44 
Replacement: ................................. 27.12, 27.20 — Pi-Network Resistive Attenuators (50 Q): . 30.34 Reactive: ............... .. 6.30 

Parts Suppliers: ............................................. 30.21 Piezoelectric ейесї: .......................... 14.21, 16.17 Sources, ac: isses 22.15 

PASSE ces rase ee E recte дна) 23.15. —Pilottone: esa eeepc 12.6 Stage аб: аа deett aa 17.1 

Pass transistors: 11.1, 11.14. Pin Allocations, ISO 2593: . 30.43 Standards, transmitter: ................................ 29.7 

Passband: ................................ - 23.15 PIN аіойеѕ:...... ....... Station: ...................... 9.8ff, 22.2 

Passband ripple: ......................................... 16.12ff Switches: Transducer gain: .......................................... 17.3 

Passband tuning: .. ‚ 17.35, 17.60 Pixels:. Transformers: ............................. 11.2 


Transistors table: 
12-V Junction Box: 


Power supplies: ......... .11.1ff, 22. 6 
Connector standard: .................................. 11.24 
Cords: 


Emergency generators: 
Filters: ................. 
Foldback current limiting: 


High voltage techniques: . .. 11.20 
Invetters: essendo ees 11.23 
Overcurrent protection: ......................... 11.14ff 


Projects: esses .. 11.23 
Smart charger for NiCd batteries: ........... 11.31 
Solarswitch: ~ 11.34 


.. 11.24 
... 11.28 
11.37 
PAEAS T 11.41 


4-5 to 25-V: . 
13-8-V, 5-A: 
28-V, high-current: 
3200-V: 


PPM КЄ ышын НЫ etel 12.56 
PRB-1:....... 
Preamplifiers: 
TM mee EA iMt TAG 28.10 
10 GHz:. 17.41 
430 МН7:........................ .. 17.39 
Precession: .......................... .. 23.15 


Precipitation static: . 


Precision: .......... 44 
Preemphasis: тшшен ирани и иин 12.9 
Prescaler, dual-modulus: 14.36ff 
Preselectors: ............... « 17.22 
Pressurized chassis: .............. sss 13.16 
Primary batteries: sess 11.20 
Primary winding: ............................. 26.43 
Principles of Emergency Communications: . 30.61 
Printed circuit, see “PC-board” 
Probes: 
Linearity? eee 26.10 
Low-capacitance: .......................... 


Oscilloscope: ... 
Reverse current 
RF voltage: ... 


Sniffer: Leer 26.45 
Spectrum analyzer: .......................... .. 26.45 
TS. ose en ee need ДАНЫН: 27.2 


Voltage: ..... 26.9, 26.45 
Product detection: ........ccsessssssssssecsersrsseeeeees 15.8 
Programs: 

A2D.EXE: шышы дашка йы et 22.35 

ACTFIL.EXE: |... 16.28 

ELLERS EXE? жаныу ней: 20.11 

MORSE2.EXE: . .. 22.24 

NSHADOW.BAS: . 20.29 

PINET. EXE ese eret ede 13.6 

TL.EXE: ........ 9.8. 19.13 

VESTER ЕР: дааа 12.43 
Prohibited transmissions: ............................ 29.6 
Project OSCAR: ................................ 23.11, 23.15 
Projects: 

Active attenuator for VHF-FM: .............. 23.75 

Active filters: 

AF oscillator: » 

Antenna switch, remotely controlled: .... 22.43 

Antenna tuner project: cscs 22.59 

Audio Break-Out Box: ............................. 22.32 

Boom/headset mike: ... ..22.29 

Broadcast filter: ........... ..16.36 

Calibrated noise source: .. 26.29 

Combline filter: ........... ..16.23 

Computer keyer: .. .. 22.24 

Construction hints: ERR 25. 19ff 

Contest сага: динне лаана 22.27 


Dip meter: .. .. 26.16 


D-C receiver: 17.72 
Filter evaluator: ................... eese 16.30 
HF adapter for 'scopes: ............................ 26.28 
HT holders: .................. .. 22.57 


Hybrid combiner: . 
ID timer, a simple: 
Inductance meter: . 
Interdigital filters: " 
Кеуег, single-chip: .............. sss 22.18 
Keyer, Uncle AJ's: usse 22.21 
Marker generator: ... 
Microphone amplifier: 


Microstrip filter: ............. 16.25 
Mode-S receive converter: 23.40 
Parabolic antennas: ............... .23.40 
PC Voltmeter and SWR Bridge «22.35 
Power supply: ....... 11.23 


Regenerative receiver: 
Return-loss bridges: 


RF probe: ..................... .. 26.12 
RX bridge: 2: ннн ыйы 26.33 
Shielded loop-sense antenna for 

28 MHZ: oett par 23.72 


Prosigns, ARRL 


Signal generator: ....................................... 26.36 
Simple junkbox satellite receiver: ........... 23.44 
Simple loopstick with sense for 

BS МИН: oa etse МИД быгы 23.71 


Simple seeker RDF antenna: ... 
Smart charger for NiCd batteries: . 


Solarswitch: ................... 11.34 
Soldering station: .......... .25.6 
Soldering temperature controller .25.7 
Speech clipper: ....... 17.46 
Switched capacitor filter: . 16.34 
Switcher (interface box) .. 22.49 
SWR Audio Adapter: . .. 22.33 
Tandem match: ....... .. 22.36 
Time-delay generator: ............. .. 22.53 
Transceiver/computer interfaces: .. 22.46 
TTransmiatch: ман rere edet 22.61 
Vester SSTV interface: ............................. 12.43 
VHF band-pass filters: 16.33 
VLF transceiver: ............... 17.79 
Voice recorder/CW interface: . 22.27 
Wattmeter, directional: ............ 22.36 
1/2-W CW transmitter: ....... 17.100 


4x3x5 MHz filter for Mode J: 
4-5 to 25-V power supply: ... 
6-m Amplifier: ........... 
10 GHz preamp: .. 
12-V Junction Box: .... 
13-8-V, 5-A power supply 
16-turn helix antenna: ....... 
20-m CW/SSB transceiver: ...... 
28-V, high-current power supply 
50-W linear PA: ......... 
80-15 m QRP transceiver: 


144-MHz amplifier: ....... .. 13.42 

146 MHz stripline filter: ......................... 16.23 

430 MHz preamp: ..................................... 17.39 

1500-W amplifier:... .. 13.29 

3200-V power supply: 11.41 
Propagation: ............................... 


Delay: алын tore cen vex 74 
Ionospheric: .. 
Microwave bands: 
Multipath: ..... 
Proportion: ..... 


Proto boards: ........ 
Protocol, packet radio: 
Protons: .......... esee 
Pseudorandom number generator: 
Public service: ........................... 
Publishers and Publications: . 
Pulsating dc: ....................... 
Pulse: see 
Pulse-code modulation: . 
Pulse-duration modulation: ........................... 
Pulse feedback servo: ........ 
Pulse-position modulation: E 
Pulse shapes: ................. eere 7.4 
Punches, ѕосКеї:........................ 
Push-pull (frequency) tripler: 
Push-pull combiner: .............. 


Push-push (frequency) doubler 

Pythagorean Theorem: ................................... 4.13 

P-channel MOS logic: .................................... 7.19 

Q 

[DC 6.21, 6.36, 10.13, 16.3 
Channel: . 18.13 


Inductor: ..... 
Loaded circuits: ... 
Matching network 


Point (diode): .... 

Quality factor: неш рн ы Инн рыр 6.1 

Section: ..... .. 19.11 
Q Signals: ЕЕ 30.54 
ОЕР: шини eiie 1.4, 1.10, 23.15 


QSK, see “CW break-in keying” 


Ge OO и 


QSE cards: sse Rb eR 1.10 
ARRL membership: ..................... sss 30.57 
Вітеайз. а... 1.9ff 


Mode abbreviations for: 
Ргасїїсе$:.................... 
Qso: 
OST. su 


Quad antenna: ......................... 20. 31, 20. 37, 20. 39 
Quadratic equation: ................ sss 4.8 
Quadrature: ............ sss 12.4, 18.12, 18.13 
Quadrature combiner: ..................................... 17.7 
Quadrifilar coils: ............sssssseeee 25.24 
Quality factor (О): ........... 6.21, 6.36, 10.13, 16.3 
Quantization: eee rr 18.2 
Quarter-wave: 
Antennas ia o nente duet 20.55 
Baluns: .................... ... 19.15 
SEUD unes tdi uis nein 19.9 
Transformer: .. 19.11 


Quartz crystals: ... 
Quench oscillators: . 


(el 7.26 
R 
R2 receiver project: ә. ааа ининин 17.72 
RAAN Ыы Мунин Ааа 23.15 
: .. 2.5, 29.2, 29.6 
RACES Operating Frequencies: .................. 30.62 
Radian (angle measure): ................................. 4.11 
Radiation: 
Cancellation: ............... essen 19.2 
Inversions: КОККО ОУ 21.21 
Nonionizing: шиини иө жаннан ЫЫ: 9.11 
Resistance: .... wee 20.2 
Radiative losses .. 10.14 
Radical sign: ............. essere 4.2 
Radio Amateur Civil Emergency Service 
(RACES): siess 2.5, 29.2, 29.6, 30.62 
Radio Amateur Satellite Corp, also see 
"AMSAT seien n eiecit 23.11 
Radio control: ...................... sse 12.54ff 
Radio Direction Finding (RDF): .................. 23.59 
Antennas: ............................ . 23.59, 23.63 
Bibliography: ................... eee 23.76 


Loopstick antenna project: 
Methods for VHF/UHF: ... 
Mobile system installation 
Modes: 


ОВЕ 
Shielded loop-sense antenna for 
28 MHz: аин rer dt 23.72 


Techniques and projects: 
Radio: 


Entrance panel: eei nenne 9.7 
Frequencies (RF): ................. 

Frequency interference (RFI): ................ 28. 1f 
Horizon: ........... sese .. 21.20 


Line-of-sight distance: 
Propagation: sisian esee i. 1ff 
Regulations: ............ анисин иаа 29.2 
Regulations, international: 


Rain scatter: ...... 
RAM (random-access memory) 
Range communication: 
Raster scanning: 
Ratings, device: 
Ratio: .............. 
Ratio detector: .. 
RC time constant: . 
Reactance: ......... 

Capacitive: ........... 

Complex waveforms: 


(Reactance, continued) 


In parallel: oo. sess 6.26, 6.28 
In:series: iieri raesent perd 6.26 
Inductive: .. 6.20 
Теакаре шыдын temere 6.45 


Modulator: уиин Ыйы ЫНАН 12.9 
Unlike, in parallel: 
Unlike, in series: ... 
Voltage drop across: 


Reactive power:..... ‚6.30 
Real numbers: ............... esee 4.3 
RECEIVERS: hve be e es 1.11, 17.1ff 
Alignment ssie eicere itr 27.18 
Crystal: . .. 17.16 


` 17.16ff 
. 17.19 


Design: .... 
Direct conversion: 


Dynamic range: . .. 17.6 
EME: ............... 23.53 
Бах: нии PERRA 12.38 
in LET 12.9 
FM ATV 

Front end: $ 
Са аы: 17.15 
Image cancelling: ................ sess 17.20 
Image-reject D-C project: . 17.72 
Intercept point: ......... . 17.6 
LO leakage: 17.35 
Microwave: . 17.42 
NOISE: irn E E E 17.14 
Passband tuning: .. 17.35, 17.60 
Regenerative: ............ 2.17.17, 17.68 
Satellite, simple junkbox: 23.32, 23.44 
Sensiti VID: aceite nie preci seeds 17.5 
Subsystem ICs: .............. essere 8.36 
Superhet: ..............sessse 17.19, 17.22 
ев E E ae onset ЫЕ 26.40 
TERE e DEREN 17.17 
Troubleshooting: 27.7, 27.22 
Up conversion: . 17.33 
VHF/UHF: .......... 17.37 


Receiving accessories, satellite: 
Rechargeable batteries: 
Reciprocal: ................. 
Reciprocal mixing: 


Recombination: .............. sss. 2.2114 
Reconstruction filter: ........... esses 18.3 
Rectangular coordinates: . 4.14, 6.32 
Rectification: ............. 

Rectifier meters: 


Rectifiers: ....... 
Reference orbit: . 
References, see "Bibliographies" 


Reflected power: ................. see 19.2ff 
OI 21.2ff, 21.3 
Reflection coefficient: .......... 16.12ff, 19.4, 19.10 
Reflections from airplanes: ............................ 21.6 
Reflectometer: ...................... .. 19.4 
Reflector: .... .. 20.31 
Refraction: ...... 21.2ff 
Refractive indices: 21:2; 21.7 
Regeneration: ..... 8.3, 17.17 
Registers: ........ we 7.12ff 
Registers, digital: sss 7.13ff 
Regulation, voltage: .................................... 11.12 
Regulations, FCC: . ..28.2 
Regulator: nte eene e dede 11.1 
Rejection: 
c €— H€Ó— — Rn 15.4 
. 15.7 
Е 15.7 
Relationship between Noise Figure and 
Noise Temperature: .............................. 30.34 
Relays: ........................... 79:0 
Coaxial: ....... 09:9 
Filter switching: ыиы. 17.31 
Troubleshooting: 7.22, 21.24 
Reluctánce: osse tenete 6.15 
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Remote control: .............. sess 29.2 
Remotely controlled antenna switch: ... 22.43 
Repalt: ыллын нн 27. 1ff 


Repeater Directory, ARRL: .........23.4, 23.7, 29.7 
Repeaters: .................. 1.3, 2.6, 17.16, 23.1, 29.2 


Advantages: ..................... 
AM and SSB:. 
and the FCC:..... 
and the public : service: 


Band Plans: . 


Block Diagrams: ....... 
Closed: eee . 23.6 
Components of: . 4232 
Coordination: .... sse 23.2 
Coverage: ce ees 23.2, 23.5 
Digipeaters: ;4. nnno nero ЫЕ 23.2 
Digital: ................... 29:9 
Emergency Operations: .............................. 23.5 
Equipment: . 23.6, 23.7 
Frequencies: ......... eere reetee tnt ttkiccne 23.2 
Frequency coordination 23.9, 23.10 
Frequency offsets: sess 23.10 
History of: .. .. 23.1 
Home and Mobile e Equipment: .. 23.8 
Interference: . —— . 23.2 
23.2 
m 23.2 


Operating priorities: . . 23.6 
Operation: .. . 23.6 
Stations: ...... .. 29.6 
Terminology 2232 
Timer: .......... .. 23.6 
Ty Pes: d — Á— nee 23.1 
User equipment. ..........sssseeeeene 3.4 
Replacement parts 27.12, 27.20 
Resist, etchant: ............... eene 25.12ff 
Resistance 5.2, 5.3, 5.7, 6.1 
BORE — À— 10.12 
Four-wire measurement: ............................. 26.7 
Measurement: ............. ssec 26.6ff 
Meter: eene РИА 26.8 


Norton equivalent: 
Skin effect: ....... 
Thermal: ... 


Thevenin equivalent: ................. sss 5.5 
Resistive Attenuators: 

Pi-Network (50 Q): .......sessssssssss 30.34 

T-Network (50 Q): .................................... 30.34 


Resistive loads: ... 


Resistivity: ...... AE 

RéSIStOE S: ec cca н tester dem 5.3 
Bleeder: ...................... 6.12, 11.1. 11.11, 11.20 
Characteristics: 


Color markings: 
Laser trimmed: . 


Markings: .. 

Metal- film:. 

Modeling: ә лышынан ннн инн 10. 3 
Models: анаан 10.4 
Parallel: .... 5.4 


Power ratings: К 24.3 


Quartz: .............. 


Sapphire: ............. . 26.5 
Series: ......... ‚5.4 
Series-parallel: 143525 
SIZES! ED 24.2 
Standard values. " .. 24.1ff 
Temperature coefficient: ............................ 10.3 
Tolerances: .............. 10.3, 24.1 
Troubleshooting: 27.21 
Variable: ......... 5.9 
Resolutions: аала аул аа 4.4 
Resonance: ........... ОСТКИ 6.1, 6.29, 14.2 
Resonant: 
Converter: uiuere teca 11.1 
Feed-line dipole: ................ sss 20.17 


Frequency: 222 eet 6.29, 6.35 


Networks? ууй шишин шиини нынын БЫ 17.11 
Parallel circuits: .............. eere 6.38 
RF transformer: ................ eere 6.47 


Resonant circuits: 
Bandwidth of, parallel: 
Parallel: ....................... 


.6.41 
. 6.37 


Parallel impedance: . 6.39 
SeTIeS: oen aun eet hee xe ene 6.36 
Resonators «aute e ERA 14.2ff 
Quartz: siiis ..16.18 
Responsibility for interference: . 28.2ff 
Retentivity:iisiescie eicere eee нын 6.14 
Return-loss bridges: ..... . 26.38 
Reverse breakdown voltage: .......................... 10.7 
Ned EEE УЛУУСУ О КС. 29.2 
Ammeter $ойгсе$: ....................... .. 26.10 
PNUIRTIC CERRAR 26.8 
ATC? uu 13.20 
Bens? eee ire pem ep 9.10 
Chokes Hr (— 13.12, 24.3 
Component behavior: ................ ses 10.10 
Connectors: . : .. 22.8 
Exposure guidelines: es 9.12 
Field strengths near antennas: . .9.13 
Ground: шаага нө нинин ыннан 
Heating: ... : 
Oscillators анаган: 26.19 
Phasing networks: ..... . 12.5, 17.72ff 
Power amplifier modules: ........................ 24.20 
Power density, determining: .9.13 
Power measurement: ..... ... 26.12 
Power meters: ............... sese 27.2 
Power transistor table: .............................. 24.22 
Probes: seite eredi 26.9 
Radiation safety: wo... sss 9.11 
Transformers: ......... .. 13,9 
Voltage measurement: .............................. 26.11 
RF energy: 
Athermal effects of: .............. sss 9.11 
Safe exposure levels: .......................]уу[ 9.12 
Thermal effects of: ..............sssssss 9.11 
RF power amplifier: 
Circulating current: .................................. 13.4ff 
Design Example 1:. " 
Design Example 2: . 
Design Example 3: . „13. 
Design Guidelines: ...................... sss 13.18 
External: шинанын нини инин 29.1 
Modules: ............. 24.20 
Small-signal design 10.28 
Stability: ........................ 25.1 9ff 
RFI Book (ARRL): ......... ‚28.1 
RFI committees: ..... ‚28.2 
RFI package (АККІ):..................................... 28.2 


RFI, troubleshooting: . 
RHCP: ..................... es 
КИО: оона AA 19.4 


RID/RKM: ..................... .26.2 
Right апр]еѕ:.................. ‚411 
Right triangles: . 4.11 
Ring counter: 7.13 
Ripple: ... . Lt 

COUerS: ырлыры аннин НАНЫ 7.12 

Егедиепсу: 11.11 

Voltage: оаа ныи сытар 11.11 
Rise time: aee tte iens 8.8 
Rise time vs CW bandwidth: ....................... 12.12 
RMS (voltage or current): .... .6.1, 6.6, 11.1 
RMS measurements: .............. sese 26.8ff 
ROM (read-only memory): ............................ 7.27 
Root of a number: ............... sess 4.3 
ROSE: ................... 3.6, 12.24 
Rotator heater hint: sess 20.52 
Rounding values: ............. eee 4.5 
RS-# ................ .. 23.15 
RST System: .......... cnet 30.55 


RS-232 serial connection: ............................ 22.10 


RTA алло . 26.2 
RTS: 22.11 
RTTY geninan .2.9, 3 5, 29.2 


RTTY control sequences: .... we 30.43 
Rubidium frequency standard: ....................... 26.1 
Rub-on resist: |... sese 25.13 
КУУМ инанан унын 26.2 
RX bridges: sess 26.33, 27.22 
S 
S-AV17 2-m amplifier: ................................ 13.46 
S-AV7 2-m amplifier: ................................... 13.46 
S/N Tatio: анши нинин нан 3:1 
A/D circuits: ... ..18.2 
Cascaded stages: ......................................... 17.9 
Safe operating area (SOAR): .. 11.1, 11.14 
Safe temperature rating: ............................... 13.11 
Safety: ............................ 9.1ff, 27.1ff 
Antenna and tower: .....................уү 9.1 
Bibliography: ...... 9.16 
Building equipment: . .9.10 
Circuit: sss 25.7 
Electrical wiring: ............... sss 9.3ff 
Emergencies: ............. essere 9.10 
Fires: ............ . 9.1 
Grounds: ............. 9.4ff 
Lightning protection: .. 9.5 
Outlet strips: ........... 9.4 
Power lines: . 9.2 
RF radiation: .............................. 
Selecting tools and equipment: .................. 9.10 
Пора ‚ 25.1 
Soldering: ныны... 9.10 
SAM (sequential-access memory): ‚7.26 
Sample and hold: .......................... .18.3 
Sample index: ................ sse 18.4 
Sampling: 
Digital онаа: 18.1ff 
"Theorem sacer ner oe hex etd 18.1 
SAREX: .... 


Satellipse: . 
Satellite pass: 


Satellites: ...... . 1.3, 2.6, 17.16, 21.24, 23. Lift 
Accessories „ы. нини Наа; 23.33 
with Analog Transponders: ...................... 23.16 
Antennas: 0... cece tsarens 23.28, 23.30 
Assembling a station for Phase 3D: ........ 23.18 
Assembling a station: ................. .. 23.17 
Band plan: ............... .. 23.16 
Basic operations: .. 23.12 
Beacons: .............. .. 23.16 
Current amateur: .. 23.11 
ITA CI —X 23.19 
Equipment: ...... 23.19, 23.21, 23.23, 23.30 
Equipping a station: ............................... 23.25 
Frequencies—analog: ............................... 23.13 


Frequencies—digital: ... 
Frequencies—Phase 3D: . 
Frequencies—two-way digital 


Getting started: ..................... . 23.16 
Glossary: ........................ ... 23.14 
Ground station equipment: ....................... 23.22 
Modes: ———Ó——— 23.13 
Orbital mechanics: . 

OSCAR: ........... 1.6, 1.10, 23.11, 23. 15ff 
PACSATS: .......................... 23.12, 23.19, 23.22 
Phase 3DE eos ovra pavo одын: 23.12, 23.16 


Receiving: 
Software: ...... 
Station control: 
Telemetry: .... 


Terminology: .. 23.12 
Tracking: ................. . 23.36 
Transceivers, specialized: .. 23.34 
Transmitters: ................. ... 23.34 
Transponders: sees 23.13 


UoSATSs: ..... 
Weather? майин ийининен 1.4, 12. 36ff 
Баййтайпоп ииине tt a 17.6 
Соге:......... 6.16, 11.1 
Inductor core: ыш нисин нина 10.8 


Scale linearity: 
Scaling: .... 
Scan converters (SSTV): 
Scanning radiometers: .................................. 
Scatter: 
Backscatter: .... 
Rain: ............. 
Rain, snow, hail: 
Sidescatter: .. 
Troposcatter: 
Scattering: ........... 


Scheduling, EME: ..... 
Schematic Symbols used i in Circuit 
Diagrams: .............. esset 30.5 
Schematics, reading: ..................................... 25.18 
Schottky diodes: . . 8.17, 10.8, 26.11 
© Schottky logic: шынан... 7.16 


Scientific notation: . 


Sereen grid: «e ea ice us 8.9 
Screen voltage: ............ seen 13.14 
Screwdrivers: ...... .25.4 
Second breakdown: . 1.1 
Secondary emission: ................................—... 8.10 
Secondary winding: ........................................ 6.43 
Second-order IMD: ‚17.6 
Section Managers: ........................ .27.2 
Section Technical Coordinator (TC): . 28.2 
Selcall (AMTOR): ..... 1221 
Selecting a tower: .......... sse 9.2 
Selective fading: ................. sss 15.7, 17.32 
Selectivity "ааа ашаа 13.5, 17.5 
ler An m —(— € 17.35 
Cascaded stages: sse 17.9 
Distributed: ..... . 17.25 
Pi networks: ..... . 17.11 
Troubleshooting: .27.17 
Selenium rectifiers: ................ sees 11.5 
Self inductance: .................. esse 6.42 
Self resonance: 10.11ff 
Semiconductors: ..... ... 8.6 
Characteristic curves: ........ssssseeeeene 8.6 
European nomenclature: ........................... 24.16 
Failure: ..... errem enin 8.16 
Failures: .................. .. 27.14 
General purpose, table: . . 24.20 
In-circuit test: ................ . 27.25 
Japanese nomenclature: . 24.16 
Low noise, table: ...................................... 24.18 
Markings? eee trade ЕНИН 24.4 
Optical: . ‚8.27 
Physics: . 8.12 
PN junction:.... ‚8.12 
Power FET table: ... .. 24.23 
Power transistor table w 24.21 
Practical sesion Ren lessen 8.17 
RF power, table: ........ ‚ 24.22 
Small-signal FETs table: . . 24.17 
Substitution: ..................... ... 27.26 
Switching troubleshooting: ...................... 27.16 
Tést Circuit: аан наана retine 27.25# 
Thermal effects: . 8.16 
Troubleshooting: ....... we 27.24 
VHF/UHF Class-A table: ......................... 24.18 


Semilattice filter: . 
Sensistor: ......... 
Sensitivity: ... 
Receiver test: .. 
Troubleshooting: 
Separation or split: ............... 


Sequential-access memory (SAM): ............... 7.26 
Sequential logic: ............... sss 7.8ff 
Serial ASCII transmissions: ......................... 12.17 
Serial рона аана 22.10ff 
Series: 
CirCUits; зыннан ыш. .5.8 
Equivalent circuits: ...... 17.57 
Parallel equivalent circuits: . 6.34 
Parallel resistors: ............... sse 5.5 
Pass transistor: ............................... 11.1, 11.13 
Regulated 4-5 to 25-V power supply: ..... 11.24 
Regulator: ........... 11.13 
Resistors: 


Resonant circuits: .............. esses 6. 36 
Setting up a station: 

Ig c ——— 22.1ff 

Mobile and portable: .............................. 22.14ff 
Seven-segment display: .................................. 7.29 
Sharpening tools: ......... . 25.2 
SHF (super-high frequencies): Жылы TE 3.1 
Shielded Loop-sense antenna for 28 MHz: .. 23.72 
Shielding, transformers: ................................. 6.46 
Shields: ....................... ..25.20ff, 28.6 
Shift registers: Je eere 7.13 
Shipping equipment 27.26 
Shop materials: .... .25.5 
Shop safety: знан reis 25.1 
Short skip: 21.4, 21.5, 21.11 
Short UV: .. 21.11 
Shorted stub: .... ... 19.17 
Shortened dipoles? ....................... sss 20.7 
Short-path propagation: 21.14 
Short-term radio blackout: ... 21.10 
Shortwave listener: .............. sse 1.11 
Shunt: 

zfed verticale dee 20.21 

Probe: .... 

Regulator: . 

Resistance: 

Resistors: .........sssseeee 
Shuttle Amateur Radio Experiment 

(SAREX):........ terret 1.5, 1.11 

SID: reete . 21.10 


Side-slope filter attenuation: А 
Sidebands: ....................... ‚12.2 
in AM overmodulation: .................. s 15.6 
in angle modulation: . .. 15.9ff 
CW Кеуіде ааа 15.6 
FM and PM: ............... sse 12.7 
Independent: 12.5ff, 15.7 
Г РОНЕ —Á— € 15.5 
Opposite: ennir 15.7 
Unwanted: ............. eee 15.7 
Upper: ion eredi ннн 15.5 
Sidebars: 
ASCII over AMTOR: ............................... 12.17 
CAD model libraries: .............................. 10.23 
EMI Speaker Bypassing .. 28.12 
Morse Code: .............. .. 3.3 
Repair: .......... .27.7 
Repairs warning: .28.7 
RF ammeters: ............ .. 26.10 
Robot SSTV VIS code: ... 12.40 
SSTV information sources: . 12.46 
SSTV operating: ............... 12.42 
SSTV products: .. ... 12.45 
Surplus Toroids: ................. sss 28.7 
Sidelobe: ........................ .. 20.31 
Sidereal day: ................. esses 23.15 
Sidescatter: 21.16, 21.16 
SIEMENS? sene e inde nie 5.3, 6.14 
Signal generators: ................. 26.19ff, 26.36, 27.4 


Signal injection: . 
Signal injector: ... 
Signal processing 


Analog: ninna Ee 82 
Digital: ............. 18.1ff 
Signal reports, EME: ................ sss 23.58 


Signal to Noise ratio: .............................. 3.1,18.2 
Signal tracing: ............................. 27.5, 27.8, 27.9 
Signaling levels: .................. sse 7:33 
Signaling rates (ASCII): ................ .12.20 
Signaling Rates and Speeds, Baudot: . . 30.38 
Signals: 
Analytic: cero pleure itte 18.12 
АТМ c ————————— 12.48 
Common mode: ............................... 28.1, 28.3ff 
Compression: .............. sse 8.4 
Conducted: ..... ..28.1 


Differentia! mode: 

Discontinuities: 

Multiplication: .. 
Significant figures: 
Silicon: oo нне. 


Silicon controlled rectifier: ... 8.14 
Silicon diodes: ................... sees 11.5 
Silver-plated tank соії5:................................ 13.12 
Silver solder: ........................ .. 25.3 
Simple junkbox satellite receiver: .23.44 
Simple Seeker, the: .............. sss 23.73 
Simplex: ................ 3.4, 23.4 
Simulation, circuit: .. 10.20 
Simultaneous equations: ........ „АЛ. 
SINAD test: sse . 26.40 
Sn M —————— 4.11 


Sine waves: 6.3, 15.2ff 
From DSP innir 18.4 
Sines, Law of: .............. 4.13 
Single sideband, also see ` SSB’ 25 1.11 
Single-ended (frequency) multiplier: Bettie ‘17. 53 
Single-hop E-skip: ............... sss 21.5, 21.11 
SITOCCO шал ылла дынна 21.23 
SITOR: .... 12.21 
Sizes, wire: w 24.8 
Skin depth effects: .............. sss 13.12 
Skin effect: ..6.21, 10.12, 19.2, 19.5, 19.17, 20.8 
Skip Zone: ebat tette шиша йр 21.4 
Sky and Telescope: : 
Sky-wave propagation: 21.3 
Slant-wire feed: ........ . 20.21 


Slew rate: ... 
Slingshot hint: 


Sloper antenna: . . 20.26 
Sloping dipole: .................... sss 20.5ff 
Slow-scan TV, also see “$$'ТУ”.................... 111 
Slow-wave structure: ................. 8.12 
Slug-tuned inductors: .. 6.24 
Small loop for 160 m: . 20.44 
Small-signal BJT design: .. 10.26 
Small-signal characteristics: ............................ 8.7 
Small-signal design: ..................................... 10.30 
Smart charger for NiCd batteries: ............... 11.31 
Smith chart: ...................... 19.7, 19.8, 19.9 
Smoothed average solar flux: (— 21.10 
SMT capacitor codes: ..... 244 
SMT resistor tolerance codes: 24.4 
Sniffer probe: ...................... 26. 45 
50-239 connector covers: ............................ 20.28 
Socket punches: ................ sss 25.5 
ЗОГ Tp 7.23 
EME: ... 23.56, 30.61 
Satellite 23.22, 23.24 
Smith chart: |... 17.12 
Solar: 
Batteries: ete ete tret neigen 8.28 
Cells. erectis cec e o RES UE cu АЙА 8.28 
Ionospheric disturbances: ......................... 21.10 
Radiation: .................... 


Terrestrial interactions: 


Solarswitch: злдин нинин ны ААН 11.34 

Soldering: 9.10, 25.3 
Bridges: ... .. 27.12 
Desoldering: 


PC boards: ......... 

Station project: ........... sss 25.6 
Soldering iron temperature controller: bs 
Solderless construction: 
Solenoid: ..... 


Sommerfeld/Norton ground model: ............... 19.7 
Sound card DSP: ........................ 18.18 
Source characteristics: ЕЕЕ „171 
Source follower: ............... seem 8.3 
Sources: 
АСЕ ieiuno tides 14.1ff 
АТУ equipment: ..........seeeeene 12.53 
nM 25.1 
Vacuum Tubes 30.23 
Space-Charge region: .. .. 8.13 
Space communications: ... ‚23.11 
Shuttle SAREX missions: ................ seee 1.5 
Stations: .................... 29 2, 29.6 
Spaghetti; -nisn ceste ceteri 27.21 
Spark transmission: ............................ 14.2ff, 15.9 
Spatial polarization: ...............ssseeen 23.53 
SPC Transmatch ргојесі:............................ . 22.61 
Speaker wires (EMI): ... 28.11, 28.12 
Special Operations: ................. see 29.6 
Specialized tools: ..... 25.4 
Specific load resistance: ............................... 19.10 
Specifications: 
Diodes: .................... Medo SIDON ee eee 11.9 


Voltage regulators: .. 
Spectral leakage (DSP): ................................. 


Spectral output (figure): ................................. 28.5 
SPO Ctr: un nieto tene eee ettet 3.1 
of CW signals: . ... 18.5 
Spectrum analyzers: —€—— 15.2, 26. 42 
Speech processing: 
АТС usan eee ORNA 17.51 
AUDIO? андын НЫНА ннн на 17.45 
FEM p 12.9 
Speed of a radio wave: 2:212, 
Speed of light: sss 6.4 
Spherical coordinates: . 4.14, 4.15 
SPICE... 10.13, 10.20 
Ecc Ó—ÀM МЫ Ара 11.1 
Spin modulation: ............................... 23.15, 23.37 
Splatter: erret ttt 12.2, 29.2 
Splitters us cote aeter itte tns 17.7 


Sporadic E (E,): .....3.8, 21.4ff, 21.6, 21.7, 21.11 
Spread spectrum: .......... 3.8, 12.57ff, 17.16, 29.2 
Spreadsheet analysis: ................................... 17.10 
Spring wave ee .... 21.22 
Spurious emissions: .......... 28.1, 28. 4, 28. 8, 28.9, 
29.2, 29.7, 29.8 

E UR 26.47 
Spurious free dynamic range (SFDR): 
Spurious Requirements at 30-225 MHz: . 
Spurious Requirements below 30 MHz:. 
Spurs: ...... 
Square: ................... 
Square-law modulator: .... 
Square root: ...................... 
Square-wave distortion: ..... 
Square-wave frequency content 
Square-wave probe test: ....... > 
SSB (single sideband): .... 
Demodulation (DSP) 
Ее... 
Filter method: 
Filter response: 
Phasing method: 


Phasing quality: ................. sess 17.21 
Quality guidelines: ................ sss 12.3 
SSC: ................... 23.15 
SS B: casei sce o ARA egere 23.15 


SSTV: ceste tfe 2.7, 3.8, 12.39ff 


Products: .. 12.45 
Stability: ...... 17.5, 17.8 
RE: 25.19ff 
Temperature: .. .. 10.19 


Troubleshooting: 4.27.17 
Stack pointer: ieie eran E 7.24 
Stacked Yagis: .... 19.11, 20.51 
Stacking equipment: .............. see 22.3 
Stage characteristics: ............sssssesss 17.1ff 
Stages: 

Cascading: uda iti beige 8.5 

Combining: унине ененин н 17.8 
Standard Metal Gauges: ............................... 30.19 


Standard sizes of aluminum tubing: 20.35, 30.35 
Standard Values Table: .................. . 
Standards: ....... 


Voltage: .............. 
Standing wave pattern: ............... 4 
Standing wave ratio, also see SWR: ............. 19.3, 
19.4, 19.6, 19.10 
Stand Offs ieni ainaani ia eee 25.9 
State diagram: . ‚7.9 
State levels: ........... 7.3 
State transition tables 7.8 
Static discharge: ..... .25.7 
Static logic: sse es 7.8 
Static memory: .......... eere 7. 26 
Station: 
Control icai iin a na 23.35, 29.6 
Documenting your: 
Electrical wiring: ......... 
Ground: ........... 22.2, 28.1, 28.2, 28.7, 28. 8 
Identification: .................... eee 29.6 
Layout: e eee teet 222 
Location 
POWE unos Wet Ere : 
Station Deployment for ARES Coverage in an 
Emergency; iei cci 30.65 
Station hazards: 
Chemicals: i. nette ain 9.14 
Electrical: eee enn 9.16 
RF radiation: ................ 9.11 
Station Operation Standards: ......................... 29.5 
Stations: 
Beacon: «eese 29.6 
Earth: .... .. 29.6 
Portables eaten omes 22.15 
Repeater «iere tareas 29.6 
Space: .......... . 29.6 
Telecommand: ........... .. 29.6 
Stein, William A., KC6T: ...... .— 20.38 
Stereo EMI... .10, 28.11 
Stethoscope for troubleshooting 
Storage oscilloscopes: .................................. 26. 27 
Storage register: ......... sse 7.13 
Storage time: ............. 8.8 
Strate, Ulrich, DF4KV: 3.6 
Stratosphere P — M 21.7 
Straw, Dean, N6BV: ......................... 20.32, 20.60 
Stray: 
Capacitance: .................................. 10.11, 26.34 


Circuit capacitance 

Inductance: ......... 

RF current 
Striplines: ................ 
Stripline impedances: 
Stub impedance table: 


Nc ——————— . 19.8 
Subaudible (CTCSS) tones: ........................... 23.9 
Suübscript: oen citet 4 
Subscript use . 8.6 
Substrate: ........................... ‚ 8.29 
Suction-cup antenna mounts: ....................... 20.57 
Sudden ionospheric disturbances (SID): ..... 21.10 
Nnnc — asthe . 15.1ff 
Summing amplifiers: .............................. 8.3, 8.35 


Summing loop: .. ; 
NIE 21:3 


Sunspots: ..... 21.9, 21.10 
27-day rotation: ............ sse 21.10 
Superhet receivers: ......................... 15.8, 17.19 
Superposition: иын ени нн ыны ЫН 8.2 


Superregenerative receivers 17.17 
Superscript? wo... ‚43 
Suppliers, lightning protection: ....................... 9.6 
Supports, antenna: ............... esser 22.16 
Suppression: 
[egi mm 15.7 
БО аё «15.7 
Suppressor grid: ............. ы нинде нынын нй 8.10 
Surface acoustic wave, see “SAW” 
Surface mount: 
Component markings: ................................ 24.4 
Construction: ........ 25.11ff 
Surge: ...... . 1.1 


Impedance: . . 19.2 

Protection: . +222 

Suppressors: EENE E racc ce E e dette tut 24.12 
Susceptance: sse 6.1, 6.33 

Capacitive ioues tenenan 6.14 

Inductive: ........... .. 621 
Susceptibility (EMI): ..................... sss 28.1 
Switched capacitor filters: .................... 16.34 
Switcher (interface box project) .22.49 
Switehes iiser 

Diode: 

Poles:.... 

Positions: 


Rotary: ........... 

Troubleshooting: ................. eee 27. 16 

Wafer: ашайын ы Ны 5.9 
Switching: 

Filters: ............ ИНИНИ 17.31 
Switching characteristics: ‚8.7 
Switching modulators: ...................... sss 8.4 
Switching power supplies: 

Troubleshooting: dicots ОТЫЗ 
SWR: мы 19.3ff, 19.10 

Bridges: sesta teen 26.13 

Directional wattmeters: ............................ 26.13 

Meters? кызыйны tito o ve RR RES 27.2 
SWR Bridge, PC Voltmeter: ....................... 22.35 


Symbols, Schematic used in 


Circuit Diagrams: . .. 30.5 
Synchronicity, logic: .................. eese 7.8 
Synchronous: 

Communication: .................eeeeeeeceen 7.32 
D €—Ó—M MA 12.17 
Detection: ..12.2 
yuan oe S 17.17 
Synthesis: 
Direct digital: ................... sss 14.49ff 
Filter: ........... ... 16.5ff 
Fractional-N: eee 14.52ff 
Synthesizer: 
DITéCL ise ete de eet nieto 14.33 
In a commercial MF/HF transceiver: .. 14.49ff 
Multi-loop: ә... изә eee 14.45ff 
PLL: ................ 
Summing loop: ...... 
Synthesizers, frequency: . 
System design: .......... 
S-meter troubleshooting: 
S-R flip-flop: ы иенин ны КУА 7.9 
T 
T matching system: .......... sees 20.34 
T network: ............. eee 17.12, 17.55, 19.13 
Resistive attenuators (50 Q): ................... 30.34 
Table, operating: ............ eee 22.3 
Tables:........... ОЕ: 24.4 
AC Conversion Factors: ............................... 6.6 
Aluminum alloys: ................. see 24.9 


ATV Tange? ule AERE 12.47 
Baudot (RTTY) signaling: . 12.13 
Boolean theorems: ................ eee 7.6 
Breakdown voltages: .................. 10.14 
Butterworth filter: ................. ses 16.6ff 
Capacitor characteristics: ........................... 10.6 


Chebyshev low-pass filters: .. 
Classification of RF Spectrum:. 
CLOVER П: ....................... 
Coaxial connectors: .... 
Coaxial stub impedance: .... 
Color соде$:..................... 
Common decibel values: 
Crystal parameters: ......... 
Data mode comparisons: .......................... 
Decimal and binary: ...................................... 7.2 
DeMorgan’s theorem: ................................... 7.6 
Dielectric constants: 
Diode specifications: 


Dip meter coils:.... 

Drill sizes: . 

DSP ICs: ............ 

EIA capacitor сойеѕ:................................... 24. 3 
Electromagnetic Energy Spectrum: ............. 6.3 
EMI Survival Kit: ...................... ... 28.3 


Emissions, classification of: . - 
European semiconductor nomenclature: . 
Ferrite toroids: .................. sess 


Flip-flops: ........................ zl 
General purpose transistors: . . 24.20 
Greek alphabet: ............... sess 4.2 
Hookup wire color code: .. 24.9 
Lamp: ieri reae ta epe npe 24.10 
Logic families: сааганын нине. 24.26 
Low-noise transistors: . . 24.18 
Math symbols: ..................... eere 4.3 
Metric - US Customary conversion: «4,10 
Modes vs equipment: .................................... 3.4 


Monolithic amplifiers: . 
MOV 8 ric — we 
Normalized Chebyshev attenuation: ....... 16.14 
Number base conversion: .............. 
Op-amp ICs: ............. 
PACTOR: ... 
Parallel-resonant-circuit performance: 
Phasing sideband suppression: ........ 
Powdered-iron core dimensions 
Powdered-iron cores: ... 
Power amplifier modules: 


Power FET: ............... n 
Power transistors: ....................... wa 24.21 
Properties and hazards of chemicals: ........ 9.15 
Properties of high-permeability 

materials: онан нин ннн Өн. 6.15 
Radio troubleshooting: 27.21 ff 
Radix-2 FFT speed: ........ « 18.7 


Relative dielectric constants: ves 
Relative resistivity of metals: ...................... 5.2 


Resistor temperature coefficients: ............. 10.3 
Return loss vs load: ................... 

RF awareness guidelines: .. 9. 
RF phase-shift network: .......................... 17.78 
RF power transistors: ................. eee 24.22 
ROM characteristics: . 7.27 
Safety, troubleshooting: . Nr 
Selectivity of resonant circuits: .6.37 
Shop таѓегіа1$:........................... „25.2 
SI fundamental and derived units: .. 4.10 
Small-signal FETs: .................... ‚24.17 
SMT capacitor codes: .. 24.4 
SSB quality guidelines: 12.3 
SSTV modes: ................... 12.40 
Standard frequency stations .26.2 
Standard R and C values: .. 24.1 
Tetrode/pentode tubes: 24.29 
Thermal conductivity: .... . 10.16 
Thermoplastics, properties: ...................... 24.31 


Transformer wiring colors: ......................- 24.7 


Transient suppressors: .........................-... 24.16 
Triode tubes: ..................... ‚ 24.28 
TTL and CMOS characteristics: ... 7.16 
TV deflection tubes: ........... . 24.30 
Typical 60-Hz magnetic fields: ................. 9.13 
Typical RF field strengths near antennas: 9.13 
US Customary Units: ................. не 4.9 
US Customary - Metric conversions: .......... 4.9 
Varactor diodes: ............................. . 24.12 
VHF/UHF Class-A transistors: . .24.18 


Voltage regulators: .. 
Wire specifications: . 
Zener diodes: ..... 
Tatigent: 4... rere eee ene надан 4.11 
Tank circuits: ............. eee 13.3ff, 13.11 
Capacitor plate spacing: . 13.11 


таре etchant resists: шише. 25.12ff 
TAPR DSP kit: . 18.18, 18.18 
TCP/IP:-...... nh е 

TE: 23 

Paths: 

Waves: |. we 19. 
Technical Coordinator (TC): .. 27.2, 28.2 
Technical Information Packages: ................ 30.17 
Technical Information Service: 1.9, 1.11 
Technical Specialists: ......................... sss 21.2 
Technician Class Video Course, ARRL.: ......... 1.7 
Technician license: ................................. 1.3, 1.11 
Teflon: ей 

“Sandwich” capacitor: . 

Insulated wire: ....... 

Telecommand stations: ......................... 
Telegraphy, also see “CW” 

Telemetry: suocere 23.15, 23.19, 292 
Telephone (DTMF) Tones: ............................ 23.9 
Telephone EMI: ............... . 28.10ff 
Teleprinting: .............. «12:1. 
Teletypewriters (TTY): 3.5, 12.17 
Television interference (TVI): ...................... 28.8 
TEM components: ............... .16.21 
Temperature: шаани рез 5.3 

and diodes: ................... .. 10.7 

Effects on semiconductors: ... 8.16 

Soldering:.....:. ier mee de et 25.3 
Temperature coefficients: 

Capacitor: шашын инен ани ЫЙ 10.5 

Resistors: .................. .. 10.3 
Temperature compensation: 10.19 

Controlled oscillators: . .. 26.2 

Controller? „ананна 25.7 

Inversions: 21.21, 21.22 

Profile: .... we 21.21 

Stability: ....................... wee 10.19 
Ten-Tec Omni VI transceiver: . 17.60, 22.5 
Terminal lugs: шн Иен нр 22.5 
Terminal-and-wire construction: ................. 25.10 
Terminal-node controller (TNC): ................ 12.22 
Terminate: ..................нн .. 19.2 
Terminating resistance: .. 16.3 
Terminations, mixer: . 17.33 
Terminology, analog: esr 8.6 
Terrain: .................. .23.9 
Terrestrial A index: 21.10 
Terrestrial K index: 21.10 
Tést emission: eterno erret een o t 29.2 
Test equipment: ......... 26.1, 27.2ff 

Audio meter display: . 22.33 

Autotransformers: . .. 27.6 

and impedance: . .. 27.8 

Leads: .............. .272 

Loads: cierre etos 26.20 


(Test equipment, continued) 


PC Voltmeter and SWR Bridge: .............. 22.35 
Power supplies: ....................... 2759 
Safety of: аа инине Ыы Л 9.16 
Tests: 
Capacitor: ...................................... 27.13, 27.23 
Component: ............. essere 27.22 
Cry Stal A 16.18 
Diodes: . 27.24 
ТЕЕТ:.... ‚ 27.26 
Logic gate: .. 27.17 
Transistor: sirate e ANE 27.25 
Tetrodes: .................... .8.9, 13.3, 24.29 
Texas Instruments DSP? ............................... 18.18 
TexNet: ..... 3.6, 12.25 
Text modes: мын ИЫК у ЕЗ н УН 12.12 
Thermal: 
Conductivity: .............. esses 10.16 
Design: ....................... 10.16 
Effects of RF energy: ................................. 9.11 
Modeling: .......... 10.16ff 
Noise: v 17.4ff 
Resistance 10.16, 13.18 
Runaway: ........ 8.16, 27.14 
Thermionic theory: ................. sss 8.8ff 
Thermistors: ............. esses 8.12, 8.16 
Thermocouple meters: ................. sss 26.8 
Thermoplastics, properties table: n 24.31 
Thevenin equivalent: 
CUCU ts iiie sene e 5.5, 10.4, 17.3 
Resistance: i.e tenerae 5.5 
Thevenin's Theorem: .................. sss 5.5 
Thin-film components: ................................. 8.29 
Third-order IMD: ...... ..17.5 
Third-order intercept: 26.42 
Thoriated filament: ....................................... 13.14 
Three-state outputs: ..........sssseeee 7.18 
Three-terminal regulators 11.15 
Three-wire unipole: ......... 20.22 
Threshold voltage, junction ‚8.13 
Threshold, AGC: .................. 17.27 
Through-the-glass antennas ..23.8 
Through-the-roof antennas: ........................... 23.8 


Thyristor: . 
Tie points: 


Time: 

Calibration: шины нени КОКО 26.2 

Domain: шишин .. 16.3 

Domain tests: . 26.48 

Units: ........... . 26.1 

vs frequency: sese 26.42 
Time constants: 

АСС а a dett beh 17.27 

LE e Cel (0) Sse 6.19 

КС ——— 6.1, 6.11ff 
Time vs frequency: ............. sss 18.5 
Time-out: ........ . 23.5 
Timer: ........... 23:5 
Time-delay generator project: 22.53 
Timing diagram, logic: ........ 79 
Timing, computer: .... . 7.23 
Tims Plating? ана инин rente 25.16 
Tips on Handling NTS Traffic by 

Packet Radio: ..................... sss 30.70 


TIROS satellites: ....... А 
ТІ. ЕХЕ (Transmission Line program): 19.8, 19.13 


TM (transverse magnetic): ................ 
TENG iiem manes к 
Toggle flip-flop: ................... sss 7.11 
Tolerances: 
Capacitor:.i. eee ннан. 10.5 
R and C: ... .. 24. 
Resistor eene reete eene 10.3 
Tone:pad: seeders 23.5 
TOMES P — RIDE 23.9 
Tools: ............... 25.1ff 
Top band, 160 m: .............. sss 21.4 
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Top-loaded with guys: .................................. 20.22 
Top loading: .................. ... 20.21 
Top-loading capacitance: ............................. 20.48 
Toroidal inductors: ......................... 6.1, 6.18, 6.24 


Ferrite cores: .. 
Limitations of: 


Surplus warning: .................. 

Winding: .. T€ 
Total harmonic ‘distortion: 
Totem-pole output: ............ sss 7.16 
Tower: 

GWyIDg: аиыи te eei intet ete iecit rte 9.2 

Installation: 

Selecting. 8; e n Res 9. 2 

Supports uet pete meno 9.1 

Tipsz sem „9.2 
Tower Manufacturers: ............... sse 30.34 
Towers: 

Guy-Wire Lengths: ................ sss 30.36 

Lightning safety: ........... vee 9.6ff 
Traceability (measurement): .......................... 26.1 
Tracking: eee ette atre eet 23.36 
Tracking generator: ... 26.46 
Traffic handling: ............... 2.3.4 
Traffic handling by packet radio: ................ 30. 70 
Traffic nets: eiie reti aic es 23.7 
Transceivers: 1.11. 17.1ff 

АТУ: Lui eee dece cte estetica ны 12.49 

Computer interface project: .22.46 

Frequency checking: ........ .. 26.14 

Frequency management 2.17.63 

Requirements, for packet: ........................ 12.23 

Troubleshooting: ............... see .27.19 

УЕР „на 17.79 

20-m CW/SSB: ... 17.84 

80-15:m, QRP:.. ринин ызыны ныл 17.89 
Transconductance: ........................ 8.6, 13.3 

Testers: ........... ‚27.5 
Transducer: .. 6. 1 ff 
Transducer gain: ......scceccceessesecsessseseseeseesecoee 17.3 
Transequatorial field-aligned 

irregularities: ................ esses 21.17 

Transequatorial spread ERE —à 21.5, 21.17 
Transfer characteristic: ......................... . 8.6 
Transfer function: ...... ..82, 8.4 

Ю$Р: ——— M 18.8 

of network: .... 14.40ff 
Transformation (impedance) — 
Transformers: . 

Air-core RF: . 

P EDIDI D 6.46 

Balanced-to-balanced: 

Broadband: ................ 

Broadband ferrite RF: ...... 

Color codes: ................... 


Core construction 
Current ratio: ...... 
Discriminator: .... 
For use in double- 
Impedance ratio: . 


Iron-core: ...................... RD 6.43 
Losses 2e eee tette ice et 6.44 
Matching: . . 17.12, 17.54 


Modeling: шишиши ннн 


Power ratio: . 
Primary circuit impedance: . 
Resonant RF: . 
Secondary circuit ‘impedance: E 


Shielding: Ый ннн . 

Transmission lines: 17.57 
Troubleshooting: ........... 27.23 
Unbalanced-to-unbalanced: ....................... 6.49 
Variable impedance: ..... 17.58 
Voltage ratio: .......... TS 6.43 
Volt-ampere rating: .............. sss 11.2 


Міпдіпр аннан eren tds 11.4 
Transforms, Fourier: 
Transient protectors: ...... 
Transients, power supply: 
Transients, voltage: ................ sess 9.5ff 
Transistors: 

Amplifier design: ............ 

Biasing: ............ 

Bipolar: . 


Cooling: uu a ОНУ 13.17 
Darlington: ............... sse 11.1, 11.14 
Derating: .......... 


Emitter resistance: ..... 
European nomenclature: 
Failures? ................... 
FETS: ................ 
Gain vs frequency: . 
General purpose, table: 
MICS ooi 
Japanese nomenclature: 


Junction behavior: ......................... sss 8. 12ff 
Low noise, table: ...................................... 24.18 
Markings: ............. w 24.5 


8.13 


Multiple junction: 

Operationens аан 821 
Parameters: eee 8.22 
Pass: 11.1, 11.14 


Power dissipation 
Power FET table: 


Power, table: .... . 24.21 
Ratings: ......... .. 11.14 
Response curve: ......eesesseseeeeeee e 8.20 
RF power, table: ................... sees 24.22 
Safe operating area (SOAR): ................... 11.14 
Series pass: ........................ 11.1, 11.13 
Small-signal FETs table: .......................... 24.17 
Small-signal models: ............................... 10.27 
Теп eee " 

Test: .... 


Tester: 
Troubleshooting: . 
Unipolar: ..................... 


VHF/UHF Class-A table: ............ 

Transition region: ......................... 

Transition time: ... 

Transmatch: ...... 9.8, 13.3, 19.10, 19.13, 20. E 
Link coupled: .. 19.13 
Project: ............. .. 22.61 
T configuration: ................ sss 19.13 

Transmission lines: ................... 9.14, 19.1ff, 19.8 
as impedance transformers: ........................ 19.7 
Filters: лл oe .. 16.21ff 
Stubs: .... 16.22ff 


Transformers: .. 
Transmission loss: 
Transmission, spark: 
Transmit filters: .......... 
Transmit gain control: 
Transmitter Hunting: . 


Transmitters: ........ 
Санд 
Пё. ; 
Design goals: 17.14 
EMI: .......... . 28.8 


Filter CAD: ...... 
Frequency checking 


Gain control: ........ . 17.51 
Intercept point: ................ eee 17.6 
Keying: es 12,12, 17.51 
MODA: sese ННН 17.52 
NBFM: 17.58 
NOISE: ree ede iet De e ee MSN 17.14 
Output load: ............... sse 17.51 
Power requirements: 17.15 
Satellite: ............... .. 23.34 
Subsystem ICs: ................ sss 8.36 
dog p —— À 17.45 


(Transmitters, continued) 


"POStS> ешр re etae tec bic reca stabat 26.47 
Troubleshooting: ............... 27.19, 27.21, 27.26 
Wideband noise: ............................. 
-W CW? .......... 
Transpolar signals: 
Transponders: .... 
Transverters: s 
TransZorbs: ........cccscsceseseeesseeees .. 8.20, 11.10 
Trap dipole for 40, 80, and 160 m: .............. 20.13 
Trap dipoles: ................... essent 20.7 


Trap resonance: . 
Trap verticals: ....... 

Traveling-wave tube: ........................ 
Tree-mounted HF groundplane antenna: 


TRE receivers: sapisan 17.17 
Табана ЕН 8.14 
TIMAN BIOS HE 4.11ff 
Trifilar coils: .............. eene 25.24 
Trigonometry: .... 4.11ff 
Trimmer capacitors: . «27.15 
"Triode: женин rere ШИНЫ ннн 8.8 
Triode table: ........................ . 24.28 
Tristate device troubleshooting: .................. 27.17 
Tri-state outputs: esee terne 7.18 
Troposcatter: aeiio ee ннн. 21.21 
Troposphere: ... 21.7,21.20 
Tropospheric fading: .... 21.23 


Tropospheric forward scatter: 
Tropospheric propagation: . 
Tropospheric refraction: . 


Tropospheric scatter: .............. esee 21.5 
Troubleshooting: .. 27 Aff 
ЕМ tette iste cente IPSI ere нн 28.5 
ЕРОЛ EEE ЯЯ 27.17 
References: . 27.26 
Trunk lid and clip-on antennas: .. 23.8 
Truth tables: ннн Ана 77 
TS-950SDX transceiver: 17.66 
TTL driving CMOS: . mA 
TTL logic; rtt 7. 16ff 
Tubes, see “Vacuum tubes” 
Tubing, aluminum: ..................шееене н 20.35 
Tubing, irrigation: . . 20.35 


Tuned circuit: . ... 6.35 


Turns, counting: ........... . 25.23 
TV Channel vs Harmonics: ‚30.45 
TV deflection tube table: .............................. 24.30 
TV installation guidelines: ............................. 28.9 
TV preamplifiers (EMI): . 28.10 


TVI: 28.1ff 
TVI Troubleshooting Flowchart: ................. 30.44 
Twin lead: .................... .. 20.5 
Twin-T oscillator (AF): .......... .26.19 
Two Hundred Meters and Down we LAL 
Two-element beams: ............... .20.31 
Two-port networks: ................eeseeeeertt 8.4 
Two-tone IMD: .................. eee 17.22, 17.49 
IMD te Sti «iere 26.41, 26.47 
Two-wire ladder line: ............................ 19.14 
Type acceptance: ... 29.2, 29.7 
йн н ———— 19.11 
U 
"Ugly" construction: ...............eeeeenennee 25.8 


1.11, 3.1, 21.6 


UHF (ultra-high frequencies): ...... 
Characteristics: ................ 
Connectors: .... 
Techniques: 

Ultraviolet radiation: ...... 

Unbalanced (coax) outputs: 

Unbalanced-to-unbalanced transformers 

Uncle Al's keyer: .................... 

Underwriters Laboratories (UL) 

Unipolar transistor: .............. esee 8.15 


Unit circle: ул ннн ИШИНДИ 19.8 
Unloaded Q, also see “Q”: . 

UOSATSs: иннин иын, 23.12, 23.15, 23. 20 
Up conversion receivers: .................. 

Up/down counters: ....... 


Uplink frequencies: .. 
Upper sideband (USB): 
US Amateur Bands/Power Limits: 
US/Canada Map: ............................ 
US Code of Federal Regulations: 
US Customary system: ....... 


US Customary/Metric conversions: 
US Grid Locator Map: ................... : 
USB: aeneae Д eed 15.5, 15.7 
Utility PC boards: .................. sss 25.16 
UV solar radiation: .. 21.3, 21.14 
U-bolts:: элен tnter rein ecce 20.35 
ү 
Vacuum capacitors: ............ esses 10.5 
Vacuum tubes: oc eeseseeeeeeeeeeeeeeeeeeeeteeeees 8.8ff 
Base diagrams: ................. sse 24.30 
Characteristic curves: e 8.6 
Cooling: ................ 
Diodes: .................. 
Interelement leakage: ................................. 27.5 
Sources of: ............ . 30.23 ` 
Testers: лайн. 27.5 
Tetrode/Pentode table: .24.29 
Theory: .................. 
Triode table: . 
Troubleshooting: .. 
TV deflection, table: ................................. 24. 30 


Vacuum variable capacitor: 
Valence: ............................ 


Valves: . ‚8.8 
Van Allen belts: .................................... 21.7 
Varactors: ....... 8.17ff, 10.7, 24. 12 
Variable: sae vise oc inns 43 

Capacitors (cleaning): . 27.23 

Impedance transformer 17.58 

Resistors: лышан анине i 5.9 
Varistors? аА 11.1, 11.10 
Vcgo: n——————— ÀÁ 13.11 
VCO: .... . 14.47 
VCRs, EMI: . . 28.10 
Vector addition: as ‚6.31 
Vector mode display: ... we 7.29 
Vector network analyzer: ‚26.46 
Vector sum of voltages: ........................о 19.4 
Vectors, signal: ....................... 18.14 


Velocity factor (VF): 
Vertex of an angle: 


Based- loaded: ....... 
Current chokes: .... 
Elevated ground radials: . 
Far-field ground losses: .. 


Folded unipole: ...................... ‚20.21 
For home, car and portable use: ‚20.55 
Ground plane: ................. sss 20.21 
Ground return losses: ............. 20.20 
Ground system: .... 

Half-sloper:........... 

Incidence frequency: ................ sess 21.7 
Physically short: ................... eee 20.22 
Shunt-fed: .......... .2021 
Slant-wire feed: .... .2021 


Three-wire unipole: . . 20.22 
Top-loaded with guys: .20.22 
Trap: ...................... . 20.23 
223-MH Zi ———— 20.52 
Very-high frequencies (VHF) 1.11,3.1,21.5 
Vester SSTV interface: sss 12.43 
Vestigial sideband ATV: .............................. 12.48 
VEO на НН НЛ ылайы ДАНЫ САДУ 14.15ff 


VHF: 
Band-pass filters: ................... s 16.33 
Repeater: ............... 224 
Transmitters (EMD):. .. 28.8 
Transverters: ........ .17.59 

VHF/UHF antennas . 20.49 
CET | нА ciun 20.49 
Height gain: innie 20.49 
Impedance matching: .. 20.49ff 
Polarization: адашы нинин 20.49 
Radiation pattern: ...........................-...----. 20.49 
Transmission lines: .............................s 20.49 

VHF/UHF parasitic oscillations: 

VHF/UHF receivers: ............. 


VHF/UHF Yagis: .. 
VHF/UHF/EHF Calling Frequencies: 
Video display terminals (МОТ): .... 
Video displays: 
Vidicon tube: . 
Virtual height: .......... 
VLF phase comparator: 
VLF receivers: 
VLF transceiver: 


Voltage: 
Back: 
Balun: .. 


Comparator: ............................ s 

Dividers: ................... 5.8, 26.5 
Drop across reactance: ............................... 6.37 
Doubler probe: ...............sseeeeee 26.9 
Follower: .... 8.3, 8.34 
Induced: seu eee 6.16 
Levels, troubleshooting: .27.10 
Multipliers: ................... 1.1, 11.7 
Peak invetse;...... euer tinto totes 11.1 


Peak inverse (PIV): . 
Probes: ............... 
Quadrupler: ... 

Ratio, transformer: 
Reflection coefficient: 
Regulation: .... 


Regulator, IC: asisas 11.15 
Regulator, linear: ............... eee 11.13 
Regulator, series loop design Aen 11.17ff 
Regulator, specifications: 11.16, 24.24 
Ripple: ншде Шера одн 11.11 
RMS: ... 26.8ff 
SOUFCES: ыны ыллын el se site оь 10.3 
NU CC H— 6.18, 11.10 
Stage gain: ee sees eee 17.1 
Standards: .......... .. 26.5 
Standing wave га(10:................................. 19.4 
талоши Н СНА 8.6 
Transients: . .. 9.5ff 
Тпіріег: „ененнен 11.8 
Voltage-Power Conversion Table: .............. 30. 20 
Voltmeters: ............. eee 26.3, 26.5ff 
Electronic: oerte ens 26.8 
Impedance: . . 26.10 
Lineanty: iiu e iore sl 26.10 
Voltcamperes: .. 2. tam ee redes 111 
Voluntary HF Band Plans: . . 30.48 
Volunteer consulting engineer, ARRL: .......... 9.1 
Volunteer examiners (VEs): ................ 1.11, 29.7 
VOMS Leste oett cedes tid 27.2 
VOX, Troubleshooting 27.19, 27.22 
XSB: niit rre teo н ОЗУНОН 15.7 
VSWR, see "SWR" 
МТУМ аа ада 26.8, 27.2 
VVC (voltage-variable capacitors), see 
“Varactors” 
b (o oestra iiaee МАДАР 14.27 


1157 


W 


WIAW шинин ИДЫ ннан Нар 1.8 

Schedule: 30.53 
W2DU choke balun: ..................................... 19.16 
Warm front: ........... 21.22 


Water vapor: .......... 
Water-vapor content: 
Маннан dea ЕДШ 
Wattmeters: .... 
Wave attenuation: . 
Wave cyclone: 
Wave tilting: .. 
Waveforms: .................. 
Complex, and reactance: 
CW Кеуїпр:................... 
Distortion: .......... 
Frequency content: 


Waveguides: РУИС ОЛИ КНЫН 19. 1, 19. 17 
Wavelength: ..........................—....... 1.11, 6.1, 21.2 
Waveshaping: ...........................е 15.6ff 
Weak-signal troposcattey: 
Weather cap for SO-239: ............... 
Weather effects: ......................... 
Weather satellites: ............... 
Weather-induced enhancements 
Weber: . 
WEBERS. 
WeFAX (weather fax): е 
Weston cells: нунан есин канн 26.5 
Wheatstone bridge: ......................................... 26.7 
White noise: ............... 27.11 
Wide-range AF oscillator . 26.20 
Wind shears: ........................ 21.12 


Winding coils: ..................... . 25.22ff 
Window: ............. vee 23.15 
Windowing (DSP): .. 18.6 
Winter anomaly: .............. essere 21.14 
Wire: 
Copperclad steel: ........................................ 20.7 
Copperweld: 


ме d PAEONIA EEEIEE EEEN LETEA SEEE 25. 4 
Hookup color codes: 
Inductance of straight: . 
ТИ ananin 
Specifications: ... 
Troubleshooting: 
Wrap: 
Wired-trace construction: 
Wires, Be ces un ae 
Wire-wound resistors: 


Wiring techniques: ....................................... 25. sff 
WISP: .............. 23.24 
Word register: ыыы шыннан 7.13 
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Worked All States (WAS) award:... 1.4, 1.11, 2.2 


Worked All VE (WAVE) award: ........... 1.4, 1.11 
Workstations ганна cbs инен 25.8 
Wrist strap, ESD: sss 25.7 
WWV: ......... .21.10ff, 21.19, 26.2 
МҮУВ: ————— 26.2 
WWV H: iecit ны 21.10, 21.19, 26.2 
X 
X3-4-1977 (ASCII standard): ...................... 12.17 
bé Kec ese eiae arrarir ——À 7.5 
XOR gate: .. udin. 
X-TÀyS: cete ee 21.3, 21.9, 21.10 
Y 
Yaesu interface project: ............................... 22.47 
Yagi antennas: .............. . 20.31, 23.52 
Construction: sovorni көзи 20.35 
Element correction for boom diameter: .20.64 
Feeding a stacked Yagi array: ................. 20.52 
Front-to-rear ratio: ................ sees 20.31 
(cri pe 20.31 
Gamma match: .. 20.35 
Hint strengthens: ...... .. 20.52 


Long boom, with truss: 
Maximum forward gain: . 


Pointing north: ............. .. 20.29 
Kircn—MÀ 20.51 
SWR:... 
T match: 


Three-element beams: . . 20. 

VHF/UHF: иди ннн 20.60 
2-element beams: .. 
3-element beams: .. 
10-m Optimized Yag 
12-m Optimized Yagi:. 
15-m Optimized Yagi:. 


17-m Optimized Yagi:. ... 20.33 

20-m Optimized Yagi: .............................. 20.34 
Үарі-Ода: sses — — ны 20.31 
Yttrium iron garnet (YIG): ........................ 14.31ff 
Z 
Z transform... coe edes 18.7 
Zo ees . 19.2 
Z match 19.10 
РА aetate dieere ete ete 18.4 
Zener diodes: . 8. 1.10, 11.12, 14.16, 26.29 

Modeling: ................................. 
Zener-regulated screen supply: .................... 13. 14 
Zepp: ..... 20.12 
Zeros: .... 14.40ff, 16.3 
Zoning ordinances: ................. sss 29.5 
ZOE DET 26.2 


1:1 voltage balun: ..................... esee 19.16 
1.8 MHz inverted L ... 20.27 
1/2-W CW transmitter: 
Yard filters: ................. 


2:1 SWR bandwidth: ........................ sss 20.1 
2-element beams: ................. .. 20.31 
3 and 5-Element Yagis for 6 m:. . 20.60 
3.5-MHz DX Special: .............. .. 20.16 
3.5-21 MHz QRP transceiver: . .. 17.89 
3CX1200Z7; siete thes 13.42 
3CX800A7: .. 
3-500Z: ......... 
5-Branch Elliptic High-Pass Filter 

Designs: ...... 
5-Branch Elliptic Low-Pass Filter 

Designs: оолдан анион 30.30 
5-El Chebyshev High-Pass Filter Designs: .. 30.31 
5-El Chebyshev Low-Pass Filter 

Dësighs Кашынан ийининин 30.27, 30.29 
6-m Amplifier Using the 3CX800A 7: ......... 13.38 
7-El Chebyshev High-Pass Filter Designs: .. 30.32 
7-El Chebyshev Low-Pass Filter 

Designs: eie teereteie 30.28, 30.29 
10 GHz preamp: ............ eee 17.41 
10 GHz receiver: ....... a 17.43 
10-20 m '/2-W CW transmitter: 17.100 
10-m Optimized Yagi Designs: .. 20.32 
11-year solar cycle: ................... e 21.9 
12-V Junction Box: ............. esee 22.63 
12-m Optimized Yagi Designs: .. 20.33 
13.8-V, 5-A power supply: .......... 11.28 


14-30 MHz '/2-W CW transmitter: 
15-m Optimized Yagi Designs: .. 
16-Turn Helix antenna: Е 
17-m Optimized Yagi Designs: 
20-m CW/SSB transceiver project: 


20-m Optimized Yagi Designs: .. 20.34 
27-day cycles: .................... 21.10 
27-day rotation: susesi 21.10 
28-MHz loop antenna: ........................ 20.43 


28-V, high-current power supply: .. 
40-m and 15-m Dual-Band Dipole: 
50-W linear PA: .. 
80-15 m QRP transceiver: 
80-m Broadband Dipole: .. 
100-ft long center-fed dipole: . 


135-ft multiband center-fed dipole: ............ 20. 10 
144-MHz Amplifier Using the 
3CX120027: кынан rre 13.42 


144-MHz band-pass filter: 
144-MHz "Brick" Amplifier: 
222-MHz band-pass filter: ... 
223-MHz vertical antenna: 
1500-W Linear Amplifier: 


1750-m transceiver: ....... 17.79 
3200-V power supply: „1141 
6061-7652... 20.35 
8877 (3CX1500A7): ......................... 13.19, 13.25 


